
EP 0229 926 B1 Description This invention relates to a tone signal
processing device utilizing a digital filter and, more particularly, to a
device of this type used in an electronic musical instrument or other
instrument having a tone generation 5  function or a digital voice
processing device. Further, this invention relates to a tone signal
processing device used in an electronic musical instrument of a type which
generates a digital tone signal in plural channels on a time shared basis
and, more particularly, to a device of this type controlling a generated
digital tone signal with a digital filter and resampling it in
synchronization with the pitch of the tone. Use of a digital filter in a
tone color circuit in an electronic musical instrument is disclosed, for
example, 10  in JP-A-59-44096. The prior art digital filter carries out a
filter operation, with a regular sampling period which is determined
depending upon the system in which the digital filter is used and filter
characteristic obtained thereby is a fixed formant. If a filter
characteristic of a moving formant is to be realized in the tone color
circuit using such digital filter, filter coefficient must be changed in
accordance with the pitch of a tone signal applied to the circuit. 15  This
requires a large number of filter coefficients with a result that filter
coefficient memory means of a large capacity is required and hence the
device becomes of a large and complicated construction. Further, in the
prior art tone color circuit using the digital filter, means as shown in
Fig. 33 for example is adopted as another means for realizing the moving
formant filter characteristic. In this device, digital filters DF1 - DFn
realizing mutually different fixed formant characteristics for a plurality
of tone pitches are 20  provided in parallel, a digital tone signal is
applied to a distributor DSTRB and the tone signal is distributed to one of
the digital filters DF1 - DFn in accordance with the pitch of the applied
tone signal. The characteristic of each of the digital filters DF1 - DFn is
a fixed formant characteristic which is different depending upon the
corresponding pitch so that these digital filters DF1 - Dfn are used
selectively in accordance with the pitch of the tone to be generated and
filtering of a moving formant characteristic can 25 be realized in effect
by combining these digital filters DF1 - DFn. This construction, however,
requires a large number of digital filters so that this device also
requires a large and complicated construction. In an electronic musical
instrument generating a tone signal in a digital fashion, the sampling
frequency is not necessarily harmonized with the pitch of the tone and this
gives rise to a problem of aliasing noise. For eliminating the problem of
aliasing noise, a pitch synchronization technique is employed in which the
30  sampling frequency is harmonized with the pitch of the tone. As an
example of such prior art using the pitch synchronization technique. it is
practiced to resample, with a sampling period which is synchronized with
the pitch, a digital tone signal generated with a sampling period which is
not synchronized with the pitch (U. S. Patent No. 4,377,960). On the other
hand, to employ a digital filter in a tone color circuit of an electronic
musical instrument is 35  disclosed in. for example, the above mentioned
JP-A-59-4409. In employing a digital filter in a tone color circuit,
however, it has not been conceived how the pitch synchronization should be
realized. If the prior art digital filter is simply applied to an
electronic musical instrument of a pitch synchronizing type, a device
realized will be one as shown in Fig. 34. In this device, digital tone
signals of plural channels (n) generated on a time shared basis from a tone
generation circuit 140 are latched by first latch circuits 40  1411 - 141n
provided for the respective channels in response to timings signals CH1 -
CHn corresponding to the respective channels whereby the tone signals are
released from the time division multiplexed state. Then outputs of the
first latch circuits 1411 - 141n are latched by second latch circuits 1421
- 142n in response to pitch synchronizing pulses PSP1 - PSPn synchronized
with pitches of tones assigned to the respective channels whereby
resampling synchronized with the pitches of the tones is performed. The 45
digital filters DF1 - DFn are provided in parallel for the respective
channels so as to perform filtering channel by channel independently from
one another and digital tone signals in a pitch synchronized state provided
by the second latch circuits 1421 - 142n are respectively applied to these
digital filters DF1 - DFn. The operation speed of each circuit in such
device will now be considered taking an example. Assume, for example, that
the sampling frequency of a tone signal in the tone generation circuit 140
is a fixed rate in the 50  order of 50 kHz. Since resolution of timing of
generation of the pitch synchronizing pulses PSP1 - PSPn is common multiple
of the sampling frequency 50 kHz and the pitch of a tone, it becomes for
example a high rate in the order of 400 kHz. Accordingly, the operation
rate of the digital filters DF1 - DFn must be one which is matched with the
resolution 400 kHz of the sampling rate of the second latch circuits 1421 -
142n. If operation of respective filter orders for the digital filters DF1
- DFn is to be performed in these digital 55  filters DF1 - DFn, the filter
operation must be performed with an even higher rate which is 400 kHz
multiplied by the order. In the conventional digital filter, if a filter
order is fixed to a predetermined order for reasons of circuit design, the
order of the filter circuit is fixed to this order in terms of hardware
construction. For this reason, 2 



EP 0 229 926 B1 there has been the problem that a filter characteristic
(i.e., amplitude-frequency characteristic) realizable is limited depending
upon the order fixed in terms of hardware construction. For example,
frequency response characteristic of a filter of an odd number order having
an impulse response shown in Fig. 6 is as shown in Fig. 8 whereas frequency
response characteristic of a filter of an even number order having an
impulse 5  response shown in Fig. 7 is as shown in Fig. 9. When the order N
is an odd number, level at [err] (where corresponds to 1/2 of sampling
frequency fs) is not fixed to 0 but can be set at any desired value as
shown in Fig. 8. When N is an even number, the level at [err] becomes
always 0. As will be apparent from this, when the order N is an odd number,
a high-pass filter characteristic can be realized by establishing a filter
coefficient suitably but when the order N is an even number, it is
difficult to realize a 10  high-pass filter characteristic. Thus, the prior
art device has the problem that there is a filter characteristic which it
is impossible or difficult to realize with a order fixed in terms of
hardware construction. For overcoming this problem, it is conceivable to
provide plural filters of different characteristics in parallel or in
series but this gives rise to another problem that hardware construction
becomes enlarged. Further, in the conventional digital filter, filter
coefficients must be prepared individually in correspon- 15  dence to all
orders (i.e., in correspondence to all orders from 0-th to N - 1-th in the
case of a filter of N-th orders). This causes the problem that a filer
coefficient supply device (e.g., a coefficient memory) becomes large.
Besides, in designing a desired filter characteristic, values of filter
coefficients of all orders must be considered and this involves a
troublesome calculation. Particularly in a filter for a tone signal, the
filter characteristic should preferably be established at a linear phase
characteristic (i.e., phases of input and 20  output waveshapes
corresponding in complete linear characteristic), for such linear
characteristic is not likely to produce distortion in the output waveshape.
Further, in the conventional digital filter, supply of filter parameters is
performed in a single channel. For example, sets of parameters
corresponding to various tone colors are stored in a filter parameter
memory and a set of parameters corresponding to a selected tone color are
read out and supplied to the filter. In 25  this case, timewise change of
the tone color can be effected by timewise changing parameters. Since,
however, values of one set of parameters must be changed continuously,
plural sets of parameters must be prepared in correspondence to one
selectable tone color. Since the memory capacity of a memory is limited,
the number of tone colors for which parameters can be stored is limited.
Moreover, if parameters corresponding to tone colors which do not undergo
timewise change and tone colors which undergo 30  timewise change are to be
stored together in a memory of a single channel, readout control must be
made separately for these two types of tone colors which involves a
troublesome operation. Besides, since the number of sets of parameters
corresponding to the tone color is different one tone color from another,
distribution of the number of addresses is troublesome and there is also
likelihood that some addresses are wasted without being used. 35
Further, in a prior art tone color circuit of an electronic musical
instrument using a digital filter, a set of filter parameters are supplied
to digital filter and a filter characteristic (amplitude-frequency
characteristic) is established in accordance with the supplied filter
parameters. Filter parameters of plural sets are prestored in a memory in
accordance with contents of tone color determining factors and a set of
filter parameters are read out in accordance with contents of selected tone
color determining factors. 40     In the prior art tone color circuit, if
different tone color control is to be performed depending upon plural tone
color determining factors (e.g., key touch, tone range, constant tone color
selection information, information according to lapse of time, an amount of
operation of a manual operator such as a brilliance operator etc.), plural
sets of filter parameters must be stored in the memory with one-to-one
correspon- dence to respective combinations of tone color determining
factors. For example, in a case where filter 45  parameters are stored
individually in one-to-one correspondence to all combinations (22528
combinations) of forty-four tone ranges, sixteen key touch groups and
thirty-two kinds of constant tone colors, the parameter memory is required
to have a large capacity capable of storing 22528 sets of parameters.
US-A-4 548 119 describes an electronic musical instrument having a digital
filter which bit-serially performs a digital filtering operation of the
musical tone signal in accordance with a predetermined so
amplitude-frequency characteristic. The digital filter is controlled by
synchronizing pulses in response to a reference timing of the serial
feeding of the tone signals to the digital filter. The synchronizing pulses
are used to serialize (serially read) filter coefficients in synchronism
with the serial tone signal applied to the filter and control the
synchronization of the serial calculation timing in the digital filter. It
is the object of the invention to provide a tone signal processing device
having a digital filter capable 55 of realizing a filter characteristic of
a moving formant with a simple construction. 



For achieving this, the tone signal processing device of the invention has
the features of claim 1. The invention provides a tone signal processing
device capable of performing pitch synchronization of a tone signal without
imposing an excessive burden upon the operation speed of a digital filter,
and a tone 3    EP 0 229 926 B1 signal processing device having a digital
filter capable of realizing many filter characteristics with a simple
hardware construction. In the tone signal processing device having a
digital filter in which a device for supplying filter coefficients is
simplified, establishing of filter coefficients is facilitated and a linear
phase characteristic 5  which is desirable for a filter for a tone signal
is readily obtainable. The tone signal processing device has a digital
filter capable of efficiently supplying both parameters corresponding to
tone colors which do not undergo timewise change and tone colors which
undergo timewise change by selectively supplying either of them thereby
effectively realizing any of tone colors which do not change during
sounding of a tone and tone colors which change during sounding of the
tone. 10     The filter parameter supply device is capable of saving
capacity of a filter parameter memory in a case where a set of filter
parameters are supplied to a digital filter in accordance with a
combination of tone color determining factors (parameter determining
factors). The tone signal processing device according to the invention
comprises pitch synchronizing signal generation means for generating a
pitch synchronizing signal synchronized with the pitch of a digital tone 75
signal to be filtered and digital filter means for receiving the digital
tone signal and performing a filter operation on the digital tone signal
with a sampling period synchronized with the pitch synchronizing signal
generated by the pitch synchronizing signal generation means. According to
the invention, designating means for designating either one of
synchronization/non- synchronization may further be provided and the
digital filter means may perform the filter operation on the 20  digital
tone signal every predetermined period irrelevant to the pitch of the
digital tone signal in place of the pitch predetermined by the pitch
synchronizing signal when the non-synchronization is designated by said
designation means. According to the invention, the sampling period with
which the filter operation is performed in the digital filter means is not
a fix ed period but a period synchronized with the pitch of the applied
digital tone signal. 25  The position of formant in the digital filter is
determined on the basis of the sampling frequency. Accordingly, if the
sampling frequency of the filter operation is changed in synchronism with
the pitch, filter characteristic obtained becomes a moving formant in which
formant position moves in synchronism with the pitch. By switching a filter
operation period between a period synchronized with the pitch and a
predeter- 30  mined common period in response to the pitch
synchronization/non-synchronization designation signal, the moving formant
is realized during the pitch synchronized operation whereas the fixed
formant is realized during the pitch non-synchronized operation.
Accordingly, selection between the moving formant and the fixed formant can
be readily made in accordance with a feature of a tone to be sounded (e.g.,
tone color). For the means for generating a pitch
synchronization/non-synchronization designation signal, suitable 35  means
such as a tone color selection switch. an effect selection switch, an
exclusively used switch and data of playing supplied from outside may be
used and the synchronization/non-synchronization switching of the filter
operation can be made in association with selection of the tone color,
effect etc. or in response to application of data from outside. According
to the invention, therefore, the moving formant can be realized with the
very simple 40  construction that the filter operation is performed with a
sampling period synchronized with the pitch so that the device can be made
simply and at a low cost. Further, since the pitch
synchronization/non-synchronization of the filter operation can be
performed in a simple manner, switching between the moving formant and the
fixed formant can be made as desired in accordance with a feature of a tone
color to be realized by the digital filter or a feature of an effect
imparted 45  to the tone. According to the invention, the pitch
synchronization output means is provided on the output side of a digital
filter circuit and the pitch synchronizing processing, i.e., resampling
processing by the pitch synchronizing signal, is performed for a filter
output signal. Accordingly, the operation rate in the digital filter means
has only to correspond to a time division rate of the tone signal generated
by the tone generation 50  means and need not correspond to a time division
rate of the tone signal generated by the tone generation means. For this
reason. the operation speed of the digital filter circuit need not be such
a high one so that 



the burden imposed on the circuit is alleviated. Assuming, for example,
that the sampling frequency of the tone signal generated by the tone
generation means is 50 kHz, the operation period of the digital filter
circuit has only to be one whose one period is 50 kHz. 55     According to
the invention, therefore, an aliasing noise can be eliminated by causing
the sampling frequency of the tone signal to be harmonized with the pitch
of the tone by the pitch synchronizing processing and moreover such a high
speed as the resolution of the pitch synchronizing signal is not required
for the operation speed of the digital filter circuit and, accordingly, the
burden on the circuit is 4    EP 0 229 926 B1 alleviated and the circuit
can be made compact and manufactured at a lower cost. Further, since the
digital filter circuit can be constructed in such a manner that processing
for a plurality of channels can be performed on a time shared basis, the
circuit can be made compact and manufactured at a lower cost in this
respect also. For comparison, according to the construction as shown in
Fig. 36, a high speed operation 5  is required for the digital filter
circuit so that it is difficult to cause it to be operated in plural
channels on a time shared basis so that the parallel type circuit as shown
in the figure has to be adopted. In the present invention, such
disadvantage in the prior art has been eliminated. The tone signal
processing device according to the invention may comprise digital filter
means to which digital sampled value data of a tone signal, parameter
generation means for generating an odd/even 10 parameter which establishes,
order of a filter operation to either an even number or an odd number and
switching means for switching order of delay in the sampled value data used
in the filter operation in the digital filter circuit between a
predetermined even number order and a predetermined odd number order in
response to the even/odd parameter. According to the invention, the digital
filter means selectively operates either as a filter of an even is number
order or one of an odd number order in accordance with the dely order
switching operation by the switching means in response to the even/odd
parameter. By this arrangement, the operation of the digital filter circuit
can be switched either to the filter of an even number order or that of an
odd number order depending upon a tone color to be realized so that a
desired filter characteristic suited to that tone color can be realized.
For example, the operation is established to the filter of the odd number
order when a tone 20  color suitable for a control by a high-pass filter
characteristic is to be realized whereas it is established to the filter of
the even number order when a control by a band-pass or low-pass filter
characteristic is suitable is to be realized. According to the invention,
therefore, by switching the order of delay in the sampled value data used
in the filter operation in the digital filter circuit between an even
number order and an odd number order in 25 response to the even/odd
parameter so that filter characteristics of both the even and odd number
orders can be realized without enlarging the hardware construction of the
filter circuit whereby a tone color control with richer variety can be
achieved by a filter circuit which is saved both in its construction and
cost. The tone signal processing device according to the invention may
comprise coefficient supply means for supplying, for filter operation of
N-th order, filter coefficients for N/2 orders when N is an even number 30
and filter coefficients for (N + 1)/2 orders when N is an odd number, delay
means for successively delaying digital tone signal sampled value data and
thereby providing sampled value data of N-th order, and operation means for
performing a predetermined filter operation including multiplying
respective two sampled value data positioned at symmetrical positions with
respect to the center of N dgrees among the sampled value data of N orders
in the delay means with a common one of the filter coefficients and 35
multiplying respective sampled value data of plural sets of the two sampled
value data (N/2 sets when N is an even number and (N - 1) sets when n is an
odd number) with said filter coefficients while multiplying the sampled
value data positioned at the center of the symmetry with a sole filter
coefficient when N is an odd number. According to the invention, the input
digital tone signal sampled value data is successively delayed by 40 the
delay means and sampled value data for N orders are thereby supplied.
Filter coefficients kO - ki for N/2 orders or (N + 1)/2 orders are supplied
by the coefficient supply means depending upon whether N is an even number
or an odd number. In the operation means, respective two sampled value data
positioned at symmetrical positions with respect to the center of N orders
in the sampled value data of N orders are multiplied with a common filter
coefficient. 45     When N is an even number, the filter coefficients kO -
ki for N/2 orders are supplied from the coefficient supply means and in
this case i = (N -2)/2. The data of midway between the (N - 2)/2-th order
and the N/2 order becomes the center of symmetry and data of the O-th to
the i-th orders and data of the i + 1-th to the 



N - 1-th orders on either side of the central data are positioned at
symmetrical positions. There are N/2 pairs of two sampled value data
positioned at symmetrical positions. Accordingly, two sampled value data so
positioned at symmetrical positions are respectively multiplied with a
common filter coefficient (one of kO - ki) which is common to the sampled
value data of each pair in such a manner that, for example, tone signal
sampled value data So of the O-th order and tone signal sampled value data
[err] of the N - 1-th order are multiplied with a common filter coefficient
k and tone signal sampled value data Si of the i-th order and tone signal
sampled value data [err], of the i + 1-th order are multiplied with a
common filter coefficient ki. By 55 this arrangement, filter coefficients
kO - ki[err],corresponding to the resepective orders 0 to N - 1 in the
digital filter of N orders (N = an even number) are established in a
symmetrical characteristic in effect. Besides, filter coefficients which
must be actually prepared has only to be half of the number of orders
required. An example of impulse response in the case where the filter
coefficients of even number orders 5    EP 0 229 926 B1 are established in
a symmetrical characteristic is shown in Fig. 7. When N is an odd number,
filter coefficients kO - ki for (N + 1)/2 orders are supplied by the
coefficient supply means and in this case i = (N - 1)/2. The sampled value
data at i = (N- 1)/2-th order becomes the central data and sampled value
data of 0-th to i - 1-th orders and sampled value data of i + 1-th to N -
1-th 5  orders on either side of the central data are positioned at
symmetrical positions. There are (N - 1)/2 pairs of sampled value data So
and [err] and [err] which are respectively positioned at symmetrical
positions. Accordingly, two sampled value data positioned at the
symmetrical positions are multiplied with a filter coefficient (one of kO -
ki-I) which is common to sampled value data of each pair in such a manner
that, for example, tone signal sampled value data So of the O-th order and
tone signal 10  sampled value data [err] , of the N - 1-th order are
multiplied with a common coefficient kO and tone signal sampled value data
[err], of the i - 1-th order and tone signal sampled value data [err], of
the i 1-th order are multiplied with a common coefficient [err], . However,
tone signal sampled value data Si of the i = (N - 1)2- th order which is
positioned at the central position of symmetry is multiplied with a sole
filter coefficient ki. By this arrangement, filter coefficients kO - [err]
corresponding to respective orders 0 to N - 1 15 of the digital filter of
the N-th order (N = an odd number) are established in a symmetrical
characteristic in effect. Filter coefficents which must be actually
prepared has only to be half plus one of the number of orders required. An
example of impulse response in the case where the filter coefficients of
odd number orders are established in a symmetrical characteristic is shown
in Fig. 6. As will be apparent from Figs. 6 and 7, by establishing the
filter coefficients in a symmetrical 20 characteristic, the impulse
response exhibits a symmetrical characteristic centered at n = (N - 1)/2
(it is assumed that h(n) represents a filter coefficient and (err). When N
is an odd number, the (N - 1)/2- th order becomes the center and impulse
responses on both sides thereof become symmetrical. When N is an even
number, midway between the (N - 2)/2-th and the N/2-th becomes the center
and impulse respnse on both sides thereof become symmetrical. Such
symmetrical characteristic of the impulse response is a 25  necessary and
sufficient condition for an FIR filter having a linear phase
characteristic. According to the present invention, therefore, a filter of
linear phase characteristic can be constructed with ease. By empolying the
linear phase characteristic, phases of input and output waveshapes of a
filter correspond to each other in completer linearity with a result that
the output waveshape is free from distortion. Accordingly, the invention is
most suitable for filter processing of signals of musical tone, voice and
audio devices. 30     According to the invention, therefore, it will be
sufficient for filter operation of the N-th order to prepare filter
coefficients for N/2 orders in the case where N is an even number and for
(N + 1)/2 orders in the case where N is an odd number so that construction
of the filter coefficient supply means (e.g., a memory) can be simplified.
Further, by multiplying two sampled value data positioned at symmetrical
positions with a common filter coefficient, a filter characteristic whose
impulse response exhibits a symmetrical characteris- 35 tic can be realized
so that a filter of linear phase characteristic suited for filter
processing of signals of tone, voice and audio devices can be readily
realized. Furthermore, the number of filter coefficients has only to be
half the number of required orders and this facilitates establishment of
filter coefficients. The tone signal processing device according to the
invention may further comprise digital filter means to which digital
sampled value data of a tone signal is applied, first filter parameter
supply means for 40  supplying a set of first filter parameters which do
not undergo timewise change, second filter parameter supply means for
supplying a set of second filter parameters which undergo timewise change
and selection means for selecting either one of the first and second filter
parameters and supplying the selected filter parameters to the digital
filter means. 



