
EP 0273447 B1 Description This invention relates to a tone signal
generation device performing removal of an aliasing noise and tone color
control utilizing a digital filter operation and, more particularly, to a
tone signal generation device 5  capable of performing a digital filter
operation of a good quality with a relatively simple hardware structure. In
an electronic musical instrument, a digital filter is utilized for
controlling the tone color of a digital tone signal or removing noise. For
example, in a tone synthesis method called a pitch non-synchronizing type
tone synthesis method according to which a tone signal is synthesized by
conducting sampling with a constant sampling frequency irrespective of the
frequency of a tone to be synthesized, the frequency of the 10 tone and the
sampling frequency are generally in non-integer ratio relation and,
accordingly, as will be apparent from the sampling theorem, an aliasing
noise which is not harmonic with the tone frequency tends to be generated
and removal of such aliasing noise becomes necessary. For removing such
aliasing noise contained in a pitch non-synchronizing type tone signal, it
has been proposed to cause a tone signal to pass through a digital filter
of characteristics capable of removing the aliasing noise (US-A-4,701,956).
15      In such method according to which a tone signal is caused to pass
through a digital filter for the removal of aliasing noise, a filter
operation of high accuracy must be performed by using a sufficiently large
number of filter orders. This however poses the problem that it
necessitates a complicated filter construc- tion. If, for example, the
digital filter is one of 96 orders, filter operations for all of the 96
orders must be performed so that a circuit design enabling all of such
filter operations must be employed. The same problem arises in not only a
digital filter for removing aliasing noise but digital filters for tone
color control and other purposes, i.e., in the prior art digital filters,
filter operations must be performed for all orders if desired filter
characteristics should be realized. US-A-4 036 096 describes a tone signal
generator capable of producing a desired waveshape by previously storing
basic amplitudes obtained by sampling one period of the waveshape at a
coarse interval 25 and calculating amplitudes with a fine interval between
the basic amplitudes. The basic amplitudes are sequentially produced at a
coarse interval in response to an integer portion of the input data. A
function is produced in response to a fraction portion of the input data.
Waveshape amplitudes are interpolated between the basic amplitudes. In
US-A-4 246 823, a waveshape generator of the memory reading type is
disclosed. A waveshape 30  memory stores sample values of a wave, each
value being represented by an integral address. A coefficient memory stores
coefficients for nth order interpolation. Unknown intermediate sample
values not stored in the waveshape memory represented by non-integral
addresses are approximated by multiplication of stored sample values of the
waveshape and corresponding coefficient values on the basis of nth order
interpola- tion. 35     Each of the mentioned U.S. patents discloses a
technique of interpolating between adjacent two waveshape sample points.
However, such an interpolation technique allows only to produce a coarsely
sampled waveshape at finer sample intervals. The known tone signal
generation systems do not make use of the technique of digital filtering of
tone signals. It is an object of the invention to provide a tone signal
generation device which, in performing tone 40 colour control or removing
of aliasing noise by utilizing a digital filter, can perform a filter
operation of high accuracy with a relatively simple hardware structure. The
tone signal generation device of the present invention has the features of
claim 1,8 or 9, respectively. The tone signal generation device according
to the invention comprises address signal generation 45 means for
generating an address signal-consisting of an integer section and a decimal
section, the value of said address signal changing at a rate corresponding
to tone pitch of a tone to be generated, tone waveshape data generation
means responsive to said integer section for generating tone waveshape in
the form of sampled value, filter coefficient supply means capable of
supplying m filter coefficients for selecting and supplying n filter
coefficients from among said m filter coefficients in respect to said
decimal secion 50  (where n < m), and digital filter operation means having
an m-order structure for digital filtering said tone waveshape by
performing filter operation of m orders with respect to n sampled values of
said tone waveshape in accordance with said n filter coefficients. The
address signal generation means generates an address signal consisting of
an integer section and a decimal section and changes at a rate
corresponding to tone pitch of a tone to be generated. As is 55 generally
known, the integer section of an address signal is of a coarser resolution
than the decimal section 



thereof. The tone waveshape data generation means generates tone waveshape
sampled data in accor- dance with the integer section of this address
signal. The resolution of the tone waveshape sampled data prepared by the
tone waveshape data generation means therefore may be of a relatively
coarse one. For 2    EP 0 273 447 B1 example, tone waveshape sampled data
may be prepared with accuracy in the order of 64 division per one period of
a waveshape as in the prior art pitch synchronizing type tone signal
generation device. The sampling frequency In this case may either be in
synchronization with the pitch or not in synchronization with it. In the
pitch non-synchronizing type tone signal generation device, the tone
waveshape sampled data 5  may be prepared with resolution which is as
coarse as the one used in the pitch synchronizing type one. For example, in
the prior art pitch non-synchronizing type tone signal generation device,
it is a general practice for eliminating the adverse effect of aliasing
noise to a maximum extent to increase the resolution of waveshape and
increase the sampling frequency. For example, waveshape data is generally
prepared with an accuracy of 1,000 to 16,000 division per one period of a
waveshape. Such accuracy requires a 10 waveshape memory of a relatively
large capacity. Due to the requirement for a waveshape memory of such large
capacity, the method of increasing the sampling frequency is unsuitable for
a tone signal generation system in which a waveshape of a relatively large
section such as continuous waveshape of plural periods is stored in a
waveshape memory and read out therefrom, though this method may be
acceptable in a tone signal generation system in which a waveshape of a
relatively short section such as a waveshape of one 15 period only is
stored in a waveshape memory and read out therefrom. On the other hand, in
a tone signal synthesis method called a pitch synchronizing type tone
synthesis method in which the sampling frequency is caused to be
synchronized with the frequency of a tone to be synthesized, the tone
frequency (i.e., pitch) is in harmony with the sampling frequency and,
accordingly, a component produced by aliasing is harmonized with the tone
frequency and does not become a noise. Therefore, there arises little
problem if 20 waveshape data is prepared with a relatively coarse accuracy
in the order of 64 divisions per one period of waveshape. Accordingly, this
method is suitable for a tone signal generation system in which a waveshape
of a relatively long section such as continuous waveshape of plural periods
is stored in a memory and read out therefrom. In contrast thereto,
according to the invention, it will suffice if tone waveshape sampled data
is prepared 25 with resolution which is as coarse as the pitch
synchronizing type tone signal generation system irrespective of whether
the sampling frequency is synchronized with the pitch or not. Accordingly,
this invention is suitable both for the tone signal generation system in
which a waveshape of a relatively short section such as a waveshape of one
period only is stored in a waveshape memory and read out therefrom and for
the tone signal generation system in which a waveshape of a relatively long
section such as 30  waveshape of plural period is stored in a waveshape
memory and read out therefrom. The filter coefficient supply means selects
and supplies, in response to the decimal section of the address signal, n
coefficient data from among coefficient data corresponding to filter
coefficients of m orders (where n < m) The digital operation means performs
filter operations for m orders with respect to tone waveshape data of n
sample points by using tone waveshape data of n sample points generated by
35 the tone waveshape data generation means. By this arrangement, filter
operation is performed which is equivalent to implementing accurate filter
operations of m orders (despite that filter operations of n orders are
actually performed) with respect to tone waveshape sampled data of high
accuracy (this is not actually prepared by the tone waveshape data
generation means) having resolution of the decimal section of the address
signal. A theoretical explanation in this respect will be made later. 40
Owing to the foregoing structure, the following advantages will be brought
about: (1) Since the resolution of tone waveshape sampled data prepared
actually by the tone waveshape sampled data generation means may be a
relatively coarse one corresponding to the integer section of the address
signal, the circuit design can be simplified. (2) Since filter operations
may be actually performed with respect to orders of a limited number
corresponding to waveshape data of n sample points which is smaller 45 than
m, simplification of the digital filter circuit can be realized. (3) Since
the actual filter operation becomes equivalent to performing accurate
filter operations of m orders with respect to tone waveshape sampled data
having resolution of the decimal section of the address signal, various
benefits brought about by an 



accurate filter operation with respect to tone waveshape data of high
resolution, e.g., accurate cutting off of unnecessary noise component with
resulting production of a tone signal of a good quality, can be obtained.