According to the invention, in a case where a tone color which does not
undergo timewise change 45 during sounding of the tone is to be selected,
the selection means selects the first filter parameters supplied by the
first filter parameter supply means. By the first filter parameters, the
digital filter means is established to a characteristic which realizes a
predetermined tone color which does not undergo timewise change during
sounding of the tone. When a tone color which undergoes timewise change
during sounding of the tone is to be selected, the selection means selects
the second filter parameters supplied by the 50  seond filter parameter
supply means. By timewise change of the second filter parameters, the
characteristic of the digital filter means undergoes timewise change
whereby the timewise change in the tone color is realized. In carrying out
the invention, the number of order of filter coefficients constituting a
set of the second filter parameters are preferably made a smaller number
than the number of order of filter coefficients 55 constituting a set of
the first filter parameters. In this case, the first and second filter
parameter supply means should preferably provide filter coefficients of
respective orders constituting a set of filter parameters serially on a
lime shared basis. By providing the filter coefficients of respective
orders serially on a time shared basis, the circuit construction and wiring
thereof can be simplified. Since, however, data transmis- 6    EP 0 229 926
B1 sion time is limited, the number of orders which can be transmitted
during this time is also limited. When, particularly, filter parameters are
to be changed in real time, ample time cannot be spared for data
transmission and, for this reason, the number of orders filter coefficients
constituting a set of filter parameters should preferably be decreased.
Conversely, when the filter parameters are not to be changed 5  timewise,
more data transmission time can be spared than in the above described case
so that the number of orders of filter coefficients constituting a set of
filter parameters should preferably be increased to improve reproducibility
of a desired tone color. According to the invention, therefore, by
supplying the first filter parameters which do not undergo timewise change
and the second filter parameters which undergo timewise change by separate
fiter 10 parameter supply means, the respective filter parameter supply
means can perform storing and reading out of the parameters individually
and independently from each other. This enables the filter parameters to be
processed in a manner which is most suited to each type of parameters. The
filter parameter supply device according to the invention may comprise
paramter memory means for storing plural sets of filter parameters,
parameter address memory means for storing addresses in the 15 parameter
memory means for filter parameters to be read out from the parameter memory
means in accordance with a combination of parameter determining factors and
readout means for reading out address data from the parameter address
memory means in accordance with the combination of the parameter
determining factors and reading out a set of filter parameters from the
parameter memory means in accordance with the read out address data: As
data representing the parameter determining factors, such 20  factors as,
for example, a key code representing a depressed key, touch data
representing the key touch, a tone color code representing a selected
constant tone color, information according to lapse of time and suitable
manual operator output information. According to the invention, the filter
parameters are not directly read out from the parameter memory means in
accordance with the combination of the parameter determining factors but
the address data for 25  accessing the parameter memory means is read out
first from the parameter address memory means and a set of filter parameter
are read out from the parameter memory means in accordance with this
address data. Accordingly, it is the parameter address memory means and not
the parameter memory means that stores data in one-to-one relation in
correspondence to the combination of the parameter determining factors. The
parameter address memory means which stores only the address data does not
requir a large 30 memory capacity. The parameter memory means which stores
plural sets of filter parameters each set of which consists of filter
coefficients of plural orders requires a relatively large memory capacity.
Since, however, the invention has adopted an indirect address system
according to which the parameters are read out in response to the address
data stored in correspondence to combinations of the parameter determining
factors, it is not necessary to store filter parameters in one-to-one
relation for all combinations of the 35 parameter determining factors so
that the parameter memory means has only to store fewer sets of parameters
than the number of combinations. In other words, even in different
combinations of the parameter determining factors, common filter parameters
can be used in some cases so that the number of sets of parameters stored
in the parameter memory means may be reduced and the memory capacity may
thereby be saved. It is shown in an embodiment of the invention to be
described later that, for example, 



40 only 2620 sets of parameters need to be stored in the parameter memory
means to cope with 22528 combinations consisting of a tone range, key touch
and tone color kind. In this case, address data read out from the parameter
address memory means in accordance with a certain combination of the
parameter factors can be the same as address data read out in accordance
with another combination. In this case, the same address data is read out
from the parameter memory means in correspondence to each of these 45
different combinations. According to the invention, therefore, the number
of sets of parameters stored in the parameter memory means can be made
smaller than a total number of combinations of the parameter determining
factors with resulting saving in the memory capacity. When, particularly, a
subtle tone color control is to be realized by various combinations of many
types of parameter determining factors such as key touch, tone range and 50
lapse of time, such tone color control can be realized with a reduced
parameter memory construction. Preferred embodiments of the invention will
now be described with reference to the accompanying drawings. In the
accompanying drawings, Fig. 1 is a block diagram schematically showing an
embodiment of the tone signal processing device 55    according to the
invention; Fig. 2 is a block diagram showing an overall construction of a
specific embodiment of an electronic musical instrument to which this
invention has been applied; Fig. 3 is a time chart of principal signals in
the embodiment shown in Fig. 2; 7    EP 0 229 926 B1 Fig. 4 is a block
diagram showing an example of a pitch synchronizing signal generation
circuit included in a tone generator in Fig. 2; Fig. 5 is a block diagram
showing a basic construction of an FIR filter; Figs. 6 and 7 are graphical
diagrams showing examples of symmetrical characteristic of impulse 5
response in a linear phase FIR filter in cases where the order N is an odd
number and an even number; Figs. 8 and 9 are graphical diagrams showing
examples of frequency-response characteristic in the linear phase FIR
filter in cases where the order N is an odd number and an even number; Fig.
10 is a flow chart showing an example of steps for obtaining filter
coefficients; Fig. 11 is a block diagram showing an example of an adaptive
digital filter device shown in Fig. 2; 10    Fig. 12 is a block diagram
showing an example of an input interface in Fig. 11 Fig. 13 is a block
diagram showing an example of a timing signal generation circuit in Fig.
11; Fig. 14 is a block diagram showing an example each of a state memory, a
multiplier and an accumulator section (i.e., an example of an FIR type
digital filter circuit) in Fig. 11; Fig. 15 is a block diagram showing an
example each of a parameter processing unit and a parameter 15    supply
circuit; Fig. 16 is a block diagram showing an example of a pitch
synchronized output circuit in Fig. 11; Fig. 17 is a time chart showing an
example of generation of signals for controlling the filter operation
timing; Fig. 18 is a schematic diagram for explaining the basic operation
of the FIR type filter operation in a case 20     where a filter
characteristic consisting of even number orders (32 orders) in the digital
filter circuit shown in Fig. 14; Fig. 19 is a schematic diagram for
explaining the basic operation of the FIR type filter operation in a case
where a filter characteristic consisting of odd number orders (31 orders)
in the same digital filter circuit shown in Fig. 14; 25    Fig. 20 is a
diagram showing the filter operation timing for eight channels in digital
filter circuits of A and B channles shown in Fig. 14; Fig. 21 is a diagram
showing an example of a memory format in the parameter memory shown in
Figs. 11 and 15; Figs. 22 and 23 are diagrams shoiwng an example each of a
filter characteristic realized by the 30    embodiment of the invention
shown in Figs. 2 through 21 with respect to an odd number order and an even
number order respectively; Fig. 24 is a diagram showing an example of a
filter characteristic which undergoes timewise change realized in a dynamic
mode in the same embodiment with respect to several touch strengths; Figs.
25 and 26 are diagrams showing an example of a spectrum envelope of an
original waveshape of 35    F2 of a piano with respect to a forte touch
playing time and a piano touch playing time respectively; 



Fig. 27 is a diagram showing an example of a spectrum envelope of a tone
signal obtained when an original waveshape of a forte touch has been
filtered with a filter characteristic of a piano touch in the above
embodiment; Figs. 28 through 32 are block diagrams respectively showing
schematically other embodiments of the 40    tone signal processing device
according to the invention; and Figs. 33 and 34 are respectively block
diagrams showing an example of the prior art. Fig. 1 shows a most
simplified embodiment in which a digital filter circuit 111 is assumed to
receive a digital tone signal of a monophonic type. A pitch synchronizing
signal generation circuit 110 generates a pitch synchronizing signal
synchronized with the pitch of this digital tone signal. The digital filter
circuit 111 45 performs a filter operation for this digital tone signal
with a sampling period synchronized with a pitch synchronizing signal PS
generated by the pitch synchronizing signal generation cirucit 110. The
digital filter circuit 111 consists of, for example, an FIR filter as
generally shown in its block and performs the filter operation synchronized
with the pitch by utilizing the pitch synchronizing signal PS as a sampling
clock signal of unit delay D. 50     The sampling period with which the
filter operation is performed in the digital filter circuit 111 is not a
fixed period but a period synchronized with the pitch of the input digital
tone signal. The position of formant in a digital filter is determined on
the basis of the sampling frequency. If, accordingly, the sampling period
of the filter operation is changed in synchronism with the pitch, a filter
characteristic obtained becomes a moving formant in which the formant
position moves in synchronism with the pitch. 55 8    EP 0229 926 B1
[Description of overall construction of a specific embodiment] Fig. 2 shows
an overall construction of a specific embodiment of an electronic musical
instrument to which the present invention has been applied. In the figure,
an electronic musical instrument capable of 5  polyphonic tone generation
in plural tone generation channels is illustrated. Processing of signals or
data corresponding to respective channels is performed on a time shared
basis and a pitch synchronizing signal and a digital tone signal of a tone
assigned to each channel are generated in synchronism with their
corresponding channel timing. Referring to Fig. 2, a keyboard 10 comprises
keys for designating tone pitches of tones to be 10  generated. A key touch
detector 11 is provided for detecting touch applied to a key which has been
depressed in the keyboard 10. The touch to be detected may either be an
initial touch or an after touch. A tone color selection device 12 consists
of an operator group for selecting tone colors of tones to be generated. A
pitch bender 13 is provided for continuously modifying the pitch of a tone
to be generated in n       accordance with the amount of manipulation of
the operator and consists of, e.g., a dial type operator. A 15
microcomputer 14 comprises a CPU (central processing unit) 15, a ROM
(read-only memory) 16 for storing a program and other data and a RAM
(random-access memory) 17 for working and storing data. The microcomputer
14 sends and receives data to and from various circuits in an electronic
musical instrument through a data and address bus 28 and thereby performs
various processings including detection of depressed keys in the keyboard
10 and assignment of the depressed keys to tone generation channels, 20
detection of a tone color selection operation in the tone color selection
device 12 and detection of the amount of manipulation of the pitch bender
13. A tone generator 18 is capable of generating digital tone signals
individually and independently in the respective tone generation channels.
The tone generator 18 receives a key code KC representing keys which have
been assigned to the respective channels, a key-on signal KON representing
on-off of these 25  keys and other necessary data from the microcomputer 14
through the bus 28 and, responsive to these data, generates digital tone
signals in the respective channels. The tone generator 18 comprises a pitch
synchronizing signal generation circuit 19 which generates, for each
channel. a pitch synchronizing signal which is synchronized with the pitch
of the tone signal generated in each channel. In this embodiment, the tone
generator 18 generates digital tone signals on a time shared basis in 30
sixteen channels of the first through sixteenth channels (Ch1 - Ch16).
Digital tone waveshape sampled value data produced by the tone generator 18
in a time division multiplexing fashion is represented by TDX. A master
clock pulse [err] generated by a master clock generator 20 is used for
controlling a basic operation time of the tone generator 18. One cycle of
time division multiplexing of the digital tone waveshape sampled value data
TDX is 64 periods of the master clock pulse [err] and time slots for
respective periods of 35  this one cycle-64 periods are shown in Fig. 3
with numbers 1 - 64 being affixed to these time slots. In Fig. 



3, specification of channel timings 1 - 16 of the multiplexed digital tone
waveshape sample value data TDX is also shown. For example, data TDX of the
first channel is assigned to four slots of time slots 33 - 36. In this
embodiment, the tone waveshape sampled value data TDX is produced in such a
manner that, as described above, data of the sixteen channels are
multiplexed together. Pitch synchronizing signals PS1 40  and PS2 for the
respective channels, however, are produced in two series such that they are
time division multiplexed for eight channels in each of the two series. The
pitch synchronizing signal PS1 consists of time division multiplexed pitch
synchronizing signals of the first through eighth channels (Ch1 - Gh8) and
its channel timing is as shown in Fig. 3. The pitch synchronizing signal
PS2 consists of time division multiplexed pitch synchronizing signals of
the ninth through sixteenth channels (Ch9 - Ch16) and its channel 45
timing is as shown in Fig. 3. As will be apparent from Fig. 3, the pitch
synchronizing signals PS1 and PS2 of the respective channels are generated
with a width of one time slot and one cycle of its time division
multiplexing is eight time slots. Adaptive digital filter devices
(hereinafter sometimes referred to as "ADF") 21 and 22 in two series are
adapted for filtering of tone signals and, in the present embodiment, are
respectively capable of filtering 50  tone signals of eight channels, i.e.,
the ADF 21 filtering the tone signals of the first through eighth channels
and the ADF 22 filtering the tone signals of the ninth through sixteenth
channels. Each of the ADFs 21 and 22 comprises circuits of various
functions including a digital filter circuit of a certain type, a filter
parameter memory, various circuits for controlling supply of filter
parameters, a control circuit for effecting a filter computation operation
in synchronism with the pitch of a tone signal to be filtered and a pitch
synchronized 55  output circuit for producing a filtered tone signal in
synchronism with the pitch of the tone signal whereby the ADF is of a
construction suitable for filtering a tone signal. The digital tone
waveshape sampled value data TDX provided by the tone generator 18 is
applied to the ADFs 21 and 22. The pitch synchronizing signal PS1 for the
first through eighth channels is applied to 9    EP 0 229 926 B1 the ADF 21
and the pitch synchronizing signal PS2 for the ninth through sixteenth
channels is applied to the ADF 22. In the ADFs 21 and 22, data TDX of the
channels corresponding to the time slots in which the pitch synchronizing
signals PS1 and PS2 are generated (i.e., turned to a signal "1") is loaded
therein and thereupon its filter operation is performed with respect to one
sampled value data of that channel. 5  Accordingly, in one ADF 21, filter
operation for the tone signals of the first through eighth channels is
performed in response to the pitch synchronizing signal PS1 whereas in the
other ADF 22, filter operation for the tone signals of the ninth through
sixteenth channels is performed in response to the pitch synchronizing
signal PS2. In this manner, unit time of the filter operation ( signal
delay time synchronized with the sampling period) in the ADFs 21 and 22 is
synchronized with the pitch of the tone signal to be 10  filtered with a
result that filtering of moving formant characteristics is realized by
change of the filter operation unit time in accordance with the pitch. For
controlling the basic operation timing of the circuit, the master clock
pulse [err] and a system synchronizing pulse SYNC are applied to the ADFs
21 and 22. The system synchronizing pulse SYNC is a pulse generated at a
period of 64 time slots as shown in Fig. 3. and is synchronized with one
cycle of the time division multiplexing of the digital tone signal. To the
ADFs 21 15  and 22 are also applied various data for controlling the filter
operation through the bus 28 and under the control of the microcomputer 14.
In the ADFs 21 and 22, not only the actual filter operation is performed in
synchronism with the pitch of the tone signal to be filtered but also
filtered tone waveshape sampled value data is resampled in synchronism with
the pitch so that the data is provided in a completely pitch synchronized
state. The pitch 20 synchronizing signals PS1 and PS2 are utilized also for
resampling the filtered data in synchronism with the pitch. Digital tone
waveshape sampled value data of the respective channels provided by the
ADFs 21 and 22 are summed together by an accumulator 23 to obtain tone
waveshape sampled value data which is a sum of sampled value data of
sixteen channels. The output data of the accumulator 23 is converted to an
analog 25  tone signal by a digital-to-analog converter 24 and this analog
tone signal is supplied to a sound system 25 for sounding of the tone. In
this embodiment, supply of a filter coefficient is controlled in two modes.
One of the modes is "static mode" which is a mode in which the filter
coefficient is not changed during sounding of a tone and the other mode is
"dynamic mode" which is a mode in which the filter coefficient is changed
timewise during 30  sounding of the tone whereby timewise change of the
tone color is realized by filtering. A filter coefficient for the static
mode is stored in the filter parameter memory in each of the ADFs 21 and
22. A filter 



coefficient for the dynamic mode is stored in a dynamic control parameter
memory 26 and a timewise changed filter coefficient is read out from this
memory 26 under the control of the microcomputer 14 and supplied to the
ADFs 21 and 22 through the bus 28. A dynamic/static selection switch 27 is
a switch for 35  controlling selection of the mode in supplying the filter
coefficient. The frequency of the master clock pulse [err] is about 3.2
MHz, the repetition frequency of time division one cycle of the pitch
synchronizing signals PS1 and PS2 is 400 kHz and the repetition frequency
of time division one cycle (one operation cycle in the filter) of the
digital tone waveshape sampled value data TDX is 50 kHz. 40     Specific
examples of the circuits in Fig. 2 will now be described. (Generation of
the pitch synchronizing signals] Fig. 4 shows an example of the pitch
synchronizing signal generation circuit 19. This circuit 19 45  generates
the pitch synchronizing signal PS1 of one series (the first through eighth
channels). The pitch synchronizing signal PS2 of the other series is
generated with a circuit of the same construction. The pitch synchronizing
signal PS1 is generated by counting a P number read out from a P number
memory 29 for each channel on a time shared basis, The P number is a number
representing the number of sample points of one cycle of a tone waveshape
having a frequency corresponding to each of note 50  names C - B in a
certain standard octave. In a case where the pitch synchronizing signal PS1
is generated for eight channels on a time shared basis as shown in Fig. 3,
the basic sampling frequency (in other words, resolution of the pitch
synchronizing signal PS1) is a frequency of 1/8 (e.g., 400 kHz) of the
master clock pulse [err] and this frequency is common through all note
names. On the other hand, since the basic sampling frequency is common, the
P number of each note name has a different value corresponding to its note
55  name frequency. If the frequency of a certain note name in the standard
octave is fn and the above described common sampling frequency (400 kHz) is
fc, the P number corresponding to the note name Is determined by the
following equation: 10    EP 0 229 926 B1 P number = fc [err] fn  (1) If
the common sampling frequency fc is 400 kHz and the frequency fn of a note
name A is 440 Hz (i.e., A4 note), the P number of the note name A becomes 5
P number of note name A = 400000 [err] 440 = 909 from the above equation
(1). On the other hand, if the number of sample points for different sample
point amplitude values for one cycle of a tone waveshape which can be
generated in the tone generator 18 is 64, an effective sampling frequency
fe of the frequency fn becomes l0  fe = fn x 64   (2) If fn is 440 Hz, the
effective sampling frequency fe becomes fe = 440 x 64 = 28160 Hz. In this
manner. P numbers and effective sampling frequencies of respective note
names in a certain 15  standard octave can be determined as shown in the
following table. In this table. the standard octave is one octave from G4
to F#5. Table 1 20      note  name           pitch  (Hz)
effective                   P  number sampling frequency  (kHz) G4
392.0                    25.088                      1020 25 G#4
415.3                    26.580                       963 A4
440.0                    28 . 1 6 0                   909 30       A#4
466.2                     29.834                       858 B4
493.9                    31 .609                      810 C5
523.3                    33.488                       764 35 C#5
554.4                    35. 479                      722 D5
587.3                    37.589                       681 40       D#5
622.3                    39.824                       643 E5
659.3                    42.1 92                      607 F5
698.5                    44.701                       573 



45 F#5              740.0                    47.359
541 50 In a counter 30 in Fig. 4, the pitch synchronizing signal PS1 is
obtained by frequency-dividing, in accordance with the P number, the common
sampling frequency fc established in response to the master clock pulse
[err] . As will be apparent from the foregoing description. the P number is
the number of periods of the common sampling frequency fc in one cycle of
waveshape i.e., the number of sample points and the 55  effective sample
point number per one cycle of a tone waveshape which can be generated by
the tone generator 18 is 64. If accordingly, the frequency dividing number
for frequency-dividing the common sampling frequency fc is 11    EP 0 229
926 B1 Frequency number = P number [err] 64   (3) 64 shots of pulses per
cycle of the tone can be obtained as the frequency divided output whereby
all of the 64 effective sample points can be established. By
frequency-dividing the common sampling frequency fc 5  with the frequency
dividing number determined in this manner, from the above equations (1),
(2) and (3), fc + frequency dividing number = (fn x P number)  (P number
[err] 64) = fn x 64 = fe  (4) By changing the sample point address by this
frequency dividing number, the effective sampling frequency 10 fe can be
established. The effective sampling frequency fe established in this manner
is harmonized with the note name frequency fn so that pitch synchronization
can be realized. The pitch synchronizing signal PS1 of each channel
generated by the counter 30 is the frequency divided output signal as shown
by the above equation (4), i.e., a signal having the effective sampling
frequency fe. The frequency dividing number determined by the above
equation (3) is not necessarily an integer but 15  often includes a decimal
number. For example, in the case of the note name A, frequency dividing
number = 909 [err] 64 = 14.20 The frequency dividing operation in the
counter 30 therefore is performed, as will be described later, using 20
two integers which are proximate to the frequency dividing number
determined by the equation (3) so that the same result as obtained by
frequency-dividing with the frequency dividing number determined by the
equation (3) can be obtained as an averaging result. In Fig. 4, a P number
memory 29 prestores P numbers of respective note names in the standard
octave as shown in Table 1. Key codes KC of keys which have been assigned
to the respective channels are 25  supplied to the tone generator 18
through the bus 28. In the tone generator 18, key codes KC for the first
through eighth channels are time division multiplexed at a timing as shown
in the channel timing of the synchronizing signal PS1 in Fig. 3 and key
codes KC of the ninth through sixteenth channels are time division
multiplexed at a timing as shown in the channel timing of the synchronizing
signal PS2 in Fig. 3. The time division multiplexed key codes KC of the
first through eighth channels are applied to the P 30  number memory 29.
The P number memory 29 provides P numbers corresponding to the note names
of the applied key codes KC of the first through eighth channels on a time
shared basis. The counter 30 comprises an adder 31 receiving the P number
read out from the P number memory 29, a selector 32 receiving the output of
this adder 31 at its "0" input, a shift register 33 of eight stages
receiving the output of this selector 32, a gate 34 gating less significant
bits (i.e., decimal section) of the 35  output of this shift register 33
and applying them to another input of the adder 31 and an adder 35
receiving more significant bits (i.e., integer section) of the output of
the shift register 33 and adding them with an all "1" signal consisting of
seven bits which are all "1 ". The P number itself is a binary coded signal
of twelve bits but the output of the adder 31 is a signal of thirteen bits
including one extra bit as a bit for a carry signal. 40     An inverted
key-on pulse KONP and a signal provided from a carry output CO of the adder
35 are applied to an AND gate 36 and the output of this AND gate 36 in turn
is applied to a selection control input of the selector 32. When the output
signal of the AND gate 36 is "0", a signal supplied from the adder 31 to
the "0" input of the selector 32 is selected whereas when the output signal
of the AND gate 36 is "1 ", a signal supplied to the "1 " input of the
selector 32 is selected. To the "1 " input of the selector 32 is applied 45
a signal of thirteen bits consisting of less significant bits (decimal
section) of the output of the shift register 33 and the seven bit output
(integer section) of the adder 35. The key-on pulse KONP is a signal which
is turned to "1" only once at an initial stage of depression of a key and
key-on pulses corresponding to the first through eighth channels are time
division multiplexed. The inverted key-on pulse KONP  is a signal obtained
by inverting this key-on pulse KONP. 