50     In one aspect of the invention, the filter coefficient supply means
is capable of supplying a filter coefficient group value corresponding to a
total of one or more filter coefficients among filter coefficients of m
orders and selects and supplies, in response to the decimal section of the
address signal, n (n < m) filter coefficient group values as the
coefficient data. By this arrangement, the above described advantages can
be achieved and besides the accuracy in the filter operation can be further
increased without making the 55 hardware structure more complicated. By
operating a filter coefficient value corresponding to a total of plural
filter coefficients with respect to tone waveshape data of one sample
point, the filter operation itself can be completed by a single operation
but, nevertheless, it becomes equivalent to operating filter coefficients
constituting filter coefficient group values individually and separately
with respect to continuous 3    EP 0 273 447 B1 plural sampled data of the
same value (i.e., plural sampled data held at the O-th order) with a result
that the level of an aliasing component thereby is attenuated and the
quality of the tone signal is improved. Preferred, embodiments of the
invention will now be described with reference to the accompanying
drawings. 5    In the accompanying drawings, Fig. 1 is a block diagram
showing a basic structure of an embodiment of the tone signal generation
device according to the invention; Figs. 2a - 2d are waveshape diagrams
showing an example each of waveshape sampled data at respective stages
based on the general sampling frequency conversion theory; 10    Figs. 3a -
3e are diagrams showing an example each of spectrum  envelopes of the
respective waveshape sampled data; Figs. 4a - 4e are diagrams for
explaining principle of the digital filter operation in the present
invention; Fig. 5 is a diagram showing an example of actually measured
amplitude-frequency characteristics of a FIR low-pass filter realized
according to the invention; 15    Fig. 6 is an example of actually measured
spectrum of a sinusoidal wave signal which has passed through the low-pass
filter of the characteristics shown in Fig. 5; Fig. 7 is a block diagram
showing an example of the filter coefficient supply means and the digital
filter operation means in Fig. 1; Fig. 8 is a block diagram showing a more
specific embodiment of the tone signal generation device 3    according to
the invention; Fig. 9 is a time chart showing timing relations of
arithmetic operations and other operations in the embodiment shown in Fig.
8; Figs. 10a - 10c are diagrams for explaining a digital filter operation
in another embodiment of the invention; 25    Fig. 11 is a block diagram
showing another embodiment of the invention associated with Fig. 10; and
Fig. 12 is a time chart showing timing relations of arithmetic operations
and other operations in the embodiment of Fig. 11. Fig. 1 is a basic block
diagram showing an embodiment of the invention. Reference character 1
designates address signal generation means, 2 tone waveshape data
generation means, 3 filter coefficient 30  supply means and 4 digital
filter operation means. As described previously, the address signal
generation means 1 generates an address signal consisting of an integer
section IAD and decimal section FAD at a rate corresponding to tone pitch
of a tone to be generated. The tone waveshape data generation means 2
generates tone waveshape sampled data in response to the integer. section
lAD of the address signal. The filter coefficient supply means 3 selects
and supplies n filter coefficients among filter coefficients of m 35 orders
(n<m) in response to the decimal section FAD of the address signal. The
digital filter operation means 4 performs filter operations for m orders
with respect to tone waveshape data for n sample points, using these n
filter coefficients and tone waveshape data for n sample points generated
by the tone waveshape data generation means. In this embodiment, sampling
frequency fs is constant irrespective of pitch of a tone to be generated 



40  (i.e., pitch non-synchronizing type) and the digital filter operation
means 4 realizes low-pass filter char- acteristics using a frequency of
fs/2 as cut-off frequency for removing an aliasing noise. For explaining
basic principle of the tone signal generation device according to the
invention, the operation of the digital filter which constitutes a
prerequisite to the invention will be described first with reference to
Figs. 2a - 2d and 3a - 3e. 45     Figs. 2a - 2d show an example of
waveshape diagram based on the general sampling frequency conversion theory
and Figs. 3a - 3e show an example of its spectrum envelope. Fig. 2a is a
diagram showing an example of the tone waveshape sampled data sampled with
the sampling frequency fs with respect to some sample points. Let us assume
that the tone waveshape sampled data of Fig. 2a is applied to a digital
filter which 50 operates at a sampling timing with a frequency (M * fs)
which is M times as large as the sampling frequency fs of the data. In this
case, there are M periods ts/M of the frequency M * fs in one period ts =
1/fs of the sampling frequency fs. The sampled data is not generated at all
of M filter operation timings in one sampling time of the tone waveshape
sampled data of Fig. 2a but the sampled data is generated at only one
timing among M filter operation timings in one period ts of the sampling
frequency fs and the 55 sampled value is "o" at the remaining timings M -
1. This example in which the tone waveshape sampled data of Fig. 2a is
generated at a rate of one timing per M sampling timing of the frequency M
fs and the sampled value is "O" at the remaining timings of M - 1 per M is
shown in Fig. 2b. 4    EP 0 273 447 B1 This tone waveshape sampled data of
Fig. 2b is applied to the digital filter where filter operation is
performed at the sampling timing of the frequency M * fs. Alternatively
stated, filter coefficients of respective orders are operated with respect
to tone waveshape data at sample points at which one sampling frequency is
ts/M (which data should have effective sampled value at one sampling timing
per M timings 5  and sampled value of "O" at the remaining M - 1 timings
per M timings). By this arrangement, as shown in Fig. 2c, tone waveshape
data in which sampled values are densely generated in correspondence to the
respective sampling timings of M * fs. This is because filter operation is
performed at each sampling timing of the frequency M ' fs and, in the
filter operation at each sampling timing, an output signal is obtained by
convolution sum of each filter order and a corresponding sampled value. 10
By resampling tone waveshape data in which sampled value have been densely
generated as shown in Fig. 2c with a desired sampling frequency, tone
waveshape sampled data which has been coverted to a desired sampling
frequency can be obtained. Fig. 2d shows an example of tone waveshape data
obtained by such resampling with a desired sampling frequency. In this
case, if the desired sampling frequency which should be resampled is M *
fs/N, this frequency can be obtained by resampling the waveshape data 15 of
Fig. 2c at a rate of once in N times of the sampling timing of M I fs. By
the above described processing, tone waveshape data with the sampling
frequency fs can be resampled to the sampling frequency of M * fs/N. In the
illustrated example, M is 4 and N is 3. Fig. 3a is a diagram showing an
example of spectrum envelope of the waveshape of Fig. 2a and Fig. 3b is a
diagram showing an example of spectrum envelope of the waveshape of Fig.
2b. The shape of the 20 spectrum envelope is the same in Figs. 3a and 3b
but the level thereof in Fig. 3b is 1/M of that in Fig. 3a. This is because
the number of effective sampled values (i.e., sampled values which are not
"O") contained in the convolution sum is 1/M of the original number. Fig.
3c shows an example of digital filter characteristics in which the digital
filter is a low-pass filter having fs/2 as its cut-off frequency. Fig. 3d
shows a spectrum envelope of the waveshape of Fig. 2c 25 obtained by
filtering with this low-pass filter characteristics. In this case, aliasing
due to the sampling theorem occurs from the frequency of M ' fs/2. This
frequency is so high that the aliasing does not cause a noise in
resampling. Fig. 3e shows an example of a spectrum envelope of the
waveshape of Fig. 2d. Since the signal level after mere resampling of the
filter output remains at the reduced level of 1/M as described before, the
signal level is restored to the original one by multiplying the level of
the waveshape of Fig. 2d 30  by M in resampling. In the above example, the
digital filter is utilized for conversion of the sampling frequency and is
not directly related to generation of a tone signal by establishing the
tone frequency to a desired pitch. In 



contrast thereto, according to the invention, the digital filter operation
based on the above principle is utilized in generating a tone signal of a
desired pitch. 35     More specifically, an address signal which changes at
a rate corresponding to tone pitch of a tone to be generated is generated
by the address signal generation means 1 and, in generating tone waveshape
sampled data in response to this address signal, the digital filter
operation based on the above principle is utilized. The address signal
consists of an integer section lAD and a decimal section FAD and the tone
waveshape data generation means 2 generates tone waveshape sampled data in
response to this integer 40  section lAD of the address signal. In other
words, the tone waveshape sampled data which can be generated by this tone
waveshape data generation, means 2 corresponds only to resolution of the
integer section lAd of the address signal. An example of tone waveshape
sampled data generated by the tone waveshape data generation means 2 in
response to the integer section lAD of the address signal is shown in Fig.
4a. 45     The decimal section FAD of the address signal represents a finer
phase between adjacent sample points at a sample point determined by the
integer section lAD of the address signal. If, for example, the present
address value designated by the integer section IAD and decimal section FAD
of the address signal is a phase indicated by CAD in Fig. 4a, the present
value of the integer section IAD is for example "3" and the decimal section
FAD is difference between CAD and lAD. That is, CAD = lAD + FAD. 50     For
obtaining a tone waveshape signal of a good quality having little harmonic
distortion, subharmonic distortion or noise, it is desirable to obtain tone
waveshape sampled data with resolution of the decimal section FAD of the
address signal, i.e., in correspondence to the phase of CAD. According to
this invention, this can be realized with a simple circuit construction and
without requiring a particularly high rate of sampling clock by utilizing
the digital filter operation based on the above described principle. For
this 55 purpose, the filter coefficient supply means 3 selects and supplies
n coefficient data from among coefficient data corresponding to filter
coefficients of .m orders (where n < m) in accordance with the decimal
section FAD of the address signal. 5    EP 0 273 447 B1 As will be apparent
from the description relating to Figs. 2b and 2c, it is not necessary to
supply tone waveshape sampled data in correspondence to all orders of the
filter coefficients of plural orders but effective sampled data may be
supplied at a rate of once every M orders and the sampled value of the
sampled data may be "0" with respect to the remaining orders. Even in the
latter case, an accurate filter 5  operation is performed using filter
coefficients of multiple orders so that a tone signal of a good quality can
be obtained. On the basis of this principle, a digital filter operation
based on a similar concept is performed in this invention. In the
processing based on the above described general sampling frequency
conversion theory, filter operations must actually be carried out with
respect to filter coefficients of all orders in accordance with a high rate
fitler operation timing (i.e., frequency M * fs), for, since correspondence
to  between the order number and sampled data changes timewise as the
operation timing changes, even if it is known that product of sampled data
whose sampled value is "0" and a certain filter coefficient is "0", it is
not known which order number it is related to. In the prior art processing
according to general sampling frequency conversion theory, therefore, tone
waveshape sampled data of the sampling frequency fs as shown in Fig. 2a is
converted to data of the sampling frequency M fs by sampling once every M
clocks of 15  the sampling frequency M ' fs and inserting "0" as a sampled
value at sampling timings of M -1 times per M clocks, the converted data is
applied to a digital filter operating with the frequency M * fs and filter
operations must be actually carried out with respect to filter coefficients
of all orders established in this digital filter. In contrast thereto, this
invention is characterized in that, utilizing the fact that an operation of
sampled data whose sampled value is "0" and a filter coefficient
corresponding thereto is actually unnecessary, such operation can be
omitted. This obviates carrying out the filter operation at a high rate
filter operation timing thereby enabling simplification of the operation
circuit while enabling implementation of accurate filter operation using
filter coefficients of sufficiently large number of orders. Thus,
simplification of the circuit construction and improvement in the accuracy
in the filter operation can be realized at the same time. 25     First, as
in the relation shown in Figs. 2a and 2b, it is assumed that tone waveshape
sampled data 



shown in Fig. 4a is applied to a digital filter operating at a sampling
timing whose frequency is M times that of sampling frequency fs of the tone
waveshape sampled data so that M periods ts/M of frequency M * fs enter one
period ts = 1/fs of the sampling frequency fs and that sampled data is not
generated at all of the M filter operation timings during one sampling time
of the tone waveshape sampled data of Fig. 4a but 30  sampled data is
generated at one timing among the M filter operation timings during one
period ts of the sampling frequency fs while sampled value becomes "0" at
the remaining M - 1 timings. Such example in which sampled values of the
tone waveshape sampled data of Fig. 4a is generated at a timing of one per
M among sampling timings of the frequency M I fs while the sampled value
becomes "0" at the remaining M - 1 per M timings is shown in Fig. 4b. If
dividing number of the decimal section FAD of the address signal 35  (i.e.,
number obtained by dividing 1 with minimum unit of the decimal section FAD,
e.g., dividing number is 10 if the minimum unit of the decimal section FAD
is 0.1) is represented by d, there is relation M = d. Considering a case
where filter operations of M orders are made with respect to tone waveshape
sampled data shown in Fig. 4b (m being a desired number determined for
establishing filter characteristics), a filter output signal of an accurate
resolution similar to the one shown in Fig. 2c can be obtained with 40
respect to the tone waveshape sampled data of Fig. 4b by performing filter
operations at sampling timings of the frequency M * fs using all of filter
coefficients of m orders as described previously with reference to Fig. 2.