50     The portion of the selector 32, the shift register 33 and the adder
35 is a circuit for establishing the frequency dividing number as shown in
the above equation (3) in accordance with the P number and
frequency-dividing the common sampling frequency fc in accordance with the
integer section of this frequency dividing number. The adder 31 is provided
for adjusting the value of the integer section in accordance with the
decimal section of the frequency dividing number. 55     Since in the above
equation (3), the divisor 64 is 26 , no particular division is necessary
for obtaining the frequency dividing number but the frequency dividing
number corresponding to a P number can be established simply by treating
less significant six bits of the P number as the decimal section.
Accordingly, the less significant six bits in the thirteen bits of the
output signal of the adder 31, the selector 32 and the 12    EP 0 229 926
B1 shift register 33 constitute weight of the decimal section and the more
significant seven bits constitute weight of the integer section. The
addition of the all "1" signal in the adder 35 is equivalent to subtraction
of 1. The adder 35, therefore, virtually performs subtraction of 1 from the
integer value of the output of the shift register 33. This 5  result of
subtraction in the adder 35 is fed back with six bit data of the decimal
section which has not been operated to "1" input of the selector 32 and is
applied again to the adder 35 through the shift register 33. Since the
shift register 33 is controlled by the master clock pulse [err] , the
period at which the same signal is produced by the shift register 33 is a
period of eight times of the master clock pulse [err], i.e., the period of
the common sampling frequency fc. 10    In the initial stage of depression
of a key, the inverted key-on pulse KONP is turned to "0" only once at a
channel timing to which the key has been assigned and at this time the P
number of the key is selected through the "0" input of the selector 32. The
integer section of this P number is supplied from the shift register 33 to
the adder 35 and 1 is repeatedly subtracted from this integer section at
the period of the common sampling frequency fc. When the result of the
subtraction in the integer section is 1 or a larger 15  value, a carry out
signal "1" is always provided from a carryout output CO of the adder 35 and
thereby enables the AND gate 36 so that the selector 32 continues to select
the "1 " input. Upon reduction of the output of the adder 35 to "0" by
repeated subtraction, i.e., upon elapse of periods of fc which is the same
number as the integer section of the P number, the carryout signal of the
adder 35 is not produced so that the AND gate 36 is not enabled. At this
time, the selector 32 selects the "0" input thereby selecting the 20
output of the adder 31 which is a sum of the P number and the less
significant six bits (decimal section data) of the output of the shift
register 33. Thus, the P number which has been somewhat modified by the
addition of the decimal section is supplied to the shift register 33 and
now subtraction of 1 from the integer value of the modified P number is
repeated. The gate 34 is disabled by the inverted key-on pulse KONP only in
the initial stage of depression of the key and otherwise supplies decimal
section data to the adder 25  31. By the addition of the decimal section
data to the P number in the adder 31, the integer value of the frequency
dividing number which is actually used for frequency-dividing sometimes
becomes larger by 1 than the integer value of the frequency dividing number
obtained on the basis of the P number. For example, P number of the note
name A is 909 and its frequency dividing numberis 14.20. Initially,
frequency-dividing is performed in accodance with its integer value 14.
Then the number according to which 30 frequency-dividing is performed
becomes 14.20 [err] 0.20 = 14.40 and at last 15.00 so that frequency-
dividing is performed in accordance with its integer 15. In this manner,
frequency-dividing of the common sampling frequency fc is performed in
accordance with a number which is the same as the integer value of a
frequency dividing number obtained on the basis of the P number or is
larger by 1 than this integer value whereby frequency-dividing operation
according to a frequency dividing number obtained on the basis of 35  the P
number is achieved as a result of averaging. The signal of the carryout
ouptut CO of the adder 35 corresponds to the frequency divided output of
this frequency-dividing operation and a signal obtained by inverting this
signal by an inverter 37 is provided as the pitch synchronizing signal PS1.
For better understanding of the above operation, an example of change of
the output of the selector 32 will be described taking the note name A for
example. The timing of change is the period of the common 40  sampling
frequency fc. The output initially is the frequency dividing number 14.20
corresponding to the P number 909. Then the output becomes 13.20 which is a
number obtained by subtracting integer 1 from the above number. The output
subsequently decreases in its integer by 1 successively in the order of
12.20, 11.20, 10.20 . ..... 2.20, 1.20. At the fourteenth period of fc, the
numerical value applied to the "1' input of the selector 32 becomes 0.20,
the carryout signal becomes "0" and the pitch synchronizing signal PSI 45
becomes "1," so that the selector 32 selects the "0" input. To the "0"
input of the selector 32 has been 



applied a value 14.40 which is a result of adding a decimal value 0.20
supplied from the shift register 33 to the frequency dividing number 14.20
corresponding to the P number 909. The value 14.40 therefore is provided by
the selector 32. The output of the selector 32 subsequently decreases by 1
successively in the order of 13.40, 12.40, 11.40 . ...... 2.40, 1.40. At
the fourteenth period of fc, the value applied to the "1 " input 50  of the
selector 32 becomes 0.40 and the carryout signal of the adder 35 becomes
"0" so that the pich synchronizing signal PS1 is produced. At this time,
the output of the adder 31 is 14.20 + 0.40 = 14.60 and this value is
applied to the shift register 33 throguh the "0" input of the selector 32.
Thus, in the case of the note name A, frequency dividing is performed using
14 or 15 as the frequency dividing number, the pitch synchronizing signal
PS1 being turned to "1" each 14 or 15 cycles of the common sampling
frequency fc 55  (e.g., 400 kHz). The pitch synchronizing signal PS2
corresponding to the ninth through sixteenth channels is generated in a
similar manner. 13    EP 0 229 926 B1 [Description about the tone
generator] In the tone generator 18, a tone signal can be generated in
accordance with a sampling timing synchronized with the pitch of the tone
to be generated by utilizing the pitch synchronizing signals PS1 and 5  PS2
of respective channels which are produced in the foregoing manner. The
manner of generating a tone signal is of course not limited to this but a
tone signal may be generated in accordance with a timing which is not
synchronized with the pitch of the tone. Address data which designates a
sample point address (instantaneous phase angle) of a tone to be generated
can be produced by independently counting the pitch synchronizing signals
PS1 and PS2 for the 10 respective channels. Since, however, the pitch
synchronzing signals PS1 and PS2 correspond to the pitches of the above
described standard octave (G4 - F#5), in producing the address data, a rate
of counting the pitch synchronizing signals PS1 and PS2 must be changed in
accordance with the octave range of a tone to be generated. If, for
example, a tone in the octave of G3 - F#4 is to be generated, 0.5 is
counted each time the pitch synchronizing signal PS1 or PS2 is produced. If
a tone in the octave of G4 - F#5 is to be is generated, I is counted each
time the pitch synchronizing signal PS1 or PS2 is produced. If a tone in
the octave of G5 - F#6 is to be generated, 2 is counted each time the pitch
synchronizing signal PS1 or PS2 is produced. In this manner, the address
data which changes in synchronism with the pitch and octave of a tone to be
generated is generated for each channel and a digital tone signal is
generated in response to this address data. 20     Any type of tone signal
generation system may be employed in the tone generator 18. For example,
one of known systems such as a system according to which tone waveshape
sampled value data stored in a waveshape memory is successively read out in
response to the address data (memory accessing system), a system according
to which tone waveshape sampled value data is obtained by performing a
certain frequency modulation operation using the address data as phase
angle parameter data (FM system) 25 and a system according to which tone
waveshape sampled value data is obtained by performing a certain amplitude
modulation operation using the address data as phase angle parameter data
(AM system) may be employed. If the memory accessing system is employed, a
tone waveshape stored in a waveshape memory may be a waveshape of one
period but a waveshape of plural periods is preferable for obtaining an
improved tone quality. As a system in which a waveshape of plural periods
is stored in a waveshape 30 memory and read out from the memory, various
systems are known such as a system according to which, as disclosed in
Japanese Preliminary Patent Publication No. 52-121313, a full waveshape
from start of sounding of a tone to the end thereof is stored and this full
waveshape is read out once, a system according to which, as disclosed in
Japanese Preliminary Patent Publication No. 58-142396, a waveshape of
plural periods of an attack portion and a waveshape of one or plural
periods of a sustain portion are stored 35 in a memory and the waveshape of
the attack portion is read out once and thereafter the waveshape of the
sustain portion is read out repeatedly and a system according to which, as
disclosed in European Patent Publication No. 0150736, dispersely sampled
waveshapes are stored in a memory and a waveshape to be read out is
designated upon timewise changing it successively and the designated
waveshape is read out repeatedly. Any of these known systems may be
suitably employed. 40 [Preliminary description of the adaptive digital
filter] As the type of the operation using a digital filter, there are
basically a finite impulse response (FIR) filter and an infinite impulse
response (IIR) filter. In the adaptive digital filter devices 21 and 22 of
the present 



45 embodiment, FIR filter is employed. General description about the FIR
filter will first be made. (a) Basic circuit construction of FIR filter
Fig. 5 shows a basic circuit construction of an FIR filter. In the figure,
x(n) represents digital tone 50 waveshape sampled value data at any n-th
sample point and constitutes an input signal to the FIR filter. [err]
represents a unit time delay element which is used for establishing time
delay for one sampling period. x(n - 1) therefore represents digital tone
waveshape sampled value data at the n - 1-th sample point and x(n - N + 1)
represents digital tone waveshape sampled value data at the n - N + 1 -th
sample point. n represents sustain time of impulse response and corresponds
to the order of the FIR filter. h(O) through h(N - 1) 55 represent filter
coefficients of N-th order. The triangle block to which these filter
coefficients are applied is a multiplication element which multiplies the
data x(n) - x(n - N + 1) of respective sample points delayed by the delay
element with corresponding filter coefficients h(0) - h(N - 1). The block
with the + mark to which the output of the multiplication element is
applied is an addition element which adds respective multiplica- 14    EP 0
229 926 B1 tion outputs together and provides an output signal y(n). The z
conversion, i.e., tranfer function, of impulse response {h (n) } of such
FIR filter is expressed by 5 [err] [err] 10 (b) Linear phase characteristic
of FIR filter One feature of such FIR filter is that its phase
characteristic can be a linear phase. By making the phase characterisite a
linear phase, phases of input and output waveshapes of the filter
correspond to each 15  other in complete linearity so that no distortion
occurs in the output waveshape. Accordingly, this filter is suitable for
filtering tone signals, voice signals and signals from audio devices. In
the FIR filter of linear phase, the phase characteristic is required to
become, as a function of angular frequency [err] 20 In this equation, [err]
represnts a constant called phase delay. Necessary and sufficient
conditions for the FIR filter having such linear phase characteristic are
that the impulse response is symmetrical as shown by the following equation
(8) and that the phase delay a simply determined by the sustain time (the
order of the filter) N as shown by the following equation (7): 25 a = (N-
1)/2   (7) h (n) = h (N -1 - n)   (8) 30  where    0 [err] n [err] N - 1
(c) Symmetrical nature of the filter coefficients The symmetrical nature of
the impulse response as shown by the equation (8) signifies that the filter
35  coefficients h(O) - h(N - 1) are symmetrical. In other words, by
establishing the filter coefficients with symmetrical characteristic, the
above described linear phase characteristic can be realized. An example of
symmetrical impulse response is shown in Fig. 6 in which the order N is an
odd number and in Fig. 7 in which the order N is an even number. As will be
apparent from these figures, the impulse response exhibits symmetrical
characteristic centering at n = (N-1)/2. When N is an odd number, (N - 1)2-
40  th order becomes the center and impulse responses on both sides thereof
become symmetrical. When N is an even number, (N - 2)/2-th order becomes
the center and impulse responses on both sides thereof become symmetrical.
Since orders at symmetrical positions are of the same value in the filter
coefficient, filter coefficients for all orders N need not be prepared but
half thereof will suffice. More specifically, when the order N is an odd
number, it will be sufficient to prepare {(N - 1 )'2 } +  1 filter
coefficients from the O-th 45  order to the (N - 1)/2-th order and filter
coefficients from the { (N - 1)/2 } + 1-th order to the N - 1-th order may
be substituted by the filter coefficients from the 0-th order to the { (N -
1)/2 } -1-th order at symmetrical positions. That is, the same filter
coefficient is utilized for both the 0-th order and the N - 1-th order and
the same filter coefficient is utilized for both the first order and the N
- 2-th order. When N is an even number, it is sufficient to prepare N/2
filter coefficients from the 0-th order to the (N - 2)/2-th order and so
filter coefficients from the N/2-th order to the N - 1-th order may be
substituted by the filter coefficients form the 0-th order to the (N -
2)/2-th order at symmetrical positions. (d) Frequency response of the
linear phase FIR filter 



55     An example of frequency response characteristic H* (err) of the
linear phase FIR filter whose impulse response exhibits the symmetrical
characterisitc is shown in Figs. 8 and 9. When N is an odd number, the
level at [err]corresponds to 1/2 of the sampling frequency fs) is not fixed
to 0 but can be set at a desired value as shown in Fig. 8. When N is an
even number, the level at [err] always becomes 0 as 15    EP 0 229 926 B1
shown in Fig. 9. As will be apparent from this, when the order N is an odd
number, a high-pass characteristic can be realized by establishing of the
filter coefficient whereas when the order N is an even number, the
high-pass characteristic cannot be realized. When the order N is an even
number, however, design of the filter is easier and it is suitable for
design of a low-pass filter and a band-pass filter. 5      Accordingly, the
order N of the filter should preferably be switched between an odd number
and an even number depending upon a filter characteristic to be realized.
In the present embodiment, the adaptive digital filter devices 21 and 22
are adapted to perform such switching between an odd number and an even
number. When filtering of a band-pass filter characteristic or a low-pass
filter characteristic is performed, the order N is set to an even number
whereas when filtering of a high-pass filter characteristic is performed,
the 10  order N is set to an odd number. (e) Other features of the FIR
filter The FIR filter has another feature that it has an excellent
stability because no feed-back loop is 15  provided in this filter. In a
filter such as the IIR filter which has a feed-back loop, problems
including oscillation arise. Since no such problem arise in the FIR filter,
design of the filter is easy. The FIR filter is also advantageous in a case
where the filter characteristic is timewise changed. In this case, a set of
filter coefficients must normally be prepared individually for each of
timewise varying filter 20     characteristics. This requires a large
number of sets of  filter coefficients if fine timewise variation of the
filter characteristic is to be realized. For overcoming this problem, it is
conceivable to prepare two sets of filter coefficients which are timewise
apart from each other, generate sets of filter coefficients densely as time
elapses by performing interpolation between these two sets of filter
coefficients and establish a filter characteristic which varies timewise by
the filter coefficients generated by the interpolation. In realizing the 25
timewise varying filter characteristic while performing interpolation of
filter coefficients in real time, the FIR filter which has an excellent
stability need not take the factor of instability into account and
therefore is very advantageous. Since the word length of a signal in a
digital filter is limited, signal data must be necessarily rounded into the
limited word length. Such rounding causes noise. In the FIR filter in which
no feed-back loop is 30  provided, an error due to such rounding is not
accumulated so that the FIR filter is advantageous also for preventing
noise. The features of the FIR filter as outlined above are more fully
described in, e.g., "Theory and Application of Digital Signal Processing"
(Lawrence, R. Rabiner; Bernard, Gold. Prentice - Hall Inc.). Nextly,
preliminary brief description will be made about some features of the
adaptive digital filter 35  devices 21 and 22 in the present embodiment.
(f) Obtaining of filter coefficients Filter coefficients can be obtained by
analyzing a real tone. An example of processing for obtaining filter 40
coefficients will now be described with reference to Fig. 10. First, two
kinds of tone waveshapes (i.e., original tone waveshapes) having different
tone colors are prepared by sampling them from a tone of a natural musical
instrument. For example, an original tone waveshape 1 is a waveshape of a
piano tone played with a strong key touch and an original tone waveshape 2
is a waveshape of a piano tone played with a weak key touch. Then, a Fast
Fourier Transform is performed to analyze Fourier components of the 45
original tone waveshapes 1 and 2 whereby spectrum characteristics of these
two waveshapes 1 and 2 are obtained. Then, difference between the spectrum
characteristics of the two waveshapes is obtained. The difference spectrum
characteristic is quantized and, on the basis of the quantized difference,
processing for obtaining a filter coefficient is performed. The filter
coefficient thus obtained is stored in a memory. A filter coefficient for
realizing timewise variation of the filter characteristic is stored in the
dynamic so  control parameter memory 26 (Fig. 2) and a filter coefficient
for realizing a constant filter characteristic which does not change
timewise is stored in parameter memories in the ADFs 21 and 22 (Fig. 2).
The reason for obtaining filter coefficients on the basis of the difference
spectrum characteristics between the two waveshapes is that while a tone
signal corresponding to one original tone waveshape (e.g., the waveshape
corresponding to the strong key touch) is obtained in the tone generator 18
(Fig. 2), a tone 



55  signal corresponding to the other original tone waveshape (e.g., the
waveshape corresponding to the weak key touch) is to be obtained by
applying filtering in accordance with the difference spectrum
characteristic. In performing filtering according to the key touch, sets of
filter coefficients corresponding to several orders of key touch strength
may be prepared instead of preparing sets of filter coefficients
corresponding to all    EP 0 229  926 B1 orders of key touch strength and a
filter coefficient corresponding to an unprepared key touch strength may be
obtained similarly by interpolation. Not only filter coefficients
corresponding to the key touch but also filter coefficients corresponding
to various factors including the tone pitch (or tone range) and tone color
kind are prepared in a similar manner. 5 (g) Filter operation synchronized
with the pitch The filter operation timing for each sample point in the
ADFs 21 and 22 (Fig. 2) is established by the pitch syncrhonizing signals
PS1 and PS2. This signifies that the unit time delay in the filter
operation (z[err] in 10  Fig. 5) is established by the pitch synchronizing
signals PS1 and PS2. Alternatively stated, the sampling frequency fc in the
filter operation is established by the pitch synchronizing signals PS1 and
PS2. More specifically, since the frequency of the pitch synchronizing
signals PS1 and PS2 corresponding to the respective note names G - F# is
the same as the effective sampling frequency fe shown in the Table 1, the
sampling frequency fs of the filter operation in the ADFs 21 and 22 differs
depending upon the note name 15  of an input tone signal. The sampling
frequency fs in the filter operation corresponds to [err] in the frequency
response characteristic shown in Figs. 8 and 9. As will be apparent from
this, as the sampling frequency fs changes with the note name, a frequency
corresponding to  = 2[err] in the frequency response characteristic changes
accordingly so that a filter characteristic obtained becomes the moving
formant characteristic. Thus, the moving formant characteristic is very
suitable for control of the tone color of a tone 20  signal. In a case
where the sampling frequency in the filter operation is constant
irrespective of the pitch of an input signal, a filter characteristic
obtained becomes a fixed formant. (h) Pitch
synchronization/non-synchronization switching 25 As described above, the
filter of the moving formant is suited to the tone color control but,
depending upon a tone color or tone effect to be obtained, the filter of
the fixed formant sometimes is preferable to that of the moving formant.
The fixed formant is also preferable in a case where the pitch of a tone to
be generated is caused to slide largely by manipulating the pitch bender 13
(Fig. 2). For these reasons, in the 30  ADFs 21 and 22 in the present
embodiment, the filter operation can be switched between a pitch-
synchronized filtering and a pitch-non-synchronized filtering. Further,
this switching between pitch synchro- nization and pitch
non-synchronization is effected not uniformly through all channels but it
can be effected independently with respect to each channel. The filter of
the fixed formant is preferable in operating the pitch bending operation
for the following 35  reason. The pitch control by the pitch bender 13 is
capable of controlling not only a slight pitch difference but also a large
pitch slide over several tone intervals and, in the latter case, the pitch
control is sometimes made across the boundary of the octave of the note
names G - F# shown in Table 1. In this case, if a filter operation
synchronized with the pitch is performed, the sampling frequency fs
undergoes an abrupt change with a result that the cut-off frequency
undergoes an abrupt change (clue to the moving formant) and an 40
unnatural tone color change thereby is caused. If, for example, the tone
which is being sounded slides from F#5 to G5 by the pitch bending
operation, the sampling frequency changes abruptly from 47.359 kHz to
25.088 kHz (see Table 1) and, in the moving formant. the cut-off frequency
changes abruptly by the same amount as difference between the two notes.
For preventing occurrence of such inconvenience, the fixed formant (the
filter operation not synchronized with the pitch) should preferably be
employed during the pitch 45  bending operation instead of employing the
moving formant (the filter operation synchronized with the pitch). In the
case of the filter operation not synchronized with the pitch, the sampling
frequency of the filter operation in the ADFs 21 and 22 is 50 kHz in the
example shown in Fig. 3. (i) Dynamic/static switching of the filter order
50 As described above, in the dynamic mode, the dynamic contol parameter is
read out from the dynamic control parameter memory 26 (Fig. 2) under the
control of the microcomputer 14 in real time during sounding of the tone
and the read out data must be transferred to the insides of the ADFs 21 and
22 in real time. Data transfer time therefore is limited. If the order of
filter coefficients is large, there is likelihood that 



55  filter coefficient parameter data for all orders cannot be transferred
within the limited time. Accordingly, the filter order in the dynamic mode
must be a limited one matching with the real time data transfer time. In
the static mode, no such problem arises since it is not necessary to change
the filter coefficient during sounding of a tone. Besides, the larger the
filter order, the finer filter characteristic can be realized so 17    EP 0
229 926 B1 that the larger filter order is preferable. Accordingly, a
sufficiently large filter order is used in the static mode. For these
reasons, in the present embodiment, the filter order is switched depending
upon whether the filter operation mode is the dynamic mode or the static
mode. By way of example, the filter order during the 5  static mode is 32
(this is used in the even number characteristic and the filter order in the
odd number characteristic is 31) and the filter order during the dynamic
mode is 16 which is half the filter order of the static mode (15 in the odd
number characteristic). () Weighting control of the filter coefficients 10
Binary digital data of one filter coefficient consists of a filter
coefficient data section of twelve bits and a weighting data section of
three bits. The three-bit weighting data section designates one of six
kinds of shift amounts of 0, + 1, +2, +3, +4 and +5. The filter coefficient
data section is shifted in response to the designated shift amount whereby
weighting thereof is effected. By performing the weighting control which is
15 capable of shifting the twelve-bit filter coefficient data section by
five bits at the maximum, the dynamic range of the filter coefficient is
substantially enlarged to seventeen bits. By such weighting control, the
bit number of the filter coefficients stored in the memory can be reduced
while a sufficient dynamic range is secured so that the memory capacity of
the filter coefficient memory can be saved. 20  [General description of the
adaptive digital filter] Fig. 11 is a block diagram showing schematically
an example of internal construction of the adaptive digital filter device
(ADF) 21 corresponding to the first through eight channels. The other ADF
22 can be constructed in entirely the same manner. 25     An input
interface 38 is provided for receiving the pitch synchronizing signal PS1
from the tone generator 18 (Fig. 2) and rectifying the pitch synchronizing
signal PS1 for each channel to a form which is adapted to an internal
operation timing of the ADF 21. A specific example of the input interface
is shown in Fig. 12. A timing signal generation circuit 39 generates a
timing signal for controlling various operations in the 30 ADF 21 and also
generates various operation timing signals necessary for the filter
operation in response to a signal corresponding to the pitch synchronizing
signal for each channel supplied from the input interface 38. A specific
example of the timing signal generation circuit 39 is shown in Fig. 13. As
will be described later, filter operations for the respective channels are
performed on a time shared basis and this timing signal generation circuit
39 supplies timing signals for controlling the filter operations for the
respective 35 channels at correct timings. State memories 40 and 42 and
multiplier and accumulator sections 41 and 43 are digital filter circuits
executing a filter operation of an FIR filter. The digital filter circuit
consisting of the state memory 40 and the multiplier and accumulator
section 41 (hereinaftr called the digital filter circuit of A channel)
performs a filter operation for the first through fourth channels (Ch1 -
Ch4) and the digital filter circuit consisting of the state 40 memory 42
and the multiplier and accumulator section 43 (hereinafter referred to as
the digital filter circuit of B channel) performs a filter operation for
the fifth through eighth channels (Ch5 - Ch8). In each of the digital
filter circuits of A and B channels, a filter operation for four channels
is performed on a time shared basis. It is for reasons of circuit design
that the filteroperation for the first through eighth channels is performed
in two separate channels A and B. The state memories 40 and 42 have the
digital tone signal 45  sampled data TDX supplied from the tone generator
18 (Fig. 2) loaded in synchronism with the pitch synchronizing singal PS1
and delay the data by a number of stages corresponding to a predetermined
filter order at a timing corresponding to the pitch synchronizing signal
PS1. The state memories 40 and 42 correspond to an assembly of the unit
delay element z[err] in the FIR filter basic circuit in Fig. 5. The
multiplier and accumulator sections 41 and 43 multiply the digital tone
signal sampled data delayed by the 50 state memories 40 and 42 with a
filter coefficient of a order corresponding to the order of delay and
correspond to the multiplication element and the addition element in the
FIR filter basic circuit in Fig. 5. A specific example of the state memory
40 and the accumulator section 41 of A channel is shown in Fig. 14. Those
of B channel can be constructed in entirely the same manner. 