This however necessitates operation of the digital filter at the high rate
sampling frequency M * fs and besides filter operations must be actually
carried out with respect to filter coeffieicnts of all orders set in this
digital filter. This is disadvantageous and cannot be adopted in this
invention. Instead of employing this 45  method, this invention utilizes
the fact that the operation of sampled data whose sampled value is "0" and
a corresponding filter coefficient is actually unnecessary and therefore
omits this operation and besides performs filter operation without using a
particularly high rate sampling frequency. According to the invention, such
omission of unnecessary operation can be achieved by dividing the address
signal into the integer section IAD and the decimal section FAD and
generating tone waveshape 5o  sampled data in accordance with the integer
section IAD while selecting and supplying filter coefficients for the
digital filter operation in accordance with the decimal section FAD. In
other words, it is a feature of the invention that the generation of tone
waveshape sampled data is performed with a relatively coarse resolution in
accordance with the integer section IAD whereas the digital filter
operation is performed with a fine resolution in accordance with the
decimal section FAD. More specifically, by selecting filter coefficients 55
in accordance with the decimal section FAD of the address signal, orders of
filter coefficients corresponding to tone waveshape sampled data at sample
points of a coarse sampling timing corresponding to the integer section IAD
are determined as if the filter operation was being carried out at a fine
sampling timing concerning the present phase CAD of the address signal
consisting of the integer section IAD and the 6    EP 0 273 447 B1 decimal
section FAD. In other words, corresponding relation between sampled data at
sample points corresponding to the integer section IAD and orders of filter
coefficients is determined in accordance with the decimal section FAD of
the address signal whereby orders of filter coefficients corresponding to
fine sampling timing having "0" inserted as sampled value in the assumed
case of Fig. 4b can be determined 5  and, with respect to these orders, the
orders of the filter coefficients can be treated in such a manner that
their products are "0" so that filter coefficients corresponding to orders
for sampled data having effective values have only to be skippingly
operated. Thus, according to the invention, filter coefficients which the
filter coefficient supply means 3 should supply in filter operation of
orders m are not all coefficient data corresponding to the filter
coefficient data of orders m but n coefficients among them (n < m) have
only to to be selected and supplied in accordance with the decimal section
FAD of the address signal. With regard to M in the sampling frequency M *
fs of the assumed digital filter operation, M = d (the dividing number of
the decimal section FAD) and the assumed sampled data of Fig. 4b is one in
which the sampled data is generated at one timing only among the assumed
filter operation timings obtained by dividing one sample interval of the
tone waveshape sampled data of Fig. 4a by M = d and the sampled 15 value is
"O" at the remaining d - 1 timings. Accordingly, the sampled data of Fig.
4b has an effective sampled value at one timing only among the assumed
filter operation timings obtained by dividing one sample interval of the
tone waveshape sampled data of Fig. 4a by d and actual operation has only
to be 



performed with respect to this assumed filter operation timing only.
Accordingly, the above described n can be determined from the relation n =
mid so that orders of n which are sequentially spaced with the interval 20
of d may be selected in accordance with the decimal section FAD of the
address signal. The operation may be performed only once every d times
among timings of the sampling frequency M * fs = d * fs of the assumed
digital filter operation and it is not necessary to perform the operation
at other timings. In other words, unit delay of the sampled data need not
be performed at the sampling frequency M * fs = d * fs but may be performed
at the sampling frequency fs so that actual filter operation may be
performed at the 25 low rate sampling frequency fs notwithstanding that
substantially accurate filter operation is performed at the sampling
frequency M * fs = d * fs. In connection with this, although the sampled
data as shown in Fig. 4b is assumed, the sampling once every d clocks of
the sampling frequency M * fs. = d * fs and the insertion of the sampled
value "0" of d - 1 times are actually not necessary at all but the sampled
data generated in accordance with the integer section lAD of the address
signal in response to the sampling 30 frequency fs may be directly used.
This will be further illustrated in the figures. The filter operation
according to the invention is equivalent to performing a filter operation
with respect to sampled data as shown in Fig. 4b in correspondence to the
current phase CAD of the address signal. In this case, an example of
correspondence between sampled data of Fig. 4b and respective orders ( O-th
order through m - 1-th order) of the filter coefficients of m 35 orders is
shown in Fig. 4c. Fig. 4c shows in the form of an envelope an example of
impulse response of low-pass filter characteristics of FIR (finite impulse
response) filter of m orders. The frequency domain of this FIR filter is M
* fs = d * fs and the cut-off frequency of the low-pass filter
characteristics is set at fs/2 for removing aliasing noise concerning the
sampling frequency fs. In this impulse response, a predeter- mined
reference order (e.g., order at the center) is assumed to correspond to
current phase CAD of the 40 address signal. In the filter operation,
convolution between sampled data of Fig. 4b and filter coefficients of Fig.
4c is obtained. In this case, filter operation is not performed with
respect to sampled data whose value is "O" among sampled data of Fig. 4b in
the frequency domain of d fs. In other words, operation between sampled
data having effective sampled values in Fig. 4b and filter coefficients of
orders corresponding to the sampled data only is performed. From the
relation that n = mid, the number of sampled data having 45 effective
values in the convolution of orders m is n. In the illustrated example, it
is assumed that m = 96, d = 16 and n = 6. A sum of convolution obtained by
filter operation carried out in correspondence to the current phase CAD of
the address signal is shown by a solid line in Fig. 4d. As shown partly by
a dotted line in Fig. 4d, such sum of convolution, i.e., a filter output
signal, is densely generated in the same manner as shown in Fig. 2c in the
frequency domain of d * fs. Since, in the same manner as was previously 50
described, this convolution is actually performed only with respect to
sampled data of n = 6, the level of the filter output signal is reduced to
ld = 1/16 of the original level. This reduction in the level can be
compensated if the level of the filter output signal is multiplied by d =
16. Alternatively, the filter operation may be made using a filter
coefficient having level of d = 16 times. Fig. 4e shows an example of
amplitude-frequency characteristics of FIR low-pass filter having impulse
55 response of Fig. 4c. From this figure, it can be ascertained that
components of the cut frequency domain are attenuated to below - 80 dB.
This is relatively highly accurate filter characteristics. Fig. 5 is a
diagram showing actually measured amplitude-frequency characteristics of
such FIR low-pass filter. Fig. 6 shows actually measured spectrum of a
sinusoidal wave signal passing through the FIR low-pass filter of the 7
EP 0 273 447 B1 characteristics of Fig. 5. As will be apparent from this
figure. noise components other than the fundamental wave are certainly
attenuated to below - 80 dB. Summing up the relations illustrated in Figs.
4a - 4c. respective orders (from 0-th order to m - 1-th order) of filter
coefficients of orders m correspond lo continuous values of the address
signal with resolution 5 of the decimal section FAD and a predetermined
reference order (e.g., order k at the center) corresponds to position of
the decimal section FAD of the current address signal (i.e., position of
the current phase CAD). Orders of n which are spaced from the reference
order by amounts corresponding to distances of the respective integer
sections IAD of n sample points with respect to the decimal section FAD of
the current address signal are skippingly determined and n filter
coefficients corresponding to the n orders determined 



10 in accordance with the decimal section of the current address signal are
supplied by the filter coefficient supply means 3. If, for example, the
reference order corresponding to the current phase CAD of the address
signal is the order k at the center (e.g., the order k at the center is
assumed to be 47-th order when m = 96, i.e., all orders range from 0-th to
m - 1-th = 95-th) and n is 6, "respective integer sections IAD of the
current 15  address signal" are integer sections of f = 6 sample points
before and after the integer section IAD of the 15  current address signal,
i.e., IAD - 2, lAD - 1, IAD. IAD + .1, IAD + 2 and IAD 3 shown in Fig. 4a.