A microcomputer interface 44 receives various data through the data and
address bus 28 under the 55  control of the microcomputer 14 (Fig. 2) and
supplies them to circuits in the ADF 21. Data received through this
interface 44 includes the followings: Key code KC: This data represents a
key assigned to each channel. 18    EP 0 229 926 B1 Key-on pulse KONP: This
data is turned to "1" only once in the initial stage of depression of a key
assigned to each channel. Touch code TCH: This data represents strength of
key touch during depression of a key assigned to each channel. 5      Tone
color code VN: This data represents the tone color kind selected for a key
assigned to each channel. The above data KC, KONP, TCH and VN are
respectively provided from the interface 44 in a time division multiplexed
state in accordance with a predetermined time division timing and supplied
to a parameter processing unit (sometimes referred to as PPU) 45. 10
Pitch synchronization/non-synchronization signal PASY: This signal
designates whether the digital filter operation in the ADF 21 is to be
performed in synchronism with the pitch or not. This signal PASY can also
be produced on a time shared basis with respect to each channel so that the
pitch synchronization/non- synchronization control of the filter operation
can be performed independently for each channel. This signal PASY is
generated depending upon a selected tone color kind, or a state of
operation of the pitch bender 15  13 (Fig. 2) or a state of operation of an
exclusive or other suitable operator or other factor and is supplied to the
interface 44 through the bus 28. The pitch
synchronization/non-synchironization designation signal PASY provided from
the interface 44 is supplied to the input interface 38 and used therein for
controlling whether the input interface 38 should generate a signal in
response to the pitch synchronizing signal PS1 or not. Dynamic mode filter
parameter DPR: This is a filter parameter (filter coefficient) read out
from the 20 dynamic control parameter memory 26 (Fig. 2) under the control
of the microcomputer 14. As described previously, contents of this dynamic
mode filter parameter change as time elapses during sounding of a tone.
This dynamic mode filter parameter DPR consists, in the same manner as
described above, of a filter coefficient section of twelve bits and a
weighting data section of three bits and further includes data for
discriminating whether the filter order is an even number or an odd number.
As described previously, the 25 order of a set of the dynamic mode filter
parameters is 16 (or 15). Further, as will be apparent from the above, a
set of actually prepared dynamic mode filter parameters has only to contain
parameters for eight orders owing to the symmetrical characteristic of the
filter coefficient in the linear phase characteristic. Dynamic/static
selection signal DS: This is a signal generated by operation of the
dynamic/static selection switch 27 (Fig. 2). This signal is used for
designating whether the filter operation is to be 30 performed in the
dynamic mode or the static mode. The above data DPR and DS are supplied
from the interface 44 to the parameter selector 46. A parameter memory 47
stores filter parameters (filter coefficients) for the static mode. The
parameter processing unit 45 functions to read out filter parameters for
the static mode from the parameter memory 47. More specifically, upon
receiving the key-on pulse KONP, the unit 45 calculates the 35 address in
the parameter memory 47 to be accessed in response to the tone color code
VN, the toch code TCH and the key code KC and reads out a filter parameter
stored at this address from the memory 47. The read out static mode filter
parameter SPR is supplied to the parameter selector 46. The data format of
this static mode filter parameter is the same as the above described DPR.
As described previously, the order of a set of static mode filter
parameters is 32 (or 31). Further, as will be apparent from the avove, a
set of 40 actually prepared static mode filter parameters has only to
contain parameters for sixteen orders owing to the symmetrical
characteristic of the filter coefficient in the linear phase
characteristic. The parameter selector 46 selects either one of the dynamic
mode filter parameter DPR and the static mode filter parameter SPR in
accordance with contents of the dynamic static selection signal DS. The
selected parameter is applied to parameter supply circuits 48 and 49 of A
and B channels. The parameter 45  supply circuit 48 of A channel receives
and stores filter parameters DPR or SPR of the first through fourth
channels and supplies it to the state memory 40 and the multiplier and
accumulator section 41. The parameter supply circuit 49 performs the same
operation with respect to filter parameters for the fifth through eighth
channels. The static mode filter parameter SPR is read out from the
parameter memory 47 only once in the initial 50 stage of key depression and
subsequently is stored in the parameter supply circuits 48 and 49. 



Accordingly, the filter coefficient does not change during sounding of a
tone in the static mode but maintains a constant filter characteristic. On
the other hand, the dynamic mode filter parameter DPR is stored in the
parameter supply circuits 48 and 49 until a parameter of new contents is
supplied through the microcomputer interface 44 and contents stored in
these circuits 48 and 49 are rewritten each time the 55  contents of the
parameter DPR are timewise changed. In the filter parameters provided by
the parameter supply circuits 48 and 49, even/odd discriminating data EOA1
- EOA4 and EOB1 - EOB4 for discriminating whether the order is an even
number or an odd number are supplied to the state memories 40 and 42
whereas filter coefficient data sections COEA and 19    EP 0 229 926 B1
COEB and weighting data sections WEIA and WEIB are supplied to the
multiplier and accumulator sections 41 and 43. In the reference characters
in the figure, the letters A and B at the end are used for distinguishing A
channel from B channel. Data EOA1 - EOA4 and EOB1 - EOB4 of the respective
channels are provided in parallel but data COEA, COEB, WEIA and WEIB of the
respective channels are provided on 5  a time shared basis. Specific
examples of the parameter processing unit 45, parameter selector 46,
parameter memory 47 and parameter supply circuits 48 and 49 are shown in
Fig. 15. A pitch synchronized output circuit 50 receives filtered tone
signal sampled value data of the resepctive channels provided by the
multiplier and accumulator sections 41 and 43 and resamples the data at a
timing io  synchronized with the pitch of each data. A signal used for
resampling control is a pitch synchronizing signal PS1D supplied from the
input interface 38. This signal PS1D is a signal obtained by delaying the
pitch synchronizing signal PS1 of each channel by a predetermined time. The
delayed pitch synchronizing signal PS1D is used for performing
pitch-synchronized resampling for synchronization with the delay of tone
signals of the respective channels in the digital filter operation in the
former stage. Since this processing for 15  resampling the digital filter
output signal in synchronism with the pitch of the signal causes the
sampling frequency to be harmonized with the tone pitch, occurrence of
aliasing noise can be prevented. In a case where the digital filter
operation is performed in synchronism with the pitch, the digital filter
output signal has a sampling frequency synchronized with the pitch so that
the pitch synchronization can be achieved without provision of the pitch
synchronized output circuit 50. In a case where the digital filter
operation is 20  performed not in synchronism with the pitch, however, the
pitch synchronized output circuit 50 is necessary for achieving the pitch
synchronization. A specific example of the pitch synchronized output
circuit 50 is shown in Fig. 16. Specific examples of component parts of the
adaptive digital filter device 21 will now be described. In the figures,
circuits designated by a figure and the letter D such as "1D" and "8D" in
blocks 25  represent delay circuits or shift registers. The figure before
the letter D represents the number of delay stages or stages. Among these
delay circuit or shift register blocks, those in which application of a
delay control clock pulse or a shift control clock pulse is not illustrated
are delay-controlled or shift-controlled by the master clock pulse [err]
(Fig. 3). 30  [Input interface 38: Fig. 12] In Fig. 12, the pitch
synchronizing signal PS1 is applied to a shift register 53 through OR gates
51 and 52. As shown in Fig. 3, the pitch synchronizing signals PS1 for
eight channels are time division multiplexed with eight time slots
contituting one cycle so that a signal "1," is produced at one time slot
corresponding to 35  a channel to which a certain key has been assigned at
a period synchronized with the pitch of the key. The output of the shift
register 53 is fed back to the input side throguh an AND gate 54 and the OR
gate 52 and the pitch synchronizing signals PS1 for eight channels are
circulatingly held in the eight-stage shift register 53. Eight latch
circuits 55 corresponding to the resepctive channels are provided in
parallel and the pitch synchronizing signals produced from the shift
register 53 are applied to data inputs D of the latch circuits 40  55 in
parallel. To latch control inputs L of the latch circuits 55 are applied
latch timing signals [err] FS1 (25), [err] FS2 (29), ..[err] FS8 (56). The
figure after [err] FS represents the channel number and the figure in the
parenthesis thereafter represents the time slot number in one operation
cycle (i.e., 64 time slots shown in Fig. 3). At the time slot corresponding
to the time slot number, the latch timing signal becomes a signal "1" For
example, the signal [err] FS1 (25) is turned to "1" at the time slot 25 and
this corresponds to the first 45  channel. As will be apparent from Fig. 3,
the time slot 25 corresponds to the time division timing of the first
channel in the pitch synchronizing sigal PS1. Accordingly, in the latch
circuit 55 which is latch-controlled by this signal [err] FS1 (25),
contents of the pitch synchronizing signal PS1 for the channel 1 (i.e.,
signal "1 " at a timing synchronized with the pitch and a signal "0" at
other timings) are latched. The same applies to the 



other channels 2 through 8 so that the pitch synchronizing signals for the
respective channels are latched in 50  parallel by the latch circuits 55 at
predetermined timings. The latch timing signals [err] FS1 (25) -[err] FS8
(56) corresponding to the respective channels are generated by a decoder 56
shown in Fig. 13. The decoder 56 decodes the output of a counter 57 and
thereby produces timing signals of various types. The counter 57 is a
counter of modulo 64 counting the master clock pulse [err][ and is reset
regularly by the system synchronizing pulse SYNC (Fig. 3). Time slots at
which 55  the latch timing signals [err] FS1 (25) - [err] FS8 (56)
corresponding to the respective channels 1 - 8 are generated will be
apparent from the illustration in Fig. 13. Reverting to Fig. 12, the timing
signals [err] FS1 (25) - [err] FS8 (56) are multiplexed and inverted by a
NOR gate 58. The output of the NOR gate 58 is applied to the AND gate 54
and the storage in the shift register 20    EP 0 229 926 B1 53 concerning
the channel for which latching by the latch circuit 55 has been made
thereby is cleared. The signal "1"  which has been latched by the latch
circuit 55 in correspondence to the channel in which the pitch
synchronizing signal PS1 has become "1" is held until a corresonding one of
the latch timing signals [err] FS1 (25) - [err] FS8 (56) is generated in a
next cycle. Thus, a signal "1" is held in the latch 5  circuit 55 for a
period of 64 time slots in correspondence to the channel in which the pitch
synchronizing signal PS1 has become "1". The outputs of the latch circuits
55 corresponding to the respective channels are supplied as filter
operation demand signals [err] F1 - [err] F8 to the timing signal
generation circuit shown in Fig. 13. As will be described later, when one
of the filter operation demand signals [err] F1  -,[err] F8 has become 1",
the filter operation for one sample point is carried out. Since the filter
operation demand signals [err] F1 [err] 10  F8 become "1" only when the
pitch synchronizing signal PS1 has been generated, a digital filter
operation synchronized with the pitch of a tone signal to be filtered after
all is performed. Assuming, for example, that, as shown in Fig. 17, the
pitch synchronizing signal PS1 has become "1" at time slot 9 (in this case,
this signal "1" is the pitch synchronizing signal for the channel 1), this
signal is circulatingly held in the shift register 53 and is latched by the
latch circuit 55 when the timing signal [err] FS1 15  (25) has been
generated at time slot 25. The filter operation demand signal [err] F1
corresponding to the channel 1 thereby rises to "1" at this time slot 25.
This signal [err] F1 maintains a state "1" during the time width of 64 time
slots until time slot 24 of a next cycle. [Timing signal generation circuit
39: Fig. 13] 20 In Fig. 13, the timing signal generation circuit 39
comprises, in addition to the decoder 56 and counter 57, operation timing
signal generation circuits 391  398 for the respective channels (Ch1 - Ch8)
which generate timing signals for controlling the filter operation in
response to the filter operation demand signals [err] F1 - [err] F8 for the
respective channels provided by the input interface 38 in Fig. 12. In the
figure, the 25  circuit 391 for the channel 1 only is illustrated in detail
but it should be understood that the circuits 392 - 398 for the other
channels 2 - 8 are of the same construction and only difference is time
relation between timing signals T(33), T(49) etc. applied to these
circuits. The timing signals T(33), T(49) . ..... are generated by the
decoder 56. In the same manner as described previously, the figure in the
parenthesis in reference characters designating the timing signals
represents the time slot number in one operation cycle (64 time 30  slots
in Fig. 3) and signifies that the timing signal becomes "1" at the time
slot corresponding to that time slot number. The same applies to the other
timing signals generated by the decoder 56 so that the time slot at which
the timing signal is generated (i.e., becomes "1") can be readily
recognized by referring to the figure in the paranthesis. For example, as
shown in Fig. 17, the timing signal T(33) becomes a signal "1" at time slot
33 and the signal T(3 - 18) becomes a signal "1" during a period from time
slot 3 to time slot 18. 35     The operation timing signal generation
circuit 391 will now be described. The filter operation demand signal [err]
F1 and the timing signal T(33) are applied to an AND gate 59. Accordingly,
when execution of the filter operation has been demanded, the output of the
AND gate 59 becomes "1", at a timing of time slot 33. This output signal of
the AND gate 59 and a signal obtained by delaying this by one time slot by
a delay circuit 60 are supplied to an OR gate 61. The output of this OR
gate 61 is used as a filter data sampling 40  clock signal RLA1 for
contolling unit delay in the digital filter circuit. This signal RLA1
becomes "1" at time slots 33 and 34 as shown in Fig. 17. To an AND gate 62
are supplied the output of the AND gate 59 and a signal obtained by
inverting the even/odd discriminating data EAO1 for the channel 1 (this is
provided by the parameter supply circuit 48 in Fig. 11) by an inverter 63.
This data EOA1 is a signal "1" when the order of the filter characteristic
to be 45  realized is an even number and a signal "0" when the order is an
odd number. The output of the AND gate 



62 is delayed by two time slots by a delay circuit 64 and provided as an
inhibit signal INHA1. When the filter order is an odd number, the output
signal from the AND gate 62 becomes "1" at time slot 33 and the signal
INHA1 becomes "1" at time slot 35 which is two time slots later (Fig. 17).
When the filter order is an even number, this inhibit signal INHA1 is used
for realizing the filter characteristic of a order of an odd 50  number by
inhibiting operation of the highest order in the odd number in the
operation of the digital filter circuit. The timing signals T(3 - 18) and
T(35 - 50) are applied to an OR gate 65 and the output of the OR gate 65
and the output of the AND gate 59 are applied to an OR gate 66. The output
of the OR gate 66 is delayed by one time slot by a delay circuit 67 and
provided therefrom as a first shift clock signal [err] FFA1 55  (Fig. 17).
The output of the OR gate 66 and a signal obtained by inverting the output
of the delay circuit 64 by an inverter 68 are applied to an AND gate 69 and
a signal obtained by delaying the output of the AND gate 69 by one time
slot by a delay circuit 70 is provided as a second shift clock signal [err]
FLA1 (Fig. 17). The signal [err]FLA1 is "1" at time slot 36 if the filter
order is an even number and "0" if the filter order is an 21    EP 0229 926
B1 odd number. These shift clock signals [err] FFA1 and [err] FLA1 are used
for sequentially shifting tone signal sampled value data corresponding to
the respective delay stages in the state memory 40 (Fig. 11) for performing
the filter operations for the respective orders on a time shared basis in
the digital filter circuit. A multiplication timing signal PDOA1 (Fig. 17)
which becomes "1 " during a period from time slot 35 to 5  time slot 50 in
response to the timing signal T(35 - 50) designates a period of time during
which multiplication of tone signal sampled value data with filter
coefficients is to be performed in the digital filter circuit. The timing
signals T(49), T(19 - 34), T(51 - 2) . ..... used in the operation timing
signal generation circuits 392 - 394 for the other channels 2 - 4 in A
channel are shifted by sixteen time slots respectively from the 10  timing
signals T(33), T(3 - 18), T(35 - 50) for the channel 1. Accordingly,
signals RLA2 - PDOA2 . ..... RLA4 - PDOA4 which are similar to the signals
RLA1 - PDOA1 produced by the circuit 391 of the channel 1 are respectively
produced by the circuits 392 - 394 at timings which are respectively
shifted by sixteen time slots. In response to these timing signals, the
digital filter circuit of A channel (particularly the multiplier and
accumulator section 41) can perform the filter operation for four channels
1 - 4 on a time shared basis with is  time sections of sixteen time slots
during one operation cycle (64 time slots). In the operation timing signal
generation circuits 395 - 398 for the respective channels 5 - 8 in B
channel also, timing signals T(49), T(19 - 34), T(51 - 2) . ..... which are
shifted by sixteen time slots between the respective channels are used and
signals RLB1 - PDOB1 . ..... RLB4 - PDOB4 similar to those described above
are generated. 20     The signals RLA1 - PDOA4 generated by the operation
timing signal generation circuits 391 - 394 for A channel are supplied to
the state memory 40 of A channel whereas the signals RLB1 - PDOB4 generated
by the circuits 395 - 398 for B channel are supplied to the state memory 42
of B channel (Fig. 11). (State memory 40: Fig. 14] 25 In Fig. 14, the state
memory 40 for A channel comprises, state memories 401 - 404 for the
respective channels 1 - 4 in A channel in parallel. The state memory 401
for the channel 1 only is illustrated in detail but the other state
memories 402 - 404 for the other channels 2 - 4 are of the same
construction though signals applied to these memories are different. The
signals RLA1 - PDOA1 . ..... RLA4 - PDOA4 generated 30  by the operation
timing signal generation circuits 391 - 394 (Fig. 13) for the channels 1 -
4 are applied respectively to the state memories 401 - 404 of corresponding
channels. Before describing the state memory 40 and the multiplier and
accumulator section 41 in detail, the basic operation of the digital filter
circuit comprising these circuits will be described with reference to the
schematic diagrams of Figs. 18 and 19. 35 [Basic filter operation with a
order of an even number: Fig. 18] Fig. 18 is a schematic diagram for
explaining the basic operation of the FIR type filter operation for
realizing the filter characteristic of an even number order (32) in the
above described digital filter circuit. Fig. 40  18(a) is a block diagram
and Fig. 18(b) shows states of tone signal sampled values in stages Q0 -
Q15 and Q16 - Q31 of shift registers SR1 and SR2 in Fig. 18(a) at
respective operation timings. The first shift register SR1 has sixteen
stages and digital tone signal sampled value data [err] to be filtered is
applied thereto through a selector SEL1. For loading new sampled value data
[err] through the 



selector SEL1, the above described filter data sampling clock signal RLA
(RLA1 in the case of the first 45  channel) is used. For shift clock pulse
of the shift register SR1, the above described first shift clock signal
[err] FFA ( [err] FFA1 in the case of the channel 1) is used. Sixteen
sampled value data [err] from sample point n to sample point n - 15 are
held in the stages Q0-Q15 of the first shift register SR1. The output of
the last stage of the shift register SR1 is fed back to the first stage
thereof when the sampling clock signal RLA is not supplied through the
selector SEL1. This shift register SR1 is shifted only rightwardly. 50
The second shift register SR2 has also sixteen stages and the output of the
first shift register SR1 is applied to the second shift register SR2
through a selector SEL2. For loading the output of the shift register SR1
to the shift register SR2 through the selector SEL2, the above described
filter data sampling clock signal RLA is used. For shift clock pulse of the
shift register SR2, the above described second shift clock signal [err] FLA
([err] FLA1 in the case of the channel 1) is used. Sixteen sampled value
data [err] from 55  sample point n - 16 to sample point n - 31 are held in
stages Q16 - Q31 of the second shift register SR2. When the sampling clock
signal RLA is not supplied through the selector SEL2, the last stage Q31 of
the shift register SR2 is connected to the first stage Q16. This shift
register SR2 is of a bidirectional shift type, being in a rightward shift
mode when the sampling clock signal RLA is "1" and in a leftward shift mode
22    EP 0 229 926 B1 when the sampling clock signal RLA is "0". The
outputs of the stages Q15 and Q16 of the shift registers SR1 and SR2 are
added together by an adder ADD and the result of the addition is supplied
to a multiplier MUL in which it is multiplied with the filter coefficient
COEA. The result of the multiplication is supplied to an accumulator ACC in
which results of 5  multiplication with respect to all orders are
accumulated. In this manner, the accumulator ACC provides a result of
filter operation for one sample point. Sampled value data for two sample
points are added together by the adder ADD and further multiplied with the
common filter coefficient COEA by the multiplier MUL by reason of the above
described symmetrical characteristic of the filter coefficient. Since two
sampled value data in symmetrical realtionship to  to each other are
multiplied with the filter coefficient of the same value, the
multiplication with the filter coefficient is simultaneously made by a
single multiplication after adding the two data instead of multiplying each
data separately. In Fig. 18(b), the operation timing on the vertical axis
advances each time slot determined by the master clock pulse. The figure
shown there designates expediently an order of operation and does not is
indicate the time slot number in one operation cycle (64 time slots). In
the illustrated example, sampled value data for 32 sample points from [err]
are loaded in the stages Q0 - Q31 of the shift registers SR1 and SR2 at the
operation timing 1. In the illustrated example, the sampling clock signal
RLA1 becomes "1" at the operation timing 2. The shift registers SR1 and SR2
thereby are shifted rightwardly by one stage in response to the shift clock
20  signal [err] FFA and [err] FLA and assume the state as illustrated at
the operation timing 2. The shift clock signals [err] FFA and [err] FLA at
this time are generated at time slot 34 in the case of the channel 1 as
shown in the columns of [err] FFA1 and [err] FLA1 in Fig. 17. As will be
apparent from the figure, the shift clock signals [err] FFA and [err] FLA
are not generated at a next one time slot and, accordingly, states of the
stages Q0 - Q31 do not change at the operation timing 3 of Fig. 18(b).
However, the width of sixteen time slots from the 25  operation timing 3 to
the operation timing 18 corresponds to time slots 35 - 50 during which the
multiplication timing signal PDOA1 (Fig. 17) in the case of the channel 1
so that the multiplication and accumulation are performed during this
period of time. More specifically, at the operation timing 3, sampled value
data [err] loaded in the stages Q15 and Q16 are added together by the adder
ADD, the result of the addition is multiplied with the filter 30
coefficient of the sixteenth order and the result of the multiplication is
held in the accumulator ACC. During a period from the operation timing 4 to
the operation timing 18, the first shift register SR1 is shifted
rightwardly and the second shift register SR2 is shifted leftwardly each
time slot and states of the stages Q0 - q31 sequentially change as shown in
the figure. At the operation timing 4, therefore, [err] and [err] are added
together, the result of the addition is multiplied with the filter
coefficient of the fifteenth order 35  and the result of the multiplication
is accumulated in the accumulator ACC. At the next operation timing 5, a
similar operation is performed with respect to [err]. In this manner,
similar filter coefficient operation is sequentially performed on a time
shared basis with respect to two sampled value data In symmetrical
positions. At the operation timing 18, a similar operation is performed
with respect to[err] and [err] which are in last symmetrical positions
whereby the filter operation for all orders is completed. At the 



40 next operation timing 19, shifting is performed again and sampled value
data [perr] are provided in the respective stages 00-031 in the order of
delayed time as shown in the figure. [Basic filter operation with the order
of an odd number: Fig. 19] 45     Fig. 19 is a schematic diagram for
explaining the basic operation of the FIR type filter operation for
realizing the filter characteristic of an odd number order (31). Fig. 19(a)
is a block diagram and Fig. 19(b) shows states of tone signal sampled
values in the stages Q0 - Q15 and Q16 - Q30 in the shift registers SR1 and
SR2 in respective operation timings. The blocks in Fig. 19(a) are the same
as those shown in Fig. 18(a) except that the output of the stage so  Q16 is
applied to the adder ADD through a gate GT. The gate GT is controlled by a
signal obtained by inverting the inhibit sinal INHA (INHA1 in the case of
the first channel) and prohibits supply of the output signal of the stage
Q16 to the adder ADD when the signal INHA is "11". The sixteenth stage 31
of the second shift register SR2 is not used but the fifteenth stage Q30
and the first stage Q16 are interconnected through the selector SEL2. 55
In Fig. 19(b), change of states in the first shift register SR1 is the same
as the one in Fig. 18 (b). Change of states in the second shift register
SR2 is somewhat different from Fig. 18 (the even number order). The shift
clock signal [err] FLA of the second shift register SR2 is "1" at the
operation timing 4 in the even number order mode but is "0" in the odd
number order (see time slot 36 in the column of[err] FLA1 in 23    EP 0 229
926 B1 Fig. 17 in the case of the channel 1). Accordingly, in the odd
number order mode, as shown in Fig. 19(b), contents of the second shift
register SR2 are not shifted at the operation timing 4 but are sequentially
shifted leftwardly during a period from the operation timing 5 to the
operation timing 19. At the operation timing 3, tone signal sampled values
[err] corresponding to respective delay 5  stages of thirtyone orders are
loaded in the stages QO - Q30 of the shift registers SR1 and SR2, sampled
value [err] of the central order being loaded in the stage Q15. As shown by
Fig. 6, for the order located at the center of symmetry of the odd number
order mode, a filter coefficient proper to this order only is assigned. At
the operation timing 3, therefore, the output of the stage Q16 is
prohibited by the inhibit signal INHA and the output signal of the stage
Q15 corresponding to the central order only is supplied to the io adder ADD
and multiplication with the proper filter coefficient corresponding to the
central order is made in the multiplier MUL. At the operation timing 4, the
first shift register SR1 only is shifted rightwardly and the second shift
register SR2 is not shifted. Accordingly, [err] is loaded in the stage Q15
and [err] is loaded in the stage Q16. The inhibit signal INHA becomes "O"
and the gate GT is opened. Thus, sampled values [err] 15 corresponding to
adjacent orders on both sides of the central order are supplied to the
adder ADD and added together therein and further are multiplied with a
filter coefficient common to both of these data in the multiplier MUL.
During a period from the operation timing 5 to the operation timing 18, the
shift register SR1 is sequentially shifted rightwardly and the shift
register SR2 is sequentially shifted leftwardly and sampled 20   values at
symmetrical positions are loaded in the stages Q15 and Q16 as illustrated
and the two sampled values are added together and thereafter multiplied
with a common filter coefficient. [Digital filter circuit: Fig. 14] 25
Referring to Fig. 14, the state memory 401 for the channel 1 will be
described. An unbidirectional shift register 71 of sixteen stages
corresponds to the first shift register SR1 in Figs. 18 and 19 and is
shift- controlled by a first shift clock signal [err] FFA1 corresponding to
the channel 1. The digital tone signal sampled value data TDX provided by
the tone generator 18 (Fig. 2) is applied to a latch circuit 73 and sampled
value data for the channel 1 is loaded in the latch circuit 73 in response
to a latch timing signal 30 XLDA1. In synchronism with time division
timings of the respective channels (see Fig. 3) in the tone signal sampled
value data TDX, latch timing signals XLDA1 - XLDA4 and XLDB1 - XLDB4 for
the channels 1 - 8 are generated from the decoder 56 (Fig. 13). As
described previously, the figure in the parenthesis at the end of each
signal designation represents the time slot number. Latch circuits similar
to the latch circuit 73 are provided in the state memories for the
respective channels and the tone signal sampled value data TDX 35 for the
respective channels 1 - 8 are separately latched by these latch circuits in
response to the corresponding latch timing signals XLDA1 - XLDA4 and XLDB1
- KLDB4 and the data thereby are demultiplexed. The tone signal sampled
value data for the channel 1 latched by the latch circuit 73 is applied to
A- input of a selector 74. The selector 74 selects the A-input when the
filter data sampling clock signal RLA1 



40 supplied from the operation timing signal generation circuit 391 in Fig.
13 is "1," and otherwise selects the output signal of the sixteenth stage
of the shift register 71 which is applied to B-input of the selector 74. As
described previously, this signal RLA1 is synchronized with the pitch of
the tone so that new sampled data (A input) is selected by the selector 74
in synchronism with the pitch and this new sampled data is supplied to the
shift register 71. As will be apparent from Fig. 17, the shift clock signal
[err] FFA1 becomes "1" at a 45 time slot 34 at which the signal RLA1
becomes "1," so that the shift register 71 has the new sampled data
supplied from the selector 74 loaded in the first stage (QO). At the next
time slot 35, the shift register 71 stops its shift operation temporarily
and is sequentially shifted rightwardly at subsequent time slots 36 - 51 in
the same manner as described previously. A bidirectional shift register 72
corresponds to the second shift register SR2 shown in Figs. 18 and 19. so
Stages Q16 - Q31 of this bidirectional shift register 72 consist of
selectors SL1 - SL16 and latch circuits LC1 - LC16 as illustrated and are
interconnected so as to enable the bidirectional shifting. To A-input of
the selector SL1 of the initial stage Q16 is applied the output signal of
the last stage (Q15) of the first shift register 71. To A-inputs of the
selectors SL2 - SL16 of the other stages Q17 - Q31 are respectively applied
outputs of the latch circuits LC1 - LC15 of preceding stages. To B-inputs
of the selectors SL1 - SL16 of the 55  respective stages are applied
outputs of the latch circuits LC2 - LC16 and LC1 of next stages. By this
arrangement, the shift register 71 becomes the rightward shift mode when
the A-inputs of the selectors SL1 - SL16 have been selected and becomes the
leftward shift mode when the B-inputs have been selected. As selection
signals for the selectors SL1 - SL16, the sampling clock signal RLA1 is
used. When the sampling 24    EP 0 229 926 B1 clock signal RLA1 is "1", the
shift register 71 select the A-input, i.e., becomes the rightward shift
mode. However, for disabling the stage Q31 in the odd number order mode,
the selector SL15 of the stage Q30 is somewhat differently constructed from
the other stages. This selector SL15 has a C-input to which the output
signal of the stage Q16 is applied. When the even/odd discriminating data
EOA1 for the channel 1 is 5  "1" (i.e., in the even number order mode), an
AND gate 751 is enabled and this AND gate 751 produces a signal "1" when
the signal RLA1 is "0" thereby causing the selector SL15 to select the
B-input with a result that the output of the stage Q31 is supplied to the
stage Q30 (i.e., shifted leftwardly). When the data EOA1 is "O" (i.e., in
the odd number order mode), an AND gate 761 is enabled and the selector
SL15 selects the C-input when the signal RLA1 is "0" and the output of the
stage Q16 is supplied to the stage Q30 (i.e., 10  shifted leftwardly
skipping Q31). Due to the above described construction, the state of change
in the contents of the first and second shift registers 71 and 72 becomes
entirely the same as the one shown in Fig. 18(b) and Fig. 19(b) in
accordance with the even number order mode and the odd number order mode.
The output signal of the first stage Q16 of the second shift register 72 is
supplied to a gate 76 through 15  a gate 75. The gate 75 is controlled by a
signal obtained by inverting, the inhibit signal INHA1 and corresponds to
the gate GT in Fig. 19. The gate 76 receives the output signal of the first
shift register 71 (the output signal of the stage Q15) and the output
signal of the second shift register 72 (the output signal of the stage Q16)
supplied through the gate 75 and is opened by the multiplication timing
signal PDOA1 (see Fig. 17). 20     The output of the gate 76 is applied to
an adder 77 of the multiplier and accumulator section 41 where two tone
signal sampled value data are added together. This adder 77 corresponds to
the adder ADD in Figs. 18 and 19. The output of the adder 77 is applied to
a multiplier 79 after being delayed by one time slot by a delay circuit 78.
The multiplier 79 multipliesthe tone signal sampled value data supplied
through the delay circuit 78 with the filter coefficient data COEA supplied
through a delay circuit 80. The output of 25  the multiplier 79 is delayed
by four time slots by a delay circuit 81 and thereafter is supplied to a
shifter 82. To a shift control input of the shifter 82 is supplied the
weighting data WEIA through a delay circuit 83 which applies delay of five
time slots to the data WEIA. These multiplier 79 and the shifter 82
correspond to the multiplier MUL in Figs. 18 and 19. As described
previously, the filter coefficient data COEA is data of the effective bits
of the filter coefficient so that the multiplier 79 multiplies the tone
signal sampled value so  data with the effective bits of the filter
coefficient. By shifting the result of the multiplication in the shifter 82
by the bit number corresponding to the value of the weighting data WEIA,
multiplication of the tone signal sampled value data with the real number
of the filter coefficient is completed. The output of the shifter 82 is
supplied to an accumulator 84 in which results of multiplication for
respective orders in one channel are accumulated. The output of the
accumulator 84 is applied to a latch 35  circuit 85 and latched thereby in
response to an operation finish timing signal FENDA. This signal FENDA is 



generated by the decoder 56 in Fig. 13. As shown in Fig. 13, this signal
FENDA becomes "1" at time slots 8, 24, 40 and 56. At time slot 56, the
result of operation for the channel 1 is latched. At time slot 8, the
result of operation for the channel 2 is latched. At time slot 24, the
result of operation for the channel 3 is latched. At time slot 40, the
result of operation for the channel 4 is latched. The decoder 56 likewise
40  generates an operation finish timing signal FENDB for B channel. The
multiplier and accumulator section 41 is shared by four channels on a time
shared basis. To the adder 77 is applied not only the output of the gate 76
of the state memory 401 for the channel 1 but are applied, in a multiplexed
fashion, output signals of gates provided in the state memories 402 - 404
for the channels 2 - 4 and having the same function. To the outut gates 76
of the state memories 401 - 404 are 45 applied the multiplication timing
signals PDOA1 - PDOA4 with a width of sixteen time slots at timings which
are shifted by sixteen time slots. Accordingly, signals of the channels 1 -
4 are applied to the adder 77 every sixteen time slots in a time division
multiplexed state. As to the filter coefficient data COEA and the weighting
data WEIA, data for the four channels are time division multiplexed every
sixteen time slots at the same timing as above and, in sixteen time slots
concerning one channel, data from the first order to the so  sixteenth
order are time division multiplexed. The state memory 42 and the multiplier
and accumulator section 43 in B channel are of the same construction as
those in Fig. 14 except for difference in timings of various signals.
Timings of the filter operation for the channels 1 - 8 in the digital
filter circuits of A and B channels shown in Fig. 14 (i.e., the state
memories 40 and 42 and the multiplier and accumulator sections 41 and 43)
55  are shown in Fig. 20. In Fig. 20, columns of shift 1 show shift timings
of the first shift register (71 in the case of the channel 1) and columns
of shift 2 show shift timings of the second shift register (72 in the case
of the channel 2). The directions of arrows indicate the shift directions
(either rightward shift or leftward shift). The shift timings of the
respective channels correspond to timings of generation of the first and 25
EP 0 229 926 B1 second shift clock signals [err]FFA1 - [err] FFB4 and
[err]FLA1 - [err] FLB4 generated by the operation timing signal generation
circuits 391 - 398 (Fig. 13). The shift operation includes a shift
operation for filter operation and a dummy shift operation for refreshing
stored data. In the channel 1, for example, shifting during a period from
time slot 4 to time slot 19 is the dummy shift operation. The symbol ( - )
in the columns of shift 2 5  signifies that the leftward shifting is
performed in the even number order mode and no shifting is performed in the
odd number order mode. In Fig. 20, the column of INH represents timings of
generation of inhibit signals INHA1 - INHB4. In the odd number order mode,
the inhibit signals INHA1 - INHB4 become "1" at time slots marked by a
circle. The column of PDO represents timings at which tone signal sampled
value data is applied from the state to  memories 40 and 42 for the
respective channels to the multiplier and accumulator sections 41 and 43.
These timings correspond to timings of generation of the multiplication
timing signals PDOA1 - PDOB4 of the respective channels. The column of SUM
represents output timings of the accumulator 84. The delay of six time
slots between timings of PDO and timings of SUM is due to delay of five
time slots by the delay circuits 78 and 81 and delay of one time slot by
the accumulator 84. The operation finish timing signal 15  FENDA is
produced at the last time slot of the output timings of the accumulator 84
and the output of the accumulator 84 is latched by the latch circuit 85.
(Parameter memory 47: Fig. 21] 20      Fig. 21 shows a memory map of the
parameter memory 47 which consists of a key group table, a touch group
table, a parameter address table and a parameter bank. Actual filter
parameters are stored in the parameter bank and address data of parameters
to be read out from the parameter bank is stored in the parameter address
table. The key group table stores data for grouping each key. For example,
the number of keys is 88 and the number of groupa is 44 and the key group
table stores relative address data (also 25  called key group address)
concerning respective keys at addresses for these keys. Accordingly, the
key group table is accessed by the key code KC. This key group table
occupies a memory area starting from a predetermined absolute address (also
called offset address OADS) in the parameter memory 47. The touch group
table stores data for grouping strength of key touch for respective stages
of key touch strength with respect to each tone color. For example, there
are thirty-two tone colors and this touch group 30  table includes
thirty-two areas for the respective tone colors corresponding to values 0 -
31 of the tone color code VN. Further, there are for example sixty-four
stages in the touch strength which can be expressed by the touch code TCH
and each of the thirty-two areas for the respective tone colors has
sixty-four address positions corresponding to touch 0 through touch 63.
Relative address data (also called touch group 



address) concerning the touch group to which a given touch strength belongs
is stored at an address 35  position corresponding to this touch strength.
For example, the number of the touch groups is sixteen. The touch group
table therefore is accessed by the tone color code VN and the touch code
TCH. This touch group table occupies a memory area starting from a
predetermined absolute address (also called offset address OAD1) in the
parameter memory 47. The absolute address data for accessing this touch
group table is formed by producing relative address data of eleven bits
(address with the offset address OAD1 40  being 0) by connecting five-bit
tone color code VN to the MSB of the six-bit touch code TCH and adding this
relative address data to the offset address OAD1. The parameter address
table stores, for each key group and for each tone color, relative address
data (called parameter address) of addresses storing filter parameters for
the respective touch groups. This parameter address table includes
forty-four key group areas corresponding to the key groups 0 - 43 and 45
these key group areas are accessed by key group addresses read out from the
key group table. Each of the key group areas includes thirty-two areas for
respective tone colors corresponding to the tone colors 0 - 31 and these
areas for the tone colors are accessed by the tone color code VN. Each of
the areas for the tone colors includes sixteen address positions
corresponding to the touch groups 0 - 15 and each address position is
accessed by the touch group address read out from the touch group table.
Memory position for 50  two bites is allotted to one address position and
the parameter address data is stored in twelve bits at this memory
position. This parameter address table occupies a memory area starting from
a predetermined absolute address (called offset address OAD2) in the
parameter memory 47. The absolute address data for accessing this parameter
address table is formed by establishing the LSB to "0" or "1 "(since one
address position occupies two bites, i.e., two absolute addresses),
positioning the touch group address data of four 55  bits above the LSB,
positioning the tone color code VN of five bits above the touch group
address data, and further positioning the key group code of six bits above
the tone color code and thereby constituting relative address data of
sixteen bits ( address with the offset address OAD2 being 0) and adding
this data to the offset address OAD2. 26    EP 0 229 926 B1 The parameter
bank stores, for example, filter parameters of 2620 types and includes 2620
parameter memory areas corresponding to parameter addresses 0 - 2619. One
parameter memory area includes memory positions of thirty-two bites
(thirty-two absolute address positions) and stores parameters cor-
responding to a set of filter coefficients for sixteen orders. A filter
coefficient for one order is stored in a 5  memory position of two bites
which consists, as described previously, of filter coefficient data (COE)
of twelve bits, weighting data (WEI) of three bits and even/odd
discriminating data (EO) of one bit. Since, however, the weighting data
(WEI) and the even/odd discriminating date (EO) are common through all
orders in one set of parameters, these data are stored only at the memory
position of the first order parameter and not stored at the memory
positions of the other orders. The weighting data (WEI), however, 10 may be
stored independently for each order. This parameter bank is accessed by the
parameter address read out from the parameter address table. The parameter
bank occupies a memory area starting from a predetermined absolute address
(called offset address OAD3) in the parameter memory 47. The absolute
address data for accessing this parameter bank is formed by positioning
parameter address data of twelve bits on more significant twelve bits of
relative address data (address with the offset address OAD3 being 0) 15  of
seventeen bits to make the relative address data and adding this relative
address data to the offset address OAD3. By successively changing less
significant five bits of this absolute address data in thirty-two steps, a
set of filter parameters for sixteen orders in one parameter memory area
designated by the parameter address are successively read out. A storeyed
parameter memory structure as shown in Fig. 21 is advantageous for saving
the memory 20  capacity. If filter parameters are prepared individually for
all combinations (22528 combinations) of forty-four key groups, thirty-two
tone colors and sixteen touch groups, a memory capacity of 22528 x 32 bites
is required. By employing the parameter memory structure as shown in Fig.
21, a memory capacity required is only 4028 x 32 bites which is a sum of
1408 ( = 44 x 32 ) x 32 bites of the parameter address table and 2620 x 32
bites of the parameter bank. Since there are cases where common filter
parameters can be used 25  for different combinations of the key group,
tone color and touch group, 2620 types of parameters are commonly used for
the 22528 combinations in the example of Fig. 21 whereby the memory
capacity is saved. [Parameter processing unit 45, parameter selector 46,
parameter memory 47 and parameter supply circuits 30 48 and 49: Fig. 15] 



The parameter processing unit 45 controls accessing of the above described
parameter memory 47 for the static mode. A program memory 451 stores a
program for implementing the control for accessing the parameter memory 47.
A program counter 452 generates a program step signal PC for accessing the
35  program memory 451. The counter 452 comprises an eight-stage shift
register 86, an adder 87, gates 88 and 89 and an end detection circuit 90
and performs a counting operation for the eight channels on a time shared
basis. The key-on pulse KONP is inverted by an inverter 91 and the inverted
signal is applied to a control input of the gate 88. This key-on pulse KONP
becomes "I" in the initial stage of key depression and key-on pulses for
the respective channels are time division multiplexed. The adder 87 adds
"1" 40  supplied from the gate 89 to the output of the shift register 86.
The result of the addition is supplied to the shift register 86 via the
gate 88. The end detection circuit 90 detects whether the value of the
output of the shift register 86 has reached the last step of the program or
not. If the value has not reached the last step yet, the circuit 90
produces a signal "0" and supplies a signal "1" to a control input of the
gate 89 through an inverter 92 thereby causing a signal "1 " commanding one
count up to be supplied to the adder 87. If the 45  value has reached the
last step, the circuit 90 produces a signal "1" and supplies a signal "0"
to the gate 89 through the inverter 92 thereby closing the gate and
preventing the counting. Due to the above described construction, contents
of the program counter 452, i.e., the step signal PC, is reset to "0" when
the key-on pulse KONP has been generated and subsequently the counter 452
counts up by one every time the shift register has completed one cycle
(every eight time slots) until the last step 50 has been reached in which
the counting is stopped. By way of example, the program step number is
thirty- seven and the step signal PC provided by the counter 452
sequentially changes from "0" to "36" (the last step). The step signal PC
is the output of the shift register 86 and the step signals for the eight
channels are time division multiplexed. The program memory 451 produces the
selection control signals SELC1 - SELC4 and adderess data for 55  accessing
an offset address memory 453 in accordance with the step of the applied
step signal PC. The offset address memory 453 stores values of the offset
address OADS  OAD3. The offset address data ADOF ( one of OADS - OAD3) read
out from the offset address memory 453 is applied to an adder 454. The
adder 454 adds relative address data RADD supplied from a selector 454 to
the offset address data 27    EP 0 229 926 B1 ADOF together and supplies
its output as address data PRAD to the address input of the parameter
memory 47. A key group address register 456, a touch group address register
457 and a parameter address register 458 consist respectively of shift
registers of eight stages and store respectively key group address data 5
KEYG, touch group address data TCHG and parameter address data PAD channel
by channel and on a time shared basis. The registers 456 - 458 respectively
have selectors 93 - 95 provided on the input sides thereof and data read
out from the parameter memory 47 is applied to one input of each of the
registers 93 - 95. The selection control signals SELC2 - SELC4 for the
selectors 93 - 95 are provided by the program memory 451 and used for
performing the control as to whether read out data of the parameter memory
47 10  is loaded in the registers 456 - 458 or the data once loaded in the
registers 456 - 458 is circulatingly held. As will be apparent from the
foregoing, the selection control signals SELC2 - SELC4 are generated so
that when the key group address data has been read out from the parameter
memory 47, this data is loaded in the key group address register 456, when
the touch group address data has been read out, this data is loaded in the
touch group address register 457 and when the parameter address data has
been read out, 15  this data is loaded in the parameter address register
458. The address data KEYG, TCHG and PAD stored in the registers 456 - 458
are applied to the selector 455. The selector 455 receives also the key
code KC, tone color code VN and touch code TCH and further the least
significant bit PCLSB of the step signal PC produced by the program counter
452 and data PC - 4 which is derived by subtracting "4" ("100" in binary
number) from the step signal PC. The selector 455 20    selects the input
data in a predetermined combination in response to the selection control
signal SELC1 supplied from the program memory 451 and positions the
selected data at a bit position corresponding to a predetermined weight in
the relative address data RADD thereby forming and delivering out the
relative address data RADD. Processings of thirty-seven steps carried out
in this parameter processing unit 45 are as follows: 25     When PC = 0:
readout from the key group table The key code KC is selected and the offset
address OADS in the key group table is read out as the offset address data
ADOF in response to the selection control signal SELC1. The output data of
the 



parameter memory 47 is loaded in the key group address register 456 in
response to the selection control signal SELC2. A key group address
corresponding to the key code KC is thereby read out from the key 30  group
table of the parameter memory 47 and this key group address is stored in
the register 456. When PC = 1: readout from the touch group table The tone
color code VN and the touch code TCH are selected in response to the signal
SELC1 and relative address data RADD is formed by positioning the touch
code TCH at the least significant bit and the tone color code VN at more
significant bits. The offset address OAD1 is read out from the touch group
table 35 as the offset address data ADOF. The output data of the parameter
memory 47 is loaded in the touch group address register 457 in response to
the signal SELC3. The touch group address corresponding to the tone color
code VN and the tocuh code TCH is thereby read out from the touch group
table of the parameter memory 47 and this touch group address is stored in
the register 457. When PC = 2, 3: readout of the parameter address table 40
The key group address data KEYG, tone color code VN, touch group address
data TCHG and the least significant bit PCLSB of the step signal PC are
selected in response to the signal SELC1 and these data are positioned in
the order of PCLSB, TCHG, VN and KEYG from the least significant bit to
form the relative address data RADD. The offset address OAD2 is read out as
the data ADOF from the parameter address table. The output data of the
parameter memory 47 is loaded in the parameter address register 458 in 45
response to the signal SELC4. A pertinent parameter address thereby is read
out from the parameter memory 47 and stored in the register 458. As
described previously, one parameter address data consists of twelve bits
and is stored at a memory position of two bites (see Fig. 21). When the bit
PCLSB is "0" (step of PC = 2), parameter address data of less significant
eight bits is read out and when PCLSB is "1" (step of PC = 3), parameter
address data of more significant four bits are read out. The selector 95
divides out 50  the bit positions of this parameter address data so that
the parameter address data is arranged in parallel into the twelve bit data
and causes this data to be stored in the register 458. When PC = 4 - 35:
readout from the parameter bank The parameter address data PAD and the
subtracted step signal PC - 4 are selected in response to the signal SELC1
and the selected data are positioned in the order of PC - 4 and PAD from
the least significant 55  bit to form the relative adress data RADD. The
offset address OAD3 is read out as the data ADOF from the parameter bank.
The signal PC - 4 changes its value from "0" to "31" in the thirty-two
steps of PC = 4 through PC = 35. Accordingly, a set of filter parameters
consisting of thirty-two bites designated by the parameter address (see
Fig. 21) are sequentially read out bite by bite from the parameter bank of
the 28    EP 0 229 926 B1 parameter memory 47. When PC = 36: stopping of
the program counter 452 and completion of the readout sequence of filter
parameters The filter parameter read out from the parameter memory 47 is
applied to a timing synchronizing circuit 5   459. This circuit 459
receives the program step signal PC and a timing signal group TS1 supplied
from the decoder 56 (Fig. 13) of the timing signal generation circuit 39
and, responsive to these signals, produces filter parameters of respective
orders in synchronism with predetermined timings. The output of this timing
synchronizing circuit 459 is supplied as the static mode filter parameter
SPR to an A input of the parameter selector 46. To a B input of the
parameter selector 46 is supplied the dynamic mode filter parameter DPR 10
from the microcomputer interface 44 (Fig. 11). To a selection control input
SB of the selector 46 is supplied the dynamicstatic selection signal DS
from the microcomputer inteface 44 so that the selector 46 selects the
parameter DPR in the B input in the dynamic mode and the parameter SPR in
the A input in the static mode. The output of the selector 46 is applied to
the parameter supply circuits 48 and 49 of A and B channels. 15 The circuit
48 of A channel only is illustrated but the circuit 49 of B channel is of
the same construction. In the parameter supply circuit 48, a distribution
circuit 485 receives data concerning the channels 1 - 4 of A channel among
data provided serially from the selector 46 and arranges these data in
parallel by channel and also in parallel in the order of the filter
coefficient data (COEA1 in the channel 1), weighting data (WEIA1 in the
channel 1) and even/odd discriminating data (EOA1 in the channel 1) and
distributes these 20  data to memory circuits 481 - 484 corresponding to
the respective channels. For controlling such distribution, a suitable
timing signal TS2 is generated by the decoder 56 of the timing signal
generation circuit 39 (Fig. 13) and supplied to the distribution circuit
485. A specific example of the memory circuits 481 - 484 is illustrated
with respect to the channel 1 only but 