Orders of n = 6 which are distant from the reference order (k = 47-th) by
amounts corresponding to distances of the respective integer sections of n
sample points, i.e.! lAD - 2, IAD - 1, IAD, IAD + 1, IAD + 2 and IAD'3, are
generally determined skippingly as follows: Order corresponding to lAD - 2:
k - FAD - 2d Order corresponding to IAD -1: k - FAD - d Order corresponding
to lAD: k - FAD Order corresponding to IAD 1: k - FAD ; d Order
corresponding to IAD + 2: k - FAD + 2d 25 Order corresponding to IAD + 3: k
- FAD + 3d The above is just one example and different definitions are of
course possible. In the above definition, different singular solutions may
be produced depending upon determination of k, d and n. If, for example, k
is 46 under the same condition, order corresponding to IAD - 3 which is 3
samples before the integer section IAD of the current address signal must
be determined under the definition of k - FAD - 3d. 30  In the filter
coefficient supply means 3, orders of n are determined in accordance with
the decimal section FAD of the current address signal by means of the above
described table or an operation circuit implementing the above formula and
coefficient data corresponding to the n orders thus determined are
provided. An example of internal structure of this filter coefficient
supply means 3 and the digital filter operation 35 means 4 is shown in Fig.
7 in some detail. The filter coefficient supply means 3 comprises filter
coefficient generation means 3a generating filter coefficients of orders m
(from 0-th to m - 1-th) and selection means 3b selecting n filter
coefficients among these filter coefficients of orders m in accordance with
value of the decimal section FAD of the address signal. Selection means 3b
comprises for example the above described table and determines by this
table orders k - FAD - 2d, k - FAD - d, k - FAD, k - FAD + d, k - FAD + 2d
40  and k - FAD + 3d corresponding to the respective integer sections IAD -
2, IAD - 1, IAD, IAD + 1, IAD + 2 and IAD + 3 of n sample points and
thereby selects and outputs filter coefficients h (i - 2d), h(i - d), h(i),
h(i + d), h(i + 2d) and h(i + 3d) corresponding to the skippingly
determined orders. In Fig. 7, the digital filter operation means 4 consists
of an FIR filter and comprises delay means 4a which delays tone waveshape
data generated by the tone waveshape data generation means 2 in response 45
to the integer section IAD of the address signal by clock pulse (fs) of the
sampling frequency fs. This delay means 4a supplies sampled data X(li - 2),
X(ii - 1), X(li), X(li + 1), X(li + 2) and X(ii + 3) corresponding to the
respective integer sections lAD - 2, IAD - 1, IAD, lAD + 1, IAD 4- 2 and
IAD 3. These sampled data X(li - 2), X(li - 1), X(li), X(li + 1), X(li + 2)
and X(Ii + 3) are applied to multipliers 4b1 - 4b6 where they are
multiplied with the filter coefficients h(i - 2d), h(i - d), h(i), h(i +F
d), h(i + 2d) and h(i + 3d). Outputs of the 50 multipliers 4b1 - 4b6 are
added together by an adder 4c and output of the adder 4c is provided as the
output of the FIR filter. Since the sampled data X(li) which is treated as
the current sample point is delayed by the delay means 4a, the filter
coefficients h(i - 2d) - h(i + 3d) supplied by the selection means 3b may
be suitably delayed in accordance with the delay of sampled data X(Ii) and
thereafter supplied to the multipliers 4b1 - 4b6. 55     Summing up the
above described relations in Figs. 4a - 4c in an alternative expression, n
(n = 6 in the above example) is determined on the basis of the relation n =
m/d in accordance with the dividing number d of the decimal section of the
address signal (d = 16 in the above example), n filter coefficients to be
determined consist of coefficients respectively corresponding to n orders
which are sequentially spaced 8    EP 0 273 447 B1 with an interval of d,
the n orders are determined in accordance with values of the decimal
section FAD of 



the current address signal whereby n filter coefficients corresponding to n
orders determined in accordance with the decimal section FAD of the current
address signal are supplied from the filter coefficient supply means 3. 5
In the foregoing manner, according to the invention, filter operation may
be performed only with respect to coefficient data of n = m/d in the
convolution operation of the filter of m orders instead of performing
filter operation with respect to coefficient data of all of the m orders.
Accordingly, the scale of operation can be reduced to 1/d. Moreover,
despite the Fact that the sampling frequency in actual operation is fs, a
result equivalent to performing a digital filter operation with a high
resolution of d * fs can be obtained. 10     Description will now be made
about improvement in the accuracy of filter operation without excessively
enlarging the scale of the circuit construction. For performing filter
operations of q *m orders, i.e., using filter coefficients of m orders and
performing filter operations of q times thereof, interpolation with
resolution of q is performed between adjacent ones of filter coefficients
of m orders whereby filter coefficients of q I m orders are densely
generated. By such interpolation of q times, equivalent sampling frequency
in the 15 digital filter operation becomes a high resolution of q * d * fs
so that filter orders become q * m whereby the accuracy of the filter
operation can be greatly improved. A more specific embodiment of the
present invention will be described with reference to Fig. 8. In the
embodiment of Fig. 8, the dividing number of the decimal section FAD of the
address signal is d = 16, filter orders m are m = 96 and n = 6. Further,
interpolation of resolution q = 4 is performed 20  between adjacent ones of
filter coefficients of m orders and filter coefficients of q * m orders =
384 orders are densely generated. The decimal section FAD of the address
signal, thereofore, consists basically of 4 - bit data corresponding to the
dividing number d = 16 = 24 and less significant 2 bits are added thereto
so that interpolation step of resolution q = 4 is designated. Accordingly,
in the case of this embodiment, the decimal section FAD of the address
signal consists of 6 bit data. The sampling frequency is fixed to fs = 25
50 kHz and a tone signal is generated not in synchronization with the
pitch. In this embodiment, the digital filter is constructed as an FIR
filter of low-pass filter characteristics for removing aliasing noise as in
the previously described embodiment. A keyboard 10 comprises keys for
designating tone pitches of tones to be generated. Keys depressed in the
keyboard 10 are detected by a key assigner 11 and generation of tones
corresponding to the 30  depressed keys are any of tone generation
channels. The number of the tone generation channels is for example 8 and
the respective channels are established by using common tone generation
means on a time shared basis. The key assigner 11 produces a key code KC of
keys assigned to the respective channels, a key-on signal KON and a key-on
pulse KONP on a time shared basis in accordance with channel timing. An
address signal generation circuit 12 receives the key code KC and the
key-on pulse KONP from the 35 key assigner 11 and thereupon generates an
address signal which changes at a rate corresponding to the tone pitches of
the keys assigned to the respective channels on a time shared basis in
accordance with the channel timing. This address signal consists, as
described above, of the integer section IAD and the decimal section FAD.