the same applies to the other channels. The filter coefficient data COEA1
of twelve bits is applied to the 25 shift register 97 of sixteen stages
through the selector 96. This filter coefficient COEA1 contains time
division multiplexed data for sixteen orders at sixteen time slots and this
data of sixteen orders is loaded in the respective stages of the shift
register 97. The contents of the shift register 97 are circulatingly held
through the selector 96. The weighting data WEIA1 of three bits is applied
to the latch circuit 98. The even/odd discriminating data EOA1 of one bit
is applied to the latch circuit 99. The control of the selector 30 96 and
the latch circuits 98 and 99 is performed by a suitable control signal (not
shown) at a suitable timing. More specifically, in the static mode, the
selector 96 causes the filter coefficient data COEA1 for sixteen orders to
be loaded in the shift register 97 and the latch circuits 98 and 99 latch
the weighting data WEIA1 and the even/odd discriminating data EOA1 in
synchronism with a timing at which parameter data for sixteen orders read
out from the parameter memory 47 in response to the initial stage of key
depression is 35  applied to the memory circuit 481 through the timing
synchronizing circuit 459, the selector 46 and the distribution circuit
485. Subsequently, the contents stored in the shift register 97 and the
latch circuits 98 and 99 are held until a new depressed key is assigned to
this channel. In the dynamic mode, filter coefficient data COEA1 for eight
orders among the dynamic mode filter parameter data DPR is loaded in the
shift register 97, the weighting data WEIA1 is latched in the latch circuit
98 and the even/odd 40 discriminating data EOA1 is latched by the latch
circuit 99 in synchronism with a timing at which the dynamic mode filter
parameter data DPR is supplied from the microcomputer 44 (Fig. 11) through
the selector 46 and the distribution circuit 485. Subsequently, the
contents stored in the shift register 97 and the latch circuits 98 and 99
are held until new dynamic mode filter parameter DPR is supplied. In the
dynamic mode, filter coefficient data for eight orders in the dynamic mode
filter parameter data DPR is stored in 45 eight stages corresponding to the
ninth to sixteenth orders among sixteen stages of the shift register 97 and
the remaining eight stages corresponding to the first to eighth orders are
left blank. The filter coefficient data provided by each shift register 97
of the memory circuits 481 - 484 is supplied to a selector 486 in which
data for each channel is sequentially selected and time division
multiplexed in response to a timing signal TS3. Thus, filter coefficient
data for the channel 1 - 4 are time 50 division multiplexed and is supplid
as the filter coefficient data COEA of A channel to the multiplier and
accumulator section 41 of A channel (Fig. 14). The weighting data produced
by each latch circuit 98 of the memory circuit 481 - 484 is supplied to the
selector 487 and data for each channel is sequentially selected and time
division multiplexed in response to a timing signal TS4. The time division
multiplexed weighting data WEIA for the channels 1 - 4 are supplied 55 to
the multiplier and accumulator section 41 (Fig. 14) of A channel. The
even/odd discriminating data EOA1 - EOA4 for the channels 1 - 4 latched by
the latch circuit 99 of the respective memory circuits 481 - 484 are
supplied in parallel to the state memories 401 - 404 (Fig. 14) of
corresponding channels. 29    EP 0 229 926 B1 [Pitch synchronized output
circuit 50: Fig. 16] In Fig. 16, filtered tone signal sampled value data
SMA for the channels 1 - 4 provided by the multiplier and accumulator
section 41 of A channel (Figs. 11 and 14) are supplied in a time division
multiplexed state 5  to a B input of a selector 501. A timing at which
filtered outputs of the channels 1 - 4 are loaded in the latch circuit 85
in Fig. 14 is an accumulation last time slot (the shaded portion) in the
column of SUM in Fig. 20. Channel timings of the filtered sampled value
data for the channels 1 - 4 are as shown in Fig. 17. To a C input of the
selector 501 is supplied in a time division multiplexed fashion the
filtered tone signal sampled value data SMB for the channels 5 - 8 provided
by the multiplier and accumulator section 43 (Fig. 11) of B 10  channel.
Channel timing of this data SMB is as shown in Fig. 17. To an A input of
the selector 501 is supplied the output of the shift register 502 of eight
stages and the output of the selector 501 is applied to the shift register
502. These shift registers 501 and 502 are provided for time division
multiplexing the filtered sampled value data for the channels 1 - 8 in
accordance with a high speed time division timing on one time slot basis as
shown in the channel timing of PS1 in Fig. 3. The 15  decoder 56 in Fig. 13
produces a timing signal 1 REGLDA which becomes "1" at time slots 57, 13,
26 and 46 and a timing signal 1 REGLDB which becomes "1" at time slots 11.
31, 44 and 64. These timing signals are supplied to a B selection control
input SB and a C selection control input SC of the selector 501 of Fig. 16.
By this arrangement, data for the channel 1 among the data SMA supplied to
the B input is selected at time slot 57 (corresponding to the timing of the
channel 1 among the channel timings of PS1 shown in Fig. 20  3), data for
the channel 2 is selected at time slot 13 (corresponding to the timing of
the channel 2 of PS1 in 



Fig. 3), data of the channel 3 is selected at time slot 26 (the timing of
the channel 3 of PS1 in Fig. 3) and data for the channel 4 is selected at
time slot 46 (the timing of the channel 4 of PS1 in Fig 3). Among the data
SMB supplied to the C input, data for the channel 5 is selected at time
slot 11 (the timing of the channel 5 of PS1 in Fig. 3), data for the
channel 6 is selected at time slot 31 (the timing of the channel 6 of 25
PS1 in Fig. 3), data for the channel 7 is selected at time slot 44 (the
timing of the channel 7 of PS1 in Fig. 3) and data for the channel 8 is
selected at time slot 64 (the timing of the channel 8 of PS1 in Fig. 3).
Signals obtained by inverting the timing signals 1 REGLDA and 1REGLDB by a
NOR gate 503 are supplied to an A selection control input SA of the
selector 501. The filtered sampled value data for the respective channels
loaded in the shift register 502 at the above described timings is
circulatingly held in 30 the shift register 502 at other timings. The
output of the shift register 502 is supplied to an A input of the selector
504. The output of the selector 504 is applied to a shift register 505 of
eight stages. The output of the shift register 505 is fed back to its input
through a B input of the selector 504. The selector 504 and the shift
register 505 are provided for resampling the output tone signal of the
digital filter in synchronism with its pitch. To an A selection 35  control
input SA of the selector 504 is applied a delayed pitch synchronizing
signal PS1D provided by the input interface 38 (Fig. 12) and delayed by a
delay circuit 506 of eight time slots. In Fig. 12, the pitch synchronizing
sinal PS1 is applied to a shift register 100 of 64 stages through the OR
gate 51. A pitch synchronizing signal delayed by this shift register 100 by
twenty-four time slots is applied to an AND gate 101, one delayed by forty
time slots is applied to an AND gate 102, one delayed by 40 forty-eight
time slots is applied to an AND gate 103 and one delayed by sixty-four time
slots is applied to an AND gate 104. The AND gates 101 - 104 receive, at
the other input thereof, the timing signals PSS1 - PSS4 generated by the
decoder 56 in Fig. 13. The outputs of the AND gates 101 - 104 are supplied
to an OR gate 105 and the delayed pitch synchronizing signal PS1D is
derived therefrom. Timings of generation of the signals PSS1 - PSS4 are as
shown in the parenthesis in Fig. 13. For example, the reference 45
characters "1y8" signifies that a signal "1" is generated at the first time
slot with a period of eight time slots. Accordingly, in the case of the
timing signal PSS1 which is "1y8, 3y8", a signal "1" is generated at the
first and third time slots with a period of eight time slots. As will be
apparent from representations in the parenthesis of the signals PSS1 - PSS4
in Fig. 13 and the channel timing of PS1 in Fig. 3, the signal PSS1 becomes
"1 " at timings of the channels 1 and 3 in PS1, the signal PSS2 becomes "1
" at timings of the 50 channels 2 and 6 in PS1, the signal PSS3 becomes "1"
at timings of the channels 3 and 7 in PS1 and the signal PSS4 becomes "1"
at timings of the channels 4 and 8 in PS1. Consequently, the delayed pitch
synchronizing signal PS1 D is delayed by twenty-four time slots in the case
of the pitch synchronizing signals PS1 in the channels 1 and 5, by forty
time slots in the case of PS1 in the channels 2 and 6, by forty-eight time
slots in the case of PS1 in the channels 3 and 7 and by sixty- 55 four time
slots in the case of PS1 in the channels 4 and 8. The difference in the
delay time is provided for matching the delay time with difference in the
operation timing in the channels 1 - 4 and 5 - 8 in the adaptive digital
filter device 21 (Fig. 11). 30    EP 0 229 926 B1 Reverting to Fig. 16, the
delayed pitch synchronizing signal PS1 D is further delayed by eight time
slots by a delay circuit 506 and thereafter is supplied to an input SA of
the selector 504. When the signal PS1D of a certain channel is "1", the
selector 504 received filtered sampled value data of that channel from the
shift register 502 and applies it to the shift register 505. At other time,
contents of the shift register 505 are 5  circulatingly held through the B
input of the selector 504. In the foregoing manner, in the circuit
including the selector 504 and the shift register 505, the filtered sampled
value data for the respective channels are resampled in synchronism with
the pitch of the tone to be generated in that channel. [Pitch
synchronization/non-synchronization switching in the filter operation] 10
The pitch synchronization /non-synchronization desigantion signal PASY
supplied from the microcom- puter interface 44 (Fig. 11) to the OR gate 51
in Fig. 12 is always "0" when the filter operation is performed in the
pitch synchronized state and the input interface 38 generates the filter
operation demand signals [err] F1 [err] F8 and the pitch synchronizing
signal PS1D in response to the pitch synchronizing signal PS1. The 15
digital filter operation is therefore performed when the pitch
synchronizing signal PS1 has been generated, i.e., with a sampling period
synchronized with the pitch of the tone signal to be filtered. The filter
characteristic obtained thereby becomes the moving formant characteristic.
In a case where the filter operation is performed without being
synchronized with the pitch, the pitch 



synchronization/non-synchronization designation signal PASY is always made
"1". The output of the OR 20  gate 51 in Fig. 12 therefore always becomes
"1' regardless of presence or absence of the pitch synchronizing signal
PS1. Accordingly, the input interface 38 generates the filter operation
demand signals [err] F1 - [err] F8 and the signal PS1D at a constant period
during each filter operation cycle (64 time slots). The sampling frequency
in the digital filter operation therefore becomes constant (e.g., 50 kHz)
regardless of the pitch so that the filter characteristic obtained becomes
the fixed formant characteristic. 25 [Example of filter characteristic] An
example of filter characteristic which can be realized by the above
described embodiment is shown in Figs. 22 through 27. 30     Fig. 22 shows
an example of a filter characteristic which can be obtained when the order
of the filter is an odd number (thirtyfirst order). This characteristic
represents a high-pass filter characteristic. In the figure, fs/2
represents 1/2 of the sampling frequency fs and fs/2 is a frequency
synchronized with the pitch of the tone in the pitch synchronized mode
whereas it is a constant frequency in the pitch non-synchronized mode. 36
Fig. 23 shows an example of a filter characteristic obtained when the order
of the filter is an even number (thirtysecond order). This filter
characteristic realizes a low-pass filter characteristic. Fig. 24 shows an
example of a filter characteristic which changes with lapse of time in the
dynamic mode. In this case, it is assumed that the tone source waveshape
signal generated by the tone generator 18 corresponds to f (forte), i.e.,
the strongest key touch, and timewise change of the filter characteristic
in a 40  case where tone signals for a touch of p (piano), a touch of mp
(mezzo-piano) and a touch of mf (mezzo- forte) are obtained by filtering
this tone source waveshape signal is shown. The column of time shows
timings for switching to respective filter characteristics by time from the
start of sounding of the tone. Figures in the filter characteristic diagram
represent frequencies at points of change and the unit is Hz. The tone
pitch of the tone to be generated is assumed to be F2. 45     Fig. 25 shows
a spectrum envelope of the original waveshape of a piano tone of F2 played
with the touch of f (forte) and Fig. 26 shows a spectrum envelope of the
original waveshape of a piano tone of F2 played with the touch of p
(piano). A spectrum envelope of a tone signal obtained by filtering the
original waveshape of Fig. 25 with the filter characteristic at i time
point of 0 ms in the column of p (piano) in Fig. 24 is shown in Fig. 27. It
will be understood that this envelope in Fig. 27 resembles the spectrum
envelope 50  of the original waveshape of the p touch shown in Fig. 26.
[Modified embodiments] The pitch synchronized output circuit 50 in Fig. 16
performs the pitch synchronizing processing on a 55 time shared basis using
the shift registers 502 and 505. The circuit 50 is not limited to this but,
alternatively, memory circuits may be provided in parallel for the
respective channels and the pitch synchronizing processing may be performed
in parallel with one another. 31    EP 0 229 926 B1 In the above
embodiment, the FIR filter in which filter coefficients exhibit the
symmetrical characteristic is utilized as the digital filter.
Alternatively, an FIR filter in which filter coefficients are not
symmetrical may be employed. Further, not only FIR, but also other types of
filters including IIR (infinite impulse filter) may be used. 5      The
memory format of the parameter memory shown in Fig. 21 is not limited to
the illustrated form but various modifications are possible. For example,
the storied structure shown in the figure need not ncecessarily be
employed. Accessing of the parameter memory is not limited to the manner
used in the above described embodiment but various modifications are
possible. For example, in the above embodiment, the key group 10 table is
first accessed and then the touch group table is accessed. This order of
accessing may however be reversed. In Fig. 15, the microprogramming system
of prestoring the reading steps in the program memory 451 is employed and
the parameter memory is accessed by these reading steps. Alternatively, the
reading control may be made in accordance with a complete hard-wired
circuit or a complete software program without using such microprogram
system. 15    In the above described embodiment, the invention is applied
to polyphonic type electronic musical instruments but the invention is of
course applicable also to monophonic type electronic musical instru- ments.
Further, the invention is applicable not only to an electronic musical
instrument used exclusively for generation of musical tones but also to any
device having a tone signal generation or processing function. 



In the above described embodiment, it is assumed that the digital tone
signal sampled value data itself 20   which is applied from the tone
generator to the adaptive digital filter device is in a state in which it
has been sampled in synchronism with the pitch. The digital tone signal
sampled value data need not necessarily be sampled in this manner. For
example, a digital tone signal which has been sampled at a fixed sampling
period not synchronized with the pitch may be applied to the digital filter
device and subjected to the filter operation synchronized with the pitch
while resampling this applied digital tone signal by the pitch 25
synchronizing signal. In the above described embodiment, the pitch
synchronizing signal generation circuit is included in the tone generator
and the pitch synchronizing signal generated therein is applied to teh
adaptive digital filter device. Alternatively, for example, in applying a
digital tone signal having a sampling period synchronized with the pitch to
the digital filter, the pitch synchronizing signal may be generated by
detecting change in 30 the sampled value data of this digital tone signal
and the filter operation may be controlled by the pitch synchronizing
signal generated in this manner. [Other embodiments] 35     Figs. 28
through 32 show other embodiments according to other aspects of the
invention. Specific examples of these embodiments are also shown in the
above described embodiment of Figs. 2 through 27. For better understanding
of several important technical concepts concerning the tone signal
processing device according to the invention, embodiments constructed by
extracting important points and arranging them in a simplified manner are
shown in Figs. 28 through 32. 40     The tone signal processing device
acording to one aspect of the invention shown in Fig. 28 comprises tone
generation means 112 for generating digital tone signals in plural channels
on a time shared basis, a digital filter circuit for receiving the digital
tone signals of plural channels generated by the tone generation means 112
and performing a filter operation channel by channel on a time shared
basis, pitch synchronizing signal generation means 114 for generating pitch
synchronizing signals synchronized with pitches of the 45 tone signals of
the respective channels and pitch synchronization output means 115 for
sampling and outputting the tone signals of the respective channels
provided by the digital filter circuit 113 in response to the pitch
synchronizing signals generated in correspondence to the respective
channels. The pitch synchronization output means 115 is provided on the
output side of the digital filter circuit 113 and the pitch synchronizing
processing, i.e., resampling processing by the pitch synchronizing signal,
is 50 performed for a filter output signal. Accordingly, the operation rate
in the digital filter circuit 113 has only to correspond to a time division
rate of the tone signal generated by the tone generation means 112 and need
not correspond to a time division rate of the tone signal generated by the
tone generation means 112. For this reason, the operation speed of the
digital filter circuit 113 need not be such a high one so that the burden
imposed on the circuit is alleviated. 55     In the embodiment shown in
Figs. 2 through 27, switching between the pitch synchronized mode and the
pitch non-synchronized mode is possible in the digital filter devices 21
and 22 and the filter operation is performed in synchronism with the
pitches of the tones during the pitch synchronized mode. This is not
essential in the construction shown in Fig. 28 but the construction of Fig.
28 may have only the pitch non- 32    EP 0 229 926 B1 synchronized mode
(i.e., the filter operation is performed always with the period of 50 kHz
thereby realizing a fixed formant). What is important in the construction
of Fig. 28 is that the pitch synchronization output circuit 115 is provided
on the output side of the digital filter circuit. The tone signal
processing device according to another aspect of the invention shown in
Figs. 29a - 29c 5  comprises a digital fitler circuit 116 to which digital
sampled value data of a tone signal, parameter generation means 117 for
generating an even/odd parameter which establishes order of a filter
operation to either an even number or an odd number and switching means
118, 119 and 120 for switching order of delay in the sampled value data
used in the filter operation in the digital filter circuit 116 between a
predetermined even number order and a predetermined odd number order in
response to the even/odd 10 parameter. Figs. 29a - 29c respectively
illustrate different examples of the switching means 118 - 120. In Figs.
29b and 29c, illustration of the parameter generation means 117 is omitted.
D represents a unit delay element, a circle with a symbol x represents a
multiplication element and a circle with a symbol + represents an addition
element, respectively. The digital filter circuit 116 has a hardware
construction capable of 15 performing a filter operation of n-th order
(e.g., n being an even number). The parameter generation means 117
generates filter coefficients k1 - kn and even/odd parameters E/0 for
realizing a predetermined tone 



color in accordance with tone color determining factors including constant
tone color selection information, key touch and tone range. The filter
coefficients k1 - kn corresponding to the respective orders 1 through n are
supplied to the digital filter circuit 116 where they are used, for
multiplying the tone signal which has 20 been delayed by delay time
corresponding to these orders. The digital filter circuit 116 selectively
operates either as a filter of an even number order or one of an odd number
order in accordance with the delay order switching operation by the
switching means 118 - 120 in response to the even/odd parameter E/O. By
this arrangement, the operation of the digital filter circuit can be
switched either to the filter of an even number order or that of an odd
number order depending upon a 25 tone color to be realized so that a
desired filter characteristic suited to that tone color can be realized.
For example, the operation is established to the filter of the odd number
order when a tone color suitable for a control by a high-pass filter
characteristic is to be realized whereas it is established to the filter of
the even number order when a tone color suitable for control by a band-pass
or low-pass filter characteristic is to be realized. 30     In the case of
Fig. 29a, a gate 118 which constitutes the switching means is provided
between a delay element 121 corresponding to the n - 1-th order and a delay
element 122 corresponding to the n-th order. The gate 118 is opend when the
even/odd parameter E/O is a value indicating an even number order and it is
closed when the even/odd parameter E/O is a value indicating an odd number
order. when the gate 118 is opend, the digital filter 116 operates as a
filter of the n-th order, i.e., an even number order whereas when 35  the
gate 118 is closed, the filter 116 operates as a filter of the n - 1 -th
order, i.e., an odd number order. In the case of Fig. 29b, an output A of
an addition element 124 summing results of the filter operation for n
orders and an output B of an addition element 125 summing results of the
filter operation for n - 1 orders are applied to a selector 119 which
constitutes the switching means and either A or B is selected in accordance
with the value of the even/odd parameter E/O. When A has been selected, the
filter becomes 40  one of the n-th order, i.e., an even number order and
when B has been selected, the filter becomes one of the n - 1-th order,
i.e., an odd number order. In the case of Fig. 29c, either the filter
coefficient kn of the n-th order or "0" is selected in accordance with the
even/odd parameter E/O and the selection output is used for multiplying the
output tone signal of a delay element 123 corresponding to the n-th. When
kn has been selected, the filter becomes one of the n- 45 th order. i.e.,
an even number order and when "0  has been selected, it becomes one of the
n - 1-th order, i.e., an odd number order. The tone signal processing
device according to another aspect of the invention shown in Figs. 30a -
30c comprises coefficient supply means 126 for supplying, for filter
operation of N-th order, filter coefficients for N/2 orders when N is an
even number and filter coefficients for (N + 1)/2 orders when N is an odd
number, 50 delay means 127 for successively delaying digital tone signal
sampled value data and thereby providing sampled value data of N-th order,
and operation means 128 for performing a predetermined filter operation
including multiplying respective two sampled value data positioned at
symmetrical positions with respect to the center of N orders among the
sampled value data of N orders in the delay means 127 with a common one of
the filter coefficients and multiplying respective sampled value data of
plural sets of the two sampled 55 value data (N/2 sets when N is an even
number and (N - 1) sets when n is an odd number) with said filter
coefficients while multiplying the sampled value data positioned at the
center of the symmetry with a sole filter coefficient when N is an odd
number. 33    EP 0 229 926 B1 In the same manner as described above, D
represents a unit delay element, a circle with a symbol x a multiplication
element and a circle with a symbol + an addition element, respectively.
Fig. 30a shows a basic construction where N is an even number, Fig. 30b
shows a basic construction where N is an odd number and Fig. 30c shows a
basic construction where N can be switched between an even number and an 5
odd number. In Fig. 30c, 1 28G denotes a switching gate which transmits
sampled data from a delay means 127 as shown by a solid line when N is an
even number to convert the filter to one of the same construction as the
one shown in Fig. 30a and transmits the sampled data as shown by a chain
and dot line to convert the filter to one of the same construction as the
one shown in Fig. 30b. The input digital tone signal sampled value data is
successively delayed by the delay means 127 and 10  sampled value data
[err] for N orders (i.e., So with delay time 0 and [err] having been
subjected to delay of 1 to N - 1 stages) are thereby supplied. Filter
coefficients kO - ki for N/2 orders or (N + 1)/2 orders are supplied by the
coefficient supply means 126 depending upon whether N is an even number or
an odd number. In the operation means 128, respective two sampled value
data positioned at symmetrical positions 