The integer section IAD consists for example of 18-bit data and designates
continuous sample points of a tone waveshape consisting of plural periods
prepared in a tone waveshape memory 13. 40  The decimal section FAD is
6-bit data as described above. By way of example, the tone waveshape memory
13 stores data of plural period waveshape of an attack portion and data of
plural period waveshape of a sustain portion and the address signal
generation circuit 12 generates the address signal, reading out the data of
the plural period waveshape of the attack portion once using the key-on
pulse KONP as a trigger and thereafter reading out repeatedly the data of
the plural period waveshape of the sustain portion. As to 45 the manner of
generating the address signal in the address signal generation circuit 1,
any method including one in which frequency number is repeatedly operated,
a variable frequency dividing method and a method counting a note clock may
be employed. In association with the keyboard 10, a touch detection device
14 is provided for detecting touch of the depressed key. so     The tone
waveshape memory 13 stores, for example, sampled data of plural period
waveshape as described above. The tone waveshape memory 13 stores plural
sets of such waveshape sampled data in a tone color selection circuit 15 in
correspondence to selectable tone colors. The tone waveshape memory 13 may
further store plural sets of waveshape sampled data for key scaling control
of a tone color in accordance with tone pitch or control of a tone color in
accordance with a key touch. For this purpose, tone 55  color selection
code TC, key code KC and touch data TD are applied to the tone waveshape
memory 13 and a waveshape to be read out is selected in accordance with
these data and read out in response to the 



integer section IAD of the address signal. 9    EP 0 273 44Y B1 The data of
the integer section IAD of the address signal generated by the address
signal generation circuit 12 is applied to phase address input of the tone
waveshape memory 13, not directly but through operators (subtractor 16 and
adder 17). These operators 16 and 17 perform a function which is equivalent
to sampled data delay means in the digital filter (one corresponding to 4a
in Fig. 7). More specifically, in this 5  embodiment, sampled data
corresponding to the respective integer sections IAD - 2, lAD - 1, IAD, IAD
1, IAD + 2 and IAD + 3 of n ( = 6) sample points are not obtained by
actually delaying the sampled data generated by the tone waveshape memory
13 but these sampled data corresponding to the respective integer sections
are obtained by generating, on a time shared basis, address data of the
respective integer sections IAD - 2, IAD - 1, IAD, IAD 4 1, IAD + 2 and lAD
+ 3 of n ( = 6) sample points by adding -2, -1, 10 0, + 1, + 2 and + 3 to
the data of the integer section lAD of the address signal on a time shared
basis, and accessing the memory 13 by these address data. Fig. 9
specifically shows an operation timing for performing this operation. In
Fig. 9, CAC designates a calculation cycle pulse generated at a period of
the sampling frequency fs = 50 kHz. Time division timings CH1 - CH8 of 8
channels are formed by dividing one period of this pulse by 8 and filter
operation time slots 15  for 6 orders are formed by dividing time division
time slot of each channel by 6. One period of the filter operation time
slot is one period of master clock pulse MC. By counting this master clock
pulse MC by a counter of modulo 6, slot count data SLCTR which
distinguishes filter operation time slots 0, 1, 2, 3, 4 and 5 in one
channel time slot is obtained. SMC designates a filter operation cycle
pulse whose one period synchronizes with one channel time slot. If the
calculation cycle pulse CAC is 50 kHz, the filter operation cycle pulse SMC
is 400 kHz and the master clock pulse MC is 2.4 MHz. These pulses and count
data are generated by a master clock generator 22 and a timing signal
generation circuit 23. The subtractor 16 subtracts 2 from IAD for obtaining
a value of the integer section IAD - 2 which is 2 sample points before the
integer section IAD of the current address signal. The data IAD -2 thus
obtained is applied to the adder 17 in which the slot count data SLCTR is
added. Since this slot count data SLCTR 25 changes 0, 1, 2, 3, 4, 5 within
one channel time slot as shown in Fig 9, address data of the respective
integer sections IAD - 2, IAD -1, lAd, lAD + 1, IAD 2 and IAD + 3 of 6
sample points are generated from the adder 17 on a time shared basis in
correspondence to 6 filter operation time slots 0, 1, 2, 3, 4 and 5 within
one channel time slot. In accordance therewith, sampled data corresponding
to the respective integer sections IAD - 2, IAD - 1, IAD, IAD + 1, lAD +- 2
and lAd + 3 of these 6 sample points are read out from 30 the memory 13 on
a time shared basis. The sampled data read out from the memory 13 are
applied to a multiplier 18 provided for filter coefficient multiplication.
The filter coefficients are supplied from a filter coefficient supply
circuit 24 in a manner to be described later in response to the decimal
section FAD of the.address signal. The output of the multiplier 18 is
applied to an accumulator 19 in which sum of convolution is obtained. This
accumulator 35 19 performs accumulation at a timing of the master clock
pulse MC (i.e., at each step of the slot count data SLCTR) and is cleared
at a timing of the filter operation cycle pulse SMC. Immediately before
clearing the accumulated value, the convolution sum obtained by the current
operation is latched by a latch circuit 20. The portion including the
subtracter 16, adder 17, multiplier 18, accumulator 19 and latch circuit 20
corresponds to a digital filter operation circuit 21 of FIR type. The
filter coefficient supply circuit 24 comprises filter coefficient memories
25 and 26 respectively storing filter coefficients of m = 96 orders (from
0-th order to 95-th order), selection means 27 for selecting n = 6 filter
coefficients from among the filter coefficients of 96 orders in accordance
with the value of the decimal section FAD of the address signal, and an
interpolation circuit 28. The filter coefficient memories 25 and 26 of 2
channels are of the entirely same structure and are provided for parallelly
producing adjacent 2 45 filter coefficients for interpolation in the
interpolation circuit 28. The impulse response of filter coefficients
stored in these filter coefficient memories 25 and 26 is, for example, as
shown in the Fig. 4c described above. The filter characteristics realized
by this impulse response is, for example, low-pass filter char- acteristics
as shown in Fig. 4e or Fig. 5 with the frequency of fs/2 = 25 kHz which is
half of the sampling frequency fs = 50 kHz being used as the cut-off
frequency. 



so     The selection means 27 determines, in response to the value of the
decimal section FAD of the address signal, orders k - FAD - 2d, k - FAD -
d, k - FAD, k - FAD - d, k - FAD + 2d and k - FAD + 3d corresponding to the
respective integer sections IAD - 2, lAD - 1, IAD, IAD + 1, IAD + 2 and IAD
+ 3 of n = 6 sample points and selectively reads out filter coefficients
h(i - 2d), h(i - d), h(i), h(i + d), h(i + 2d) and h(i + 3d) from the
filter coefficient memories 25 and 26 using the determined orders as
address signals. 55 The selection means 27 comprises a subtractor 29, a
multiplier 30 and adder 31 for performing this determination by arithmetic
operation. Leftmost 4-bit data of the decimal section FAD of the address
signal is applied to the subtractor 29 to carry out the subtraction of "15
- FAD". To the multiplier 30 is applied the slot count data SLCTR for 10
EP 0 273 447 B1 carryomg out the multiplication of "16 x SLCTR". The output
of the subtractor 29 and the output of the multiplier 30 are added together
by the adder 31 which thereupon produces data indicating the above
described orders k - FAD - 2d, k - FAD  d. k  FAD, k - FAD + d, k - FAD +
2d and Ik- FAD + 3d. Outputs, i.e., orders, of the adder 31 corresponding
to values 0 - 5 of the slot count data SLCTR are shown 5  in the following
Table 1. The Table 1 shows also the values of the respective integer
sections lAD - 2, IAD - 1, IAD, IAD + 1, IAD + 2 and IAD + 3 of 6 sample
points corresponding to these orders. 10
Table  I Integer   section  of    Output of adder  31 SLCTR           6
sample  points                (determined  order) 0                   IAD
-2                        15 - FAD 1                   IAD-  1
31 - FAD . 20            2                    1AD.
47 - FAD 3                   IAD  - 1                       63 - FAD 4
IAD  + 2                       79 - FAD 25 5                   IAD  H3
95 - FAD It will be understood that if k   47 and d = 16, the above defined
orders k - FAD - 2d, k - FAD - d, k - 30 FAD, k - FAD + d, k - FAD -l- 2d
and k - FAD + 3d become as shown in the above table. Accordingly, the
operation circuit in the selection means 27 may be generally constructed so
as to execute the operation formula "k - FAD + (SLCTR - 2) x d" = "47 - FAD
+ (SLCTR - 2) x 16". The output of the adder 31 is applied to the filter
coefficient memory 25 and also is applied to the filter coefficient memory
26 after 1 is added thereto by an adder 32. Thus, 2 filter coefficient data
of adjacent 35  orders are read out from the filter coefficient memories 25
and 26. These 2 filter coefficient data are applied to the interpolation
circuit 28 and are subject to interpolation with interpolation
characteristics (e.g., linear interpolation characteristics) of 4 steps in
response to rightmost 2-bit data of the decimal section FAD of the address
signal. Accordingly, although the memories 25 and 26 actually store only
filter coefficients of m = 96 orders, it is equivalent to preparation of
dense stock of filter coefficients of q * m = 4 x 96 = 384 orders. 40  The
output of the interpolation circuit 28 is applied to the multiplier 18. By
the interpolation of 4 times, orders of filter coefficients provided by the
interpolation circuit 28 at timings of the slot count data SLCTR are
virtually changed to values shown in the following Table 2: 45 60 55    EP
0273447 B1 Table 2 Integer section of                Orders of outputs
SLCTR           6 sample  points                  of  interpolation 



circuit 28 0                  IAD  - 2                          60  - FAD
10            1                  IAD  - 1                         124 - FAD
2                  IAD                              188  - FAD 15  .
3                  IAD  + 1                         252  - FAD 4
IAD  + 2                         316  - FAD 5                  IAD  + 3
380  - FAD In Table 1, FAD is modulo 16 (d = 16) whereas in Table 2, FAD is
modulo 64 (d = 64). The filter operation output signal provided from the
latch circuit 20 is applied to a multiplier 33 in which it Is multiplied
with an amplitude envelope signal supplied from an envelope generator 34.
The envelope 25  generator 34 generates, in response to the key-on signal
KON, an envelope shape signal controlled in response to the key code KC,
tone color selection code TC and touch data TD. The output of the
multiplier 33 is applied to an accumulator 35 in which sum of sampled data
of all channels is obtained. This accumulator 35 performs accumulation at a
timing of the filter operation cycle pulse SMC (i.e., at each channel
timing) and is cleared at a timing of the calculation cycle pulse GAC.
Immediately before clearing 30  the accumulated value, sum of sampled data
of all channels is latched by a latch circuit 36. The sampling frequency of
a tone signal provided by the latch circuit 36 is fs = 50 kHz and removal
of aliasing noise is ensured by filtering of low-pass filter
characteristics in the digital filter operation circuit 21 using the
frequency of fs/2 = 25 kHz as the cut-off frequency. The output signal of
the latch circuit 36 is converted to an analog signal by a
digital-to-analog converter 37 and thereafter is supplied to a sound 35
system 38. The output signal of the latch circuit 36 is also applied to a
digital effect circuit 39 provided for imparting musical effects such as
reverberation, echo and other musical effects and the signal imparted with
the musical effects is converted to an analog signal by a digital-to-analog
converter 37 and supplied to the sound system 38. The above described
decrease in the level of the filter output signal to 1/d = 1/16 of the
original level can be coped with by storing filter coefficients with level
of 16 times as large as the original level in the filter coefficient
memories 25 and 26 or shifting coefficient data supplied from the
interpolation cirucit 28 to the multiplier 18 leftwardly by 4 bits. An
embodiment in which accuracy of the filter operation can be improved
without enlarging the scale of the circuit construction as compared to the
circuit of Fig. 8 will now be described. 45    In the embodiment of Fig. 8,
for treating tone waveshape sampled data with the sampling frequency fs =
50 kHz shown in Fig. 4a as data of the sampling frequency in the domain of
d * fs = 16 x 50 = 800 kHz in appearance, the sampled data is processed on
the assumption that a sampled value 10" is inserted at a rate of d - 1
times per d times of clock of d * fs = 800 kHz, the filter operation being
omitted with respect to order corresponding to the sampled value "0". In
contrast thereto, in the embodiment shown in 50  Fig. 11, tone waveshape
sampled data of the sampling frequency fs = 50 kHz shown in Fig. 4a is
interpreted as data which is held at the 0-th order in the domain of d * fs
= 800 kHz shown in Fig. 10a and the simplified filter operation is
performed in the same manner as in the previously described embodiment with
respect to sampled data having effective values at all sample points of the
sampling frequency d ' fs = 800 kHz. 55     Fig. 110b shows an example of
impulse response of low-pass filter characteristics of m = 96 orders as in
Fig. 4c. In the same manner as in the previously described embodiment,
convolution sum of the sampled data of Fig. 10a and the impulse response of
Fig. 10b is obtained by causing the phase CAD of the current address signal
to correspond to a predetermined reference order k (e.g., intermediate
47-th order). This 12    EP 0 273 447 B1 convolution sum can be expressed
generally by the equation: 95 (err) 5
(err) x( ws') represents convolution sum corresponding to the phase CAD of
the current address signal, h(95 - i) filter coefficient and W(i) sampled
value in the domain of d * fs = 800 kHz, i.e., sampled data at respective 



10  sample points in Fig. 10a. The spectrum envelope of the waveshape shown
in Fig. 10a is shown in Fig. 10c. In this spectrum envelope, unnecessary
harmonic components are conveniently attenuated. In the filter output
signal obtained according to the above equation also, therefore,
unnecessary allasing component is sufficiently attenuated. 15    In the
above general equation, addition of products of 96 times is necessary.
Since the same amplitude continues d = 16 times in the waveshape sampled
data of Fig. 1 Oa, the number of times of the addition of products can be
reduced to 7 times if operation is performed by treating the same amplitude
in package so that the scale of operation can be reduced to one which is
proximate to the embodiment of Fig. 8 in which the number of the addition
of products is 6 times. More specifically, referring to Fig. 10a, since the
same 20  waveshape sampled data continues d = 16 times between the integer
section IAD - 2 and the integer section IAD - I of the address signal, a
single multiplication of coefficient will suffice for the sampled data in
this portion. The same is the case with portions between IAD - 1 and lAD,
IAD and lAD + 1, IAD + 1 and IAD + 2, and IAD + 2 and IAD + 3. Since the
same waveshape sampled data continues a number of times which is smaller
than d = 16 in a portion between IAD - 3 and IAD -2, a single
multiplication of 25  coefficient can suffice for this portion. The same is
the case with a portion between lAD + 3 and IAD + 4. Accordingly,
convolution which is equivalent to the above equation can be obtained by
addition of products totalling 7 times. For this purpose, in the embodiment
of Fig. 11, filter coefficients of orders of maximum d = 16 corresponding
to same waveshape sampled data are previously added together and addition
of products is 30  carried out by a single coefficient operation by
treating the total of the filter coefficients as a single filter
coefficient data. For example, instead of carrying out calculation of W *
hO + W * h2 + W * h3 + W * h4 + .W * h5 + W * h6 by multiplication of 7
times, sum of hO + hi + h2 + h3 + h4 + h5 + h6 is previously prepared and
addition of products is obtained by the single multiplication of W ' (hO +
h1 + h2 + h3 + h4 + h5 + h6). 35    In Fig. 11, the same component parts as
in Fig. 8 are designated by the same reference characters. Modified
portions are subtractor 160, master clock generator 220, timing signal
generation circuit 230 and filter coefficient memories 250 and 260
corresponding to subtractor 16, master clock generator 22, timing singal
generation circuit 23 in Fig. 8. As described above, in this embodiment,
addition of products by 7 times is carried out in the filter operation of
one sample point so that 7 filter operation time slots are 40  necessary in
one channel time slot and the operation timing is changed as shown in Fig.