with respect to the center of N orders in the sampled value data [err] of N
orders are multiplied with a 15 common filter coefficient. In the case of
the filter operation of finite impulse response (FIR) type, a total sum by
an accumulator 128A of results of multiplication of sampled value data and
filter coefficients for all orders becomes a final filter output. When N is
an even number, the filter coefficients kO - ki for N/2 orders are supplied
from the coefficient supply means 126 and in this case i = (N - 2)/2. The
data of midway between the (N - 2)/2-th order and the N/2 order becomes the
center of symmetry and data of the O-th to the i-th orders and data of the
i + 1-th to the N - 1-th orders on either side of the central data are
positioned at symmetrical positions. There are N/2 pairs of two sampled
value data, i.e., So and [err] positioned at symmetrical positions.
Accordingly, two sampled value data positioned at symmetrical positions are
respectively multiplied with a common filter coefficient (one of kO - ki)
which is common to the sampled value data of 25 each pair in such a manner
that, for example, tone signal sampled value data So of the 0-th order and
tone signal sampled value data [err]of the N - 1-th order are multiplied
with a common filter coefficient kO and tone signal sampled value data Si
of the i-th order and tone signal sampled value data [err], of the i + 1-th
order are multiplied with a common filter coefficient ki. By this
arrangement, filter coefficients ko - ki, ki+, - kN-I corresponding to the
resepective orders 0 to N - 1 in the digital filter of N orders (N = an
even 30  number) are established in a symmetrical characteristic in effect.
Besides, filter coefficients which must be actually prepared has only to be
half of the number of orders required. An example of impulse response in
the case where the filter coefficients of even number orders are
established in a symmetrical characteristic is shown in Fig. 7. When N is
an odd number, filter coefficients kO - ki for (N + 1)/2 orders are
supplied by the coefficient 35 supply means 126 and in this case i = (N -
1)/2. The sampled value data at i = (N - 1)/2-th order becomes the central
data and sampled value data of 0-th to i - 1 -th orders and sampled value
data of i + 1 -th to N - 1-th orders on either side of the central data are
positioned at symmetrical positions. There are (N - 1)/2 pairs of sampled
value data So and[err] which are respectively positioned at symmetrical
positions. Accordingly, two sampled value data positioned at the
symmetrical positions are 40 multiplied with a filter coefficient (one of
kO -[err]) which is common to sampled value data of each pair in such a
manner that, for example, tone signal sampled value data So of the O-th
order and tone signal sampled value data SN-I of the N - 1 -th order are
multiplied with a common coefficient kO and tone signal sampled value data
[err] of the i - i-th order and tone signal sampled value data [err], of
the i 1-th order are multiplied with a common coefficient [err] . However,
tone signal sampled value data Si of the i = (N - 1)/2- 45 th order which
is positioned at the central position of symmetry is multiplied with a sole
filter coefficient ki. By this arrangement, filter coefficients kO - [err]
corresponding to respective orders 0 to N - 1 of the digital filter of the
N-th order (N = an odd number) are established in a symmetrical
characteristic in effect. Filter coefficents which must be actually
prepared has only to be half plus one of the number of orders required. An
example of impulse response in the case where the filter coefficients of
odd number 50 orders are established in a symmetrical characteristic is
shown in Fig. 6. In Figs. 30a - 30c, in multiplying two sampled value data
positioned at symmetrical positions with a common filter coefficient, the
multipliation of the filter coefficient is made after the two data are
added together. This arrangement is advantageous in that the number of the
multipliers can be reduced to about half of the necessary number of orders.
Alternatively, respective data may be multiplied separately. 55     The
tone signal processing device according to another aspect of the invention
shown in Fig. 31 comprises a digital filter circuit 129 to which digital
sampled value data of a tone signal is applied, first filter parameter
supply means 130 for supplying a set of first filter parameters which do
not undergo timewise change, second filter parameter supply means 131 for
supplying a set of second filter parameters which 34    EP 0 229 926 B1
undergo timewise change and selection means 132 for selecting either the
first filter parameters or the and second filter parameters and supplying
the selected filter parameters to the digital filter means. In a case where
a tone color which does not undergo timewise change during sounding of the
tone is to be selected, the selection means 132 selects the first filter
parameters supplied by the first filter parameter 5  supply means 130. By
the first filter parameters. the digital filter 129 is established to a
characteristic which realizes a predetermined tone color which does not
undergo timewise change during sounding of the tone. When a tone color
which undergoes timewise change during sounding of the tone is to be
selected, the selection means 132 selects the second filter parameters
supplied by the seond filter parameter supply means 131. By timewise change
of the second filter parameters, the characteristic of the digital filter
circuit 



10 129 undergoes timewise change whereby the timewise change in the tone
color is realized. The filter parameter supply device according to another
aspect of the invention shown in Fig. 32 comprises paramter memory means
133 for storing plural sets of filter parameters, parameter address memory
means 134 for storing addresses in the parameter memory means 133 for
filter parameters to be read out from the parameter memory means 133 in
accordance with a combination of parameter 15  determining factors and
readout means 135 for reading out address data from the parameter address
memory means 134 in accordance with the combination of the parameter
determining factors and reading out a set of filter parameters from the
parameter memory means 133 in accordance with the read out address data. As
data representing the parameter determining factors, such factors as, for
example, a key code representing a depressed key, touch data representing
the key touch, a tone color code representing 20 a selected constant tone
color and information according to lapse of time. In a case where lapse of
time is included in the parameter determining factors and a filter
parameter which changes with lapse of time during sounding of a tone is
read out, a parameter processing unit 45 in Fig. 15 which is a specific
example of the readout means 135 may be suitably designed so that it will
operate even during sounding of the tone. Further, an output corresponding
to an amount of operation of a suitable manual operator such as a 25
brilliance operator may also be used as the parameter determining factor.
In the embodiments of Figs. 28 through 32, it is not essential to perform
the digital filter operation with a sampling period synchronized with the
pitch of the tone as in the embodiment shown in Fig. 1. Claims 30 1. A tone
signal processing device for an electronic musical instrument which
comprises: tone signal generating means (18) for generating a digital tone
signal having a pitch of a tone to be generated; and digital filter means
(21,22;111) for receiving said digital tone signal and performing a digital
filtering 35     operation on said digital tone signal with a basic
operation period which is designed to establish a unit delay time for
delaying said digital tone signal in said digital filtering operation,
characterized in that it further comprises: pitch synchronizing signal
generation means (19;110) for generating a pitch synchronizing signal (PS)
40     having a period varying according to the period of the pitch of said
digital tone signal, and wherein said basic operation period in said
digital filter means (21,22;111) is established to be synchronous with the
period of said pitch synchronizing signal (PS). 2. A tone signal processing
device as defined in claim 1 which further comprises designating means 45
(PASY) for designating either one of pitch synchronization or
non-synchronization signals, and wherein said digital filter means (21,22;1
13) performs the filter operation on said digital tone signal every
predetermined period irrelevant to said pitch of said digital tone signal
in place of said period determined by said pitch synchronizing signal (PS)
when the non-synchronization is designated by said designation means
(PASY). 50 3. A tone signal processing device as defined in claim 1 or 2
wherein said digital filter means comprises: delay means (71,72) for
successively delaying sampled value data of the digital tone signal in
synchronism with the pitch synchronizing signal to provide sampled value
data of plural orders; and operation means (79) for multiplying sampled
value data of each delay order with a filter coefficient of 55
corresponding order. 4. A tone signal processing device as defined in one
of claims 1-3 wherein said pitch synchronizing signal generation means (19)
generates the pitch synchronizing signals corresponding to tone signals of
plural 35    [err] EP 0 229 926 B1                      *    C   L   M   S
* undergo timewise charge and selection means 132 for selecting either the
first filter parameters or the and second filter parameters and supplying
the selected filter parameters to the digital filter means. In a case  or
where  a tone color which does not undergo timewise change during sounding
of the tone is to be selected, the selection means 132 selects the first
filter parameters supplied by the first filter parameter 5  supply means
130. By the first filter parameters. the digital filter 129 is established
to a characteristic which realizes a predetermined  tone color which does
not undergo timewise change during sounding of the tone. When a tone color
which undergoes timewise change during sounding or the tone is to be
selected, the 



selection means 132 selects the second filter parameters supplied by the
seond filter parameter supply means 131. By time wise change of the second
filter parameters, the characteristic of the digital filter circuit 10  129
undergoes timewise  change whereby the timewise change in the tone color is
realized. The filter parameter supply device according to another aspect of
the invention shown in Fig. 32 comprises paramter memory means 133 for
storing plural sets of filter parameters, parameter address memory means
134 for storing addresses in the parameter memory means 133 for filter
parameters to be read out from  the parameter memory means 133 in
accordance with a combination of parameter 15  determining factors and
readout means 135 for reading out address data from the parameter address
memory means 134 in accordance with the combination of the parameter
deterinining factors and reading out a set of filter parameters from the
parameter memory means 133 in accordance with the read out address data. As
data representing the parameter determining factors, such factors as, for
example, a key code representing a depressed key, touch data representing
the key touch a tone color code representing 20  a selected constant tone
color and information according to lapse of time. In a case where lapse of
time is included in the paremeter determining factors and a filter
parameter which  changes with lapse of time during sounding of a tone is
read out. a parameter processing unit 45 in  Fig 15 which is a specific
example of the readout moans 135 may be suitably designed so that it will
operate even during sounding of the tone. Further, an output  corresponding
to an amount of operation of a suitable  manual operator such as a 25
brilliance operator may also be used as the parameter determining factor.
In the embodiments of Figs. 28 through 32. it is riot essential to perform
the digital filter operation with a sampling period synchronized with the
pitch of the tone as in the embodiment shown in Fig. 1. Claims 30 1.  A
tone signal processing device for an electronic musical instrument which
comprises: tone signal generating means (18) for generating a digital tone
signal having a pitch of a tone to be generated; and digital filter means
(21,22;111) for receiving said digital tone signal and performing a digital
filtering 35      operation on said digital tone signal with a basic
operation period which is designed to establish a unit delay, time for
delaying said digital tone signal in said digital filtering operation,
characterized in that it further comprises pitch synchronizing signal
generation means (19;110) for generating a pitch synchronizing signal (PS)
40      having a period varying according to the period of the pitch of
said digital tone signal. and wherein said basic operation period in said
digital filter means (21,22;111) is established to be synchronous with the
period of said pitch synchronizing signal (PS). 2.  A tone signal
processing device as defined in claim 1 which further  comprises
designating means 45      (PASY) for designating either one of pitch
synchronization or non-synchronization signals, and wherein said digital
filter  means (21,22:113) performs the filter operation on said digital
tone signal every predetermined period irrelevant to said pitch of said
digital tone signal in place of said period determined by said pitch
synchronizing signal (PS) when the non-synchronization is designated by
said designation  means 'PASY). 50 3.  A tone signal processing device as
defined in claim 1 or 2 wherein said digital filter means comprises: delay
means (71 ,72) for successively delaying sampled value data of the digital
tone signal in synchronism  with the pitch synchronizing signal to provide
sampled value data of plural orders; and operation means (78) for
multiplying sampled value data of each delay order with a filter
coefficient of 55      corresponding 4.  A tone signal  processing device
as defined in one of claims 1-3 wherein said pitch synchronizing signal
generation means (19) generates the pitch synchronizing signals
corresponding to tone signals of plural 35    EP 0 229 926 B1
*  C  L  M  S  * channels on a time shared basis and said digital filter
means (21,22) performs the filter operation on a time shared basis with
respect to the tone signals of plural channels applied on a time shared
basis. 5. A tone signal processing device as defined in claim 4 which
further comprises filter coefficient supply 5      means (48,49) for
supplying filter coefficients corresponding to the plural channels on a
time shared basis and in which said digital filter means receives the
filter coefficients supplied on a time shared basis and performs the filter
operation on a time shared basis using operation means (79) common to 



the plural channels. 10  6. A tone signal processing device as defined in
one of claims 1-5 wherein said pitch synchronizing signal generation means
(19) generates the pitch synchronizing signals (PS1) corresponding to tone
signals of plural channels (Ch1-Ch8) on a time shared basis and said
digital filter means (21,22) comprises means (38) for generating a filter
operation demand signal ([err]F1-[err]F8) for generating a filter operation
demand signal ([err]FI-[err]F8) with respect to each channel in response to
each of the pitch synchronizing signals at 15     a time division channel
timing which is different from this pitch synchronizing signal, and means
(39-50) for performing the filter operation in accordance with this filter
operation demand signal. 7. A tone signal processing device as defined in
one of claims 1-6 in which said digital filter means (21,22) further
comprises shift register means (71,72) of plural stages for successively
shifting sampled value data of the digital tone signal and multiplier means
(79) common to respective orders for receiving an output signal of a
predetermined stage of said shift register means; which further comprises
means (48) for supplying filter coefficients of respective orders to said
multiplier means (79) on a time shared basis; and in which said shift
register means (71,72) performs shifting in synchronism with time division
timings of 25     the filter coefficients and also in synchronism with the
pitch synchronizing signal. 8. A tone signal processing device as defined
in one of claims 2-7 wherein said digital filter means (21,22) performs the
filter operation with respect to tone signals of plural channels; said
designating means generates a pitch synchronization/non-synchronization
signal (PASY) for each 30     channel; and said digital filter means
(21,22) performs a filter operation synchronized with the pitch or a filter
operation not synchronized with the pitch independently for each channel.
9. A tone signal generating device as defined in one of claims 2-8 which
further comprises pitch control 35      means (13) for controlling the
pitch of a tone signal and the pitch synchronization/non-synchronization
designation signal (PASY) designates a filter operation not synchronized
with the pitch when the pitch Is controlled by said pitch control means and
designates a filter operation synchronized with the pitch when the pitch is
not controlled. 40  10. A tone signal processing device as defined in one
of claims 1-9 wherein said filter means (21,22;1 11) has a basic
construction of a finite impulse response filter. 11. A tone signal
processing device as defined in one of claims 1-10 which further comprises:
parameter generation means (48,49) for generating an even/odd parameter
(EOA1-EOA4, EOB1-EOB4) 45     which establishes the order of the filter
operation to either an even number or an odd number; and switching means
(SL15) for switching order of delay in said digital filter means between a
predeter- mined even number order and a predetermined odd number order in
response to the even/odd parameter. so  12. A tone signal processing device
as defined in claim 11 wherein said parameter generation means (48,49)
generates filter coefficients together with said even/odd parameters. 13 A
tone signal processing device as defined in claim 11 wherein said parameter
generation means (48,49) generates an even/odd parameter which establishes
the order to an even number when the filter 55      characteristic of said
digital filter means is established to a band-pass or low-pass
characteristic and generates an even/odd parameter which establishes the
order to an odd number when the filter characteristic is established to a
high-pass characteristic. 36    EP 0 229 926 B1                [err] *   C
L   M   S * 14. A tone signal processing device as defined in one of claims
1-13 wherein said digital filter means (21,22) comprises: coefficient
supply means (48,49) for supplying, for filter operation of N-th order,
filter coefficients for N/2 orders when N is an even number and filter
coefficients for (N + 1)12 orders when N is an odd number; 5      delay
means (71,72) for successively delaying  digital tone signal sampled value
data and thereby providing sampled value data of N-th order; and operation
means (77-79) for performing a predetermined filter operation including
multiplying respective two sampled value data positioned at symmetrical
positions with respect to the center of N orders among the sampled value
data of N orders in the delay means (71,72) with a common one of the filter
1O     coefficients and multiplying respective sampled value data of plural
sets of the two sampled value data (N/2 sets when N is an even number and
(N-1/2) sets when N is an odd number) with said filter 



coefficients while multiplying the sampled value data positioned at the
center of the symmetry with a sole filter coefficient when N is an odd
number. 15  15. A tone signal processing device as defined in claim 14
wherein each filter coefficient supplied by said coefficient supply means
(48,49) consists of filter coefficient data (COE) and weighting data (WEI)
for weighting the filter coefficient data and the multiplication in said
operation means (77-79) is effected by multiplying sampled value data of
each order with the corresponding filter coefficient data (COE) and
shifting data which is result of this multiplication in accordance with the
weighting data (WEI). 20 16. A tone signal processing device as defined in
claim 14 wherein said operation means (77-79) comprises an adder (77) for
adding the two sampled value data positioned at the symmetrical positions
and a multiplier (79) for multiplying an output of this adder with the
common filter coefficient. 25  17. A tone signal processing device as
defined in claim 14 wherein the filter operation in said operation means
(77-79) is of an infinite impulse response type. 18. A tone signal
processing device as defined in one-of claims 1-17 which further comprises:
first filter parameter supply means (45,47) for supplying a set of first
filter parameters which do not 30      undergo timewise change; second
filter parameter supply means (26,28;44) for supplying a set of second
filter parameters, which vary with time; and selection means (46) for
selecting either the first filter parameters or the second filter
parameters and supplying the selected filter parameter to said digital
filter means. 35 19. A tone signal processing device as defined in claim 18
wherein the order of the filter coefficients constituting a set of the
second filter parameters is smaller than the order of the filter
coefficients constituting a set of the first filter parameters. 40  20. A
tone signal processing device as defined in claims 19 wherein said first
and second filter parameter supply means (45,47;26,28) respectively deliver
out filter coefficients of respective orders constituting a set of the
filter parameters serially and on a time shared basis. 21. A tone signal
processing device as defined in claim 19 wherein each filter parameter
consists of a filter 45      coefficient data (COE) and weighting data
(WEI) and said digital filter means (21,22) performs multiplication of the
sampled value data with the filter coefficients by multiplying the sampled
value data of respective orders with the corresponding filter coefficient
data and shifting data which is result of this multiplication in accordance
with the weighting data. 50  22. A tone signal processing device as defined
in one of claims 1-21 which further comprises: parameter memory means (47)
for storing plural sets of filter parameters; parameter address memory
means (47) for storing addresses in said parameter memory means for filter
parameters to be read out from said parameter memory means in accordance
with a combination of parameter determining factors: and 55     readout
means (45) for reading out address data from said parameter address memory
means in accordance with the combination of the parameter determining
factors and reading out a set of filter parameters from said parameter
memory means in accordance with the read out address data, the read out
filter coefficient being supplied to said digital filter means. 37    EP 0
229 926 B1 23. An electronic musical instrument as defined in one of claims
1-22, comprising pitch designating means (10) for designating the pitch of
a tone to be generated; assigner means (14) for assigning generation of a
tone signal having the designated pitch to any of plural channels; said
tone signal generating means (18) generating said digital tone signal
channel by 5      channel in accordance with the assignment by said
assigner means; and said digital filter means (21,22) performing the
digital filtering operation, channel by channel, with respect to digital
tone signals of respective channels generated by said tone signal
generating means (18). 1O PatentansprUche 1.
Tonsignalverarbeitungseinrichtung fir eine elektronisches Musikinstrument,
mit einer Tonsignalerzeugungseinrichtung (18) zum Erzeugen eines digitalen
Tonsignals, das die Tonhohe eines zu erzeugenden Tons angibt; und 75
einer Digitalfiltereinrichtung (21,22;111), die das digitale Tonsignal
empfangt und das digitale Tonsignal 



einer Digitalfilteroperation mit einer Basis-Operationsperiode unterzieht
und derart ausgebildet ist, dal3 sie das digitale Tonsignal bei der
Digitalfilteroperation um eine Einheits-Verzogerungszeit verz6gert, dadurch
gekenzeichnet, daB die Tonsignalverarbeitungseinrichtung ferner aufweist:
v-~o      eine TonhBhensynchronisiersignalerzeugungseinrichtung (19;110)
zum Erzeugen eines Tonhohensyn- chronisiersignals (PS), das eine Periode
aufweist, die entsprechend der Periode der Tonh6he des digitalen Tonsignals
variiert, und wobei die Basis-Operationsperiode in der
Digitalfiltereinrichtung (21,22:111) derart erzeugt wird, daB sie synchron
zu der Periode des Tonhdhensynchronisiersignals (PS) ist. 25 2.
Tonsignalverarbeitungseinrichtung nach Anspruch 1, ferner mit einer
Bezeichnungseinrichtung (PASY) zum Bezeichnen entweder von
Tonhohen-Synchronisiersignalen oder Tonhohen-Nichtsynchronisiersi- gnalen,
wobei die Digitalfiltereinrichtung (21,22;1 1)'das digitale Tonsignal
ungeachtet der Tonhohe des K>         digitalen Tonsignals statt zu der von
dem Tonhihensynchronisiersignal (PS) bestimmten Periode zu 30     jeder
vorbestimmten Periode der Filteroperation unterzisht, wenn die
Nichtsynchronisierung von der Bezeichnungseinrichtung (PASY) bezeichnet
ist. 3. Tonsignalverarbeitungseinrichtung nach Anspruch 1 oder 2, bei der
die Digitalfiltereinrichtung aufweist: eine Verzogerungseinrichtung (71,72)
zum aufeinanderfolgenden Verz6gern von Abtastwertdaten des 35     digitalen
Tonsignals synchron mit dem Tonhohensynchronisiersignal, zur Erzeugung von
Abtastwertda- ten mehrerer Ordnungen; und einer Operationseinrichtung (79)
zum Multiplizieren von Abtastwertdaten jeder Verzogerungsordnung mit einem
Filterkoeffizienten entsprechender Ordnung. 40  4.
Tonsignalverarbeitungseinrichtung nach einem der Ansprlche 1-3, bei der die
Tonhbhensynchronisier- signalerzeugungseinrichtung (19) die
Tonh6hensynchronisiersignale, die Tonsignalen mehrerer Kanale entsprechen,
auf Zeitteilungsbasis erzeugen und die Digitalfiltereinrichtung (21, 22)
die Filteroperation fir die Tonsignale mehrerer Kanale, die auf
Zeitteilungsbasis zugefUhrt werden, auf Zeitteilungsbasis durchfUhrt. 45 5.
Tonsignalverarbeitungseinrichtung nach Anspruch 4, ferner mit
FilterkoeffizientenzufUhreinrichtungen (48,49) zum ZufUhren von den
mehreren Kanalen entsprechenden Filterkoeffizienten auf Zeitteilungsba-
sis, wobei die Digitalfiltereinrichtung die auf Zeitteilungsbasis
zugefihrten Filterkoeffizienten empfangt und mittels der den mehreren
Kanalen gemeinsamen Operationseinrichtung (79) die Filteroperation auf 50
Zeitteilungsbasis durchfUhrt. 6. Tonsignalverarbeitungseinrichtung nach
einem der AnsprUche 1-5, bei der die Tonh3hensynchronisier-
signalerzeugungseinrichtung (19) die TonhShensynchronisiersignale (PS1),
die Tonsignalen mehrerer Kanale (Chl-Ch8) entsprechen, auf
Zeitteilungsbasis erzeugt und die Digitalfiltereinrichtung (21,22) 55
aufweist: Einrichtungen (38), um flr jeden Kanal als Reaktion auf jedes der
Tonh6hensynchronisiersi- gnale mit einer Zeitteilungskanalzeitgebung, die
sich von diesem Tonh5hensynchronisiersignal unter- scheidet, ein
Filteroperationsanforderungssignal (+F1f4F8) zu erzeugen, und Einrichtungen
(39-50) zum Durchf~hren der Filteroperation entsprechend diesem
Filteroperationsanforderungssignal. 38    7.
Tonsignalverarbeitungseinrichtung nach einem der AnsprUche 1-6, bei der die
Digitalfiltereinrichtung (21,22) ferner eine rnehrstufige
Schieberegistereinrichtung (71,72) zum aufeinanderfolgenden Verschie- ben
von Abtastwertdaten des digitalen Tonsignals und eine den jeweiligen
Ordnungen gemeinsame Multiplikationsoinrichtung (79) aufweist, die oein
Ausgangssignal elner vorbestinmten Stufe der Schiebe- 5
registereinrichtuing empfangen: und lorner Einrichtungen (48) zum auf
Zeitteilui~gsbasis erfolgenden Zuflhren von Filterkoeffizienten jeweiliger
Ordnungen zu der Multiplikationseinrichtung (79) aufweist; und bei der die
Schieberegistereinrichtung (71,72) die Verschiebung synchron mit
Zeitteilungszeitgebungen der Filterkoeffizienten und zudem synchron mit dem
Tonhohensynchronisiersignal durchfUhrt. 10 .
Tonsignalverarbeitungseinrichtung nach einem der Anspriche 2-7, bei der die
Digitalfiltereinrichtung (21.22) die Filteroperation flJr Tonsignale
mehrerer Kangle durchfuhrt; die Bezeichnungseinrichtung cin
Tonh6hen-Synchronisier/Nicht-Synchronisiersignal(PASY) fOr jeden Kanal
erzeugt; und is     die Digitalfiltereinrichtung (21,22) unabhangig fOr
jeden Kanal eine mit der Tonhohe synchronisierte 



Filteroperation oder eine mit der Tonhohe nichtsynchronisierte
Filteroperation durchfUhrt. 9. Tonsignalverarbeitungseinrichtung nach einem
der AnsprUche 2-8, die ferner eine Tonh6hensteuerein- richtung (13) zum
Steuern der Tonhohe elnes Tonsignals aufweist und bei der das Tonh6hen- 20
Synchronisier/Nicht-Synchronisier-Bezeichnungssignal (PASY) ein mit der
Tonh6he nicht synchronisler- te Filteroperation bezeichnet, wenn die
Tonlihoe von der Tonhohensteuereinrichtung gesteuert wird, und eine mit der
Tonhohe synchronisierts Filteroperation bezeichnet, wenn die Tonhdhe nicht
gesteuert wird. 25  10. Tonsignalverarbeitungseinrichtung  nach einem  der
AnsprUche 1-9, bei der die Filtereinrichtung (21.22;1 11) die
Grundkonstruktion eines Filters mit endlicher Impulsantwort aufweist. 11.
Tonsignalverarbeitungseinrichtung nach einem der Anspriche 1-10, ferner mit
einer Parametererzeugungseinrichtung (48,49) zum Erzeugen eines G;
eradzahl/Ungeradzahl-Parameters 30     (EOA1-EOA4,EOB1-EOB4), der die
Ordnung der Filteroperation entweder auf eine gerade Zahl oder eine
ungerade Zahl einstellt; und Schalteinrichtungen (SL1-5) zum Schalten der
Ordnung der Verzogerung in der Digitalfiltereinrichtung zwischen einer
vorbestimmten geradzahligen Ordnung und einer vorbestimmten ungeradzahligen
Ordnung als Reaktion auf den Geradzahl/Ungeradzahl-Parameter. 35 12.
Tonsignalverarbeitunigseinrichtung nach Anspruch 11, bei der die
Parametererzeugungseinrichtung (48,49) Filterkoeffizienten zusammen mit den
Geradzahl/Ungeradzahl-Parametern erzeugt. 13.
Tonsignalverarbeitungseinrichtung nach Anspruch 11, bei der die
Parametererzeugungseinrichtung 40     (48,49), wenn die
Filtercharakteristik der Digitalfiltereinrichtung auf eino Bandpal3- oder
TiefpaBcharakte- ristik singestellt ist, einen
Geradzahl/Ungeradzahl-Parameter erzeugt, der die Ordnung auf eine gerade
Zahi einstellt und, wenn die Filtercharakteristik auf eine
HochpaBcharakteristik eingestellt ist, einen
Geradzahl/Ungeradzahl-Parameter erzeugt, der die Ordnung auf eine ungerade
Zahl einstellt. 45  14. Tonsignalverarbeitungseinrichtung nach einem der
AnsprOche 1-13, bei der die Digitalfiltereinrichtung (21,22) aufweist:
einer Koeffizientenzufihreinrichtung (48,49), die ffr eine Filteroperation
N-ter OrdnungFilterkoeffizien- ten der Ordnungen Nl2 zufilhrt, wenn N eine
gerade Zahl ist, und Filterkoeffizienten der Ordnungen (N + 1)/2 zufUhrt,
wenn N eine ungerade Zahl ist; 50     eine Verzogerungseinrichtung (71,72)
zum aufeipanderfolgenden Verz6gern von Abtastwertdaten des digitalen
Tonsignals, umr dadurch Abtastwertdaterr N-ter Ordnung zu erzeugen; und
eine Operationseinrichtung (77-79) zum DurchfUhren einer vorbestimmten
Filteroperation einschlieBlich des Multiplizierens jeweils zweier
Abtastwertdaten, die in der Verz6gerungseinrichtung (71,72) in bezug auf
das Zentrum von N Ordnungen unter den Abtastwertdaten von N Ordnungen an
symmetrischen 55      Positionen positioniert sind, mit einem gemeinsamen
der Filterkoeffizienten, und des Multiplizierens jeweiliger Abtastweltdaten
mehrerer Satze der zwei Abtastwerldatern (N!2 Satze, wenn N eine gerade
Zahl ist, und (N-1.2) Satze, wenn N eine ungerade Zahl ist) mit den
Filterkoeffizienten, wobei die im Zentrum der Symmetrie positionierten
Abtastwerldaten mit einem einzigen Filterkoeffizienten multipli-    * c   L
14  S ziert werden, wenn N eine ungerade Zahl ist. 15.
Tonsignalverarbeitungseinrichtung nach Anspruch 14, bei der jeder von der
Koeffizientenzufihreinrich- tung (48.49) zugefihrte Filterkoeffizient aus
Filterkoeffizientendaten (COE) und Gewichtungsdaten (WEI) 5      zum
Gewichten der Filterkoeffizientendaten besteht und die Multiplikation in
der Operationseinrichtung (77-79) durchgefuhrt wird durch Multiplizieren
von Abtastwertdaten jeder Ordnung mit den entsprechen- den
Filterkoeffizientendaten (COE) und Verschiebeii der aus dieser
Multiplikation resultierenden Daten entsprechend den Gewichtungsdaten
(WEI). lo  16. Tonsignalverarbeitungseinrichtung nach Anspruch 14, bei der
die Operationseinrichtung (77-79) einen Addierer (77) zum Addieren der
belden an den symmetrischen Positionen positionierten Abtastwertda- ten und
elnen Multiplizierer (79) zum Multiplizieren eines Ausgangssignals dieses
Addlerers mit dam gemeinsamen Filterkoeffizienten aufweist. t5  17.
Tonsignalverarbeitungseinrichtung nach Anspruch 14, bei der die
Filteroperation in der Operationsein- richtung (77-79) eine solche mit
infiniter Impulsantwort ist. 18. Tonsignalverarbeitungseinrichtung nach
einem der AnsprUche 1-17, ferner mit ersten
FilterparameterzufUhreinrichtungen (45, 47) zum Zufihren eines Satzes von
ersten Filterparame- tern, die keine zeitliche Veranderung erfahren;
zweiten FilterparameterzufUhreinrichtungen (26, 28;44) zum ZufUhren eines
Satzes von zweiten Rlterpa- 



rametern, die zeitlich variieren; und einer Wahieinrichtung (46) zum W~hlen
entweder der ersten Filterparameter oder der zweiten Filterpa- rameter und
zum Zufihren des gewAhIten Filterparameters an die
Digitalfiltereinrichtung. 25 19. Tonsignalverarbeitungseinrichtung nach
Anspruch 18, be! der die Ordnung der einen Satz der zweiten
Filterpararmeter bildenden Filterkoeffizienten geringer ist als die Ordnung
der einen Satz der ersten Filterparameter bildenden Filterkoeffizienten. 30
20. Tonsignalverarbeitungseinrichtung nach Anspruch 19, bei der die ersten
und zweiten Filterparameterzu- fUhreinrichtungen (45,47;26,28) jeweils
Filterkoeffizienten jeweiliger Ordnungen liefern, die seriell und auf
Zeitteilungsbasis einen Satz von Filterparametern bilden. 21.
Tonsignalverarbeitungseinrichtung nach Anspruch 19, bei der jeder
Filterparameter aus einem Filterko- 35     effizienten (COE) und einer
Gewichtung (WEI) besteht und die Digitalfiltereinrichtung (21,22) die
Muitiplikation der Abtastwertdaten mit den Filterkoeffizienten durch
Multiplizieren der Abtastwertdaten jeweiliger Ordnungen mit den
entsprechenden Filterkoeffizienten und Verschieben der aus dieser
Multiplikation resultierenden Daten entsprechend der Gewichtung (WEI)
durchfUhrt. 40  22. Tonsignalverarbeitungseinrichtung nach einem der
AnsprOche 1-21, ferner mit einer Parameterspeichereinrichtung (47) zum
Speichern mehrerer S9tze von Filterparametern; einer
Parameteradressenspeichereinrichtung (47), um in der
Parameterspeichereinrichtung Adressen flr die Filterparameter zu speichern,
die aus der Parameterspeichereinrichtung entsprechend einer Kombi- nation
aus Parameterbestimmungsfaktoren auszulesen sind; und 45     einer
Ausleseeinrichtung (45) zum Auslesen von Adressendaten aus der
Parameteradressenspeicher- einrichtung entsprechend der Kombination der
Parameterbestimmungsfaktoren und zum  Auslesen eines Satzes von
Filterparametern aus der Parameterspeichereinrichtung entsprechend den
ausgelese- nen Adressendaten, wobei die ausgelesenen Filterkoeffizienten
der Digitalfiltereinrichtung zugefthrt werden. 50 23. Elektronisches
Musikinstrument nach einem der Ansprtche 1-22, mit einer
Tonh6henbezeichnungseinrichtung (10) zum' Bezeichnen der Tonh6he eines zu
erzeugenden Tons; einer Zuordnungseinrichtung (14) zurn Zuordnen der
Erzeugung eines die bezeichnete Tonhohe 55     aufweisenden Tonsignals zu
einem der mehreren Kanale; wobei die Tonsignalerzeugungseinrichtung (18)
das digitale Tonsignal Kanal um Kanal entsprechend der Zuordnung durch die
Zuordnungseinrichtung erzeugt; und die Digitalfiltereinrichtung (21,22) die
Digitalfilteroperation Kanal um Kanal fOr von der Tonsignalerzeu- 40    EP
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gungseinrichtung (18) erzeugte digitale Tonsignale jeweiliger Kanale
durchfUhrt. Revendications 5  1. Dispositif de traiternent d'un signal
sonore pOUI un instrument musical 6lectronique, comprenant: un moyen de
g9n~ration de signal sonore (18) clestine a gdnnrer tin signal sonore
digital ayant une hauteur de son a gen6rer, et               ' un moyen de
filtre digital (21, 22; 111) destin6 a recevoir ledit signal sonore digital
et a effectuer une op6ration de filtrage digitale sur ledit signal sonore
digital avec une p6riode d'op6ration de base qui est w0     conque pour
6tablir un temps de temporisation unitaire pour temporiser ledit signal
sonore digital au cours de ladite operation de filtrage digitale,
caract6ris6 en co qu'il comprond, on outre: un moyen de g~n6ration de
signaux de synchronisation de hauteur (19; 110) destine a generer un signal
de synchronisation de hauteur (PS) ayant une p6riode variant selon la
p6riode de la hauteur is    cdudit signal sonore digital, et dans lequel
ladite p6riode c'operation de base dans ledit moyen de filtre digital (21,
22; 111) est 6tablie de maniere a etre synchrone avec la p6riode dudit
signal de synchronisation de hauteur (PS). 2. Dispositif de traiternent
d'un signal sonore suivant la revendication 1. qui comprond, en outre, un
20     moyen de d6signation (PASY) destin6 a designer l'un ou l'autre parmi
des signaux de synchronisation ou do non-synchronisation de hauteur et dans
lequel ledit moyen de filtre digital (21, 22: 113) effectue l'op4ration de
filtrage sur ledit signal sonore digital b chaque p6riode pr6d6termin6e
sans rapport avec ladite hauteur dudit signal sonore digital au lieu de
ladite periode d6terminee par ledit signal de 



synchronisation de hauteur (PS) lorsque la non-synchronisation est designee
par ledit moyen de 25     designation (PASY). 3  Dispositif de traitement
d'un signal sonore suivant la revendication 1 ou 2, dans lequel ledit de
moyen de filtre digital comprend: J)          un moyen de temporisation
(71, 72) destin6 Ai temporiser successivement des donn~es de valeur 30
6chantillonn6es du signal sonore digital en synchronisme avec le signal de
synchronisation de hauteur, pour fournir des donn~es de valeur
echantillonnees d'une pluralit6 d'orcdres, et un moyen d'operation (79)
destin6 a multiplier les donn6es de valeur 6chantillonn6es de chaque ordre
de temporisation par un coefficient de filtrage de l'ordre correspondant.
35  4. Dispositif de traitement d'un signal sonore suivant l'une des
revendications 1 a 3, dans lequel le moyen de g6neration de signaux de
synchronisation de hauteur (19) g6nroe les signaux de synchronisation de
hauteur correspondant a des signaux sonores d'unle pluralit de canaux sur
Line base de temps partage et ledit moyen cle filtre digital (21, 22)
effectue l'op6ration de filtrage sur une base de temps partage en rapport
avec les signaux sonores d'une pluralite do canaux appliqu6s sur une base
de temps partag6. 40 5. Dispositif de traitement d'un signal sonore suivant
la revendication 4, qui comprend, en outre, un moyen de fourniture de
coefficients de filtration (48, 49) destini a' fournir des coefficients de
filtration correspondant a 1a pluralite de canaux sur une base de temps
partagd et dans lequel ledit moyen de filtre digital regoit les
coefficients de filtrage fournis sur uLne base de temps partage et effectue
45     l'op6ration de filtrage sur une base de temps partag6 a l'aide du
moyen d'op6ration (79) commun a la plUralite de canaux. 6. Dispositif de
traitement d'un signal sonore suivant l'une des rovendications 1 A 5, dans
lequel le moyen de generation de signaux de synchronisation de hauteur (19)
genere les signaux de synchronisation de 50     hauteur (PS1) correspondant
a des signaux sonores d'une pluralite de canaux (Ch1-Ch8) sur une base de
temps partage et ledit moyen de fillre digital, (21, 22) comprend un moyen
(38) de g6neration de signaux de demande d'op6ration de filtrage (HF1-OF8)
destine a gen6rer un signal de demande d'op6ration de filtrage (OF1-#F8) en
rapport avec chaque canal en r6ponse a chacun des signaux de
synchronisation de hauteur suivant une distribution de canaux a division de
temps qui est differente de 55     ce signal de synchronisation do hauteur
et un moyen (39-50) destine A effectuer l'op6ration de filtrage selon ce
signal de demande d'op6ration de filtrage. 41    7. Dispositif de
traitement d'un signal sonore suivant l'une des revendications 1 a 6, dans
lequel ledit moyen de filtre digital (21, 22) comprend, en outre, un moyen
de registre a d~calage (71, 72) a plusieurs etages, destine & decaler
successivement les donnees de valeur dchantillonnees du signal sonore
digital et un moyen multiplicateur (79) commun aux ordres respectifs
destine a recevoir un 5      signal de sortie d'un etage prdd6termin6 dudit
moyen de registre a d6calage; qui comprend, en outre, un moyen (48) destin6
a fournir des coefficients de filtration d'ordres respectifs audit moyen
multipticateur (79) sur une base de tem Ps partag6, et dans loquel ledit
moyen de registre a ddcalage (71, 72) effectue le d6calage en synchronisme
avec les distributions de division de temps des coefficients de filtrage et
egalement en synchronisme avoc le 10     signal de synchronisation de
hauteur. 8. Dispositif de traitement d'un signal sonore suivant l'une des
revendications 2 A 7, dans lequel ledit moyen de filtre digital (21, 22)
effectue l'opkration de filtrage en rapport avec les signaux sonores d'une
K>        pluralite de canaux, 75     ledit moyen de designation genere un
signal de synchronisation/non-synchronisation de hauteur (PASY) pour chaque
canal, et ledit moyen de filtre digital (21, 22) effectue une op6ration de
filtrage synchronis6e avec la hauteur ou une operation de filtrage
non-synchronisde avec la hauteur, inddpendamment pour chaque canal. 9.
Dispositif de traitement d'un signal sonore suivant l'une des
revendications 2 a 8, qui comprend, en outre, un moyen de commande de
hauteur (13) destin A commander la hauteur d'un signal sonore et dans
lequel le signal de designation de synchronisation/non-synchronisation de
hauteur (PASY) designe une op6ration de filtrage non-synchronis6e avec la
hauteur lorsque la hauteur est commandee par ledit moyen de commande de
hauteur et d6signe une operation de filtrage synchronisee avoc la hauteur
25     lorsque la hauteur n'est pas commandee. 10. Dispositif de traitement
d'un signal sonore suivant l'une des revendications 1 A 9, dans lequel le
moyen de filtre (21, 22; 111) presente une coostruction de base d'un filtre
a r6ponse impulsionnelle finie. 



30  11. Dispositif de traitement d'un signal sonore suivant ;l'une des
revendications 1 & 10, qui comprend, en outre: un moyen de g6n6ration de
parambtres (48, 49) destin6 a g6n6rer un parametre pairtimpair (EOA1- EOA4,
EOB1-EO84) qui etablit l'ordre de l'op6ration de filtrage soit d un nombre
pair, soit A un nombre impair, et 35     un moyen de commutation (SL15)
destine A commuter l'ordre de tomporisation dans ledit moyen de filtre
digital entre un ordre & nombre pair pr6d6termin6 et un ordre h nombre
impair predktormine, on rdponse au parametre pair/impair. 12. Dispositif de
traitement d'un signal sonore suivant la revendication 11, dans lequel
ledit moyen de 40     g6n6ration de parametres (48, 49) engendre des
coefficients de filtrage simultanement avec lesdits parambtres
pairs/impairs. 13 Dispositif de traitement d'un signal sonore suivant la
revendication 11, dans lequel ledit moyen de gen6ration de parametres (48,
49) ongendre un parametre pair/impair qui 6tablit l'ordre a un nombre 45
pair lorsque la caract6ristique de filtrage dudit moyen de filtre digital
est 6tablie en une caract6ristique de passe-bande ou de passe-bas et genere
un parametre pair/impair qui etablit l'ordre b un nombre impair lorsque la
cract6ristique de filtrage est 6tablie en une caract6ristique de
passe-haut. 14. Dispositif de traitement d'un signal sonore suivant l'une
des revendications 1 a 13, dans lequol ledit so     moyen de filtre digital
(21, 22) comprend: un moyen de fourniture de coefficients (48, 49) destin6
a fournir , pour l'op6ration de filtrage d' N-ieme ordre, des coefficients
de filtrage pour N/2 ordres.ls.rsque N est un nombre pair ot des
coefficients do filtrage pour (N + 1)/2 ordres lorsque N est un nombre
impair; un moyen de temporisation (71, 72) destin6 A temporiser
successivement les donnees de valeur 55     6chantillonn6es du signal
sonore digital et fournir ainsi les donn~es de valeur echantillonnees
d'N-ieme ordre, et un moyen d'operation (77-79) destin6 a effectuer une
op6ration de filtrage pred6terminee comportant la multiplication de deux
donn~es de valeur 6chantillonn~es respectives positionndes & des positions
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rapport au centre de N ordres parmi les donnees de valeur 6chantillonn6es
de N ordres dans le rnoyen de temporisation (71, 72) par l'un commun des
coefficients de filtrage et la multiplication de donn6es de valeur
6chantillonn6es respectives d'une pluralite de jeux des deux donn6es de
valeur 6chantillonn6es (N/2 jeux lorsque N est un nombre pair et (N-1/2)
jeux lorsque N est 6      un nombre impair) par lesdits coefficients de
liltrage, tout en multipliant lee donnees de valeur echantillonnees
positionn6e au centre de la symetrie par tin seul coefficient de filtrage
lorsque N est un nombre impair. 15. Dispositif de traitement d'un signal
sonore suivant la rovendication 14. dans lequel chaque coefficient tO
de filtrage fourni par ledit moyen de fourniture de coefficients (48, 49)
se compose de donndes de coefficients de filtrage (COE) et de donn6es de
pond6ration (WEI) pour pond~rer les donnees de coefficients de filtrage et
la multiplication dans ledit moyen d'op~ration (77-79) est effectude en
multipliant les donmies de valeur 6chantillonn6es de chaque ordre par les
donn6es de coefficients de filtrage (COE) correspondantes et en decalant
les donndes qui r6sultent de cette multiplication selon les 16     donnees
de pond6ration (WEI). 16. Dispositif de traitement d'un signal sonore
suivant la revendication 14, dans lequel ledit moyen d'op6ration (77-79)
comprend un additionneur (77) destin6 a additionner les doux donnees de
valeur 6chantillonn6es situees en des positions symetriques et un
multiplicateur (79) destine a multiplier une 20     sortie de cet
additionneur par le coefficient de filtrage commun. 17. Dispositif de
traitement d'un signal sonore suivant la revendication 14, dans lequel
l'op~ration de filtrage dans lodit moyen d'operation (77-79) est d'un type
a reponse impulsionnelle infinie. 25 18. Dispositif de traitement d'un
signal sonore suivant l'une des revendications 1 a 17, qui comprend, en
outre: un premier moyen de fourniture de parametres de filtrage (45, 47)
destine a fournir un jeu de premiers parametres de filtrage qui ne
subissent pas de modification dans le temps, un second moyen de fourniture
de parametres de filtrage (26, 28; 44) destine a fournir un jou de 30
seconds parametres de filtrage qui varient dans le'temps, et un moyen de
s6lection (46) destin6 3 s6lectionner soit les premiers parambtres de
filtrage, soit les seconds param~tres de filtrage et a fournir le parametre
de filtrage sdlectionn6 audit moyen de filtre 



digital. 36 19. Dispositif de traitement d'un signal sonore suivant la
revendication 18, dans lequel l'ordre des coefficients de filtrage
constituent un jeu de seconds parambtres de filtrage est inferieur a
l'ordre des coefficients de filtrage constituant un jeu de premiers
parametres de filtrage. 20. Dispositif de traitement d'un signal sonore
suivant la revendication 19, dans lequel lesdits premier et 40     second
moyons de fourniture de parametres de filtrage (45, 47; 26, 28) fournissent
respectivement des coefficients de filtrage d'ordres respectifs constituant
un jeu de parambtres de filtrage en s6rie et sur .une base de temps
partag6. 21. Dispositif de traitement d'un signal sonore suivant la
revendication 19, dans lequel chaque parambtre 45     de filtrage se
compose de donndes de coefficient de filtrage (COE) et de donnees de
ponderation (WEI) et ledit moyen de filtre digital (21, 22) effectue la
multiplication des donn~es de valour 6chantillonnees par les coefficients
de filtrage en multipliant les donn6es de valeur 6chantillonnees d'ordres
respectifs par les donnees de coefficients de filtrage correspondantes et
en ddcalant les donn6es qui r6sultent de cette multiplication selon les
donn6es de ponddration. 50 22. Dispositif de traitement d'un signal sonore
suivant l'une des revendications 1 a 21, qui comprend, en outre: un moyen
de m6moire de parametres (47) destin6 A enregistrer une pluralit6 de jeux
de param6tres de filtrage, 65     un moyen de m6moire d'adresses de
parambtres (47) destin6 a enregistrer des adresses dans ledit moyen de
m6moire de parametres pour les parametres de filtrage a lire dudit moyen de
m~moire de parametres selon une combinaison de facteurs de determination de
parametres, et un moyen de lecture (45) destin6 a lire des donn6es
d'adresses dudit moyen de memoire d'adresses 43    EP 0 229 926 B1
C c     ,    s de parametres selon la combina'son des facteurs de
ddtermination de paramctres et i lire un jeu de parambtres de filtrage
dudit moyen de m6rrmoira de pararnbtres selon les donn6es d'adresses de
lecture, le coefficient de filtrage de lecture etant fourni audit moyen de
filtre digital. 5 23. Instrument musical 6lectronique suivant l'une des
revendications I a 22, comprenant un moyen de designation de hauteur (10)
destine a d6signer la hauteur d'un son a g6nerer, un moyen d'attribution
(14) destine A attribuer la g6n6ration d'un1 signal sonore ayant la hauteur
10     ddsignee a l'un d'unc pluralitb de canaux, ledit moyen de generation
de signaux sonores (18) generant ledit signal sonore digital canal par
canal, selon l'attribution pa' ledit moyen d'attribution, et ledit moyen de
filtre digital (21, 22) effectuant l'operation de filtrage digitale, canal
par canal, en rapport avec los signaux sonores digitaux des canaux
respectifs g~n6r6s par ledit moyen de generation de 15     signaux sonores
(18). 25 30 35 40 45 50 55 44    