12. In Fig. 12, the calculation cycle pulse CAC is generated at a period of
the sampling frequency fs = 50 kHz and this one period is divided by 8 to
form time division timings CH1 - CH8 of 8 channels as in the previously
described embodiment. The time division time slot of each channel however
is divided by 7 into 7 filter operation time slots. The slot count data
SLCTR in this embodiment is modified to distinguish 7 filter 45 operation
time slots 0, 1, 2, 3, 4, 5 and 6 within one channel time slot. By counting
the master clock pulse MC by a counter of modulo 7, the slot count data
SLCTR capable of distinguishing the 7 filter operation time slots 0 - 6
wihtin one channel time slot is obtained. Accordingly, the frequency of the
master clock pulse MC is modified to 2.8 MHz. In accordance with this
modification, structures of the master clock generator 220 and the timing
signal generation circuit 230 are modified. 50     Since a single filter
operation is performed with respect to sampled data corresponding to
integer section of the address signal of 7 sample points, extra sample data
corresponding to the integer section IAD - 3 which is 3 sample points
before the integer section lAD of the current address signal becomes
necessary. The subtractor 160 corresponding to the subtractor 16 of Fig. 8,
therefore, is modified in such a manner that 3 is subtracted from the
integer section IAD of the current address signal to obtain "IAD - 3". 55
The filter coefficient memories 250 and 260 prestore filter coefficient
group values corresponding to sums of one or more filter coefficients among
filter coefficients of m = 96 orders. In the same manner as described
previously, the memories 250 and 260 have the same memory contents. There
are 111 sets of filter coefficient group values prestored in the memories
250 and 260 as shown in Table 3 which consist of 13    EP 0 273 447 B1 sums
of filter coefficients of every d   16 orders with respect to all orders
(consisting of 81 sets which are 



stored, e.g., at addresses 16 - 96), sums of filter coefficients of less
than d = 16 orders for the leftward end of the impulse response shown in
Fig. 10b (consisting of 15 sets which are stored, e.g., at addresses 1 -
15) and sums of filter coefficients of less than d = 16 orders for the
rightward end of the impulse response 5  (consisting of 15 sets also which
are stored, e.g., at addresses 97 - 111). At address 0 is stored "0" and
this is only a matter of design which is necessitated for the reason that
the selection means 27 for generating the address data is constructed in
the same manner as in Fig. 8. Data of intermediate order (i.e., 47-th
order) used as the reference is a sum of filter coefficients of 47-th
through 62-nd orders and this data is stored at address 63. 10 Table 3
Address                Filter coefficient group values 15             0
"0" 1 | filter coefficient of 0-th order only 2    sum of filter
coefficients of 0 - 1st orders 3      sum  of  filter  coefficients  of  0
-  2nd  orders 4      sum  of  filter  coefficients  of  0  -  3rd  orders
25 30 35 45 50 55 14    EP 0(273 447 B1) 5 14   sum of filter coefficients
of 0 - 13rd orders 10        15   sum of filter coefficients of 0 - 14th
orders ......    ..... .............................................. 16
sum of filter coefficients of 0 - 15th orders 15      17   sum of filter
coefficients of 1st - 16th orders 18   sum of filter coefficients of 2nd -
17th orders 19   sum of filter coefficients of 3rd - 18th orders 25 91 sum
of filter coefficients of 75th - 90th orders 92  sum of filter coefficients
of 76th - 91st orders 93 sum of filter coefficients of 77th - 92nd orders
94 sum of filter coefficients of 78th - 93rd orders 35        95  sum of
filter coefficients of 79th - 94th orders 96  sum of filter coefficients of
80th - 95th orders .. .................................... 40        97
sum of filter coefficients of 81st - 95th orders 98 sum of filter
coefficients of 82nd - 95th orders 99 sum of filter coefficients of 83rd -
95th orders 45 101 sum of filter coefficients of 84th - 95th orders 50 55
EP 0 273 447 B1 109   sum  of  filter  coefficients  of  93rd  -  95th
orders 



110  sum of filter coefficients of 94th - 95th orders 6 111 filter
coefficient of 95th order only In this construction, data provided from the
adder 31 of the selection means 27 in correspondence to 10  values 0 - 8 of
the slot count data SLCTR does not represent orders themselves but
addresses of the filter coefficient memories 250 and 260 as shown in Table
3. Values of coefficient memory address data provided from the adder 31 of
the selection means 27 in correspondence to values 0 - 6 of the slot count
data SLCTR in response to the decimal section FAD of the address signal are
shown in the following Table 4. This table shows also corresponding integer
sections IAD - 3, IAD - 2, IAD - 1, IAD, IAD + 1, IAD + 2 and Is lAD + 3 of
7 sample points. The concept of memory reading in this embodiment is, as in
the previously described embodiment, to cause coefficient data stored at
address 63 corresponding to an intermediate order (47-th order) used as the
reference to correspond to the decimal section FAD of the current address
signal, determine skippingly 7 coefficient memory addresses spaced from the
reference address 63 by amounts corresponding to distances of the
respective integer sections IAD - 3, lAD - 2, IAD - 1, IAD, IAD + 1, IAD +
2 and IAD + 3 of 7 sample points from the decimal section FAD of this
current address signal, and read out 7 sets of filter coefficient group
value data from the 7 coefficient mergory addresses thus determined.
Further, as in the previously described embodiment, filter coefficient
group value data of adjacent addresses are parallelly read out from the two
memories 250 and 260 and interpolation is performed between the two data.
25 Table 4 Integer section of                  Output of adder 31 30
SLCTR           7  sample points                   (coefficient  memory
address) 0                 IAD  -3                              15  - FAD
35           1                 IAD  -2                               31  -
FAD 2                 IAD-  1                              47  - FAD 3
IAD                                  63  - FAD 4                 IAD  + 1
79  - FAD 5                 IAD  + 2                             95  - FAD
0.4 45           6                 IAD  +  3                           111
- FAD Referring to Tables 3 and 4, if, for example, the decimal section FAD
of the address signal is "6", the coefficient memory address is 9 when
SLCTR is 0 and sum data of filter coefficients of 0-th to 8-th orders is 50
read out from the filter coefficient memory 250. When SLCTR is 1, the
address is 25 and sum data of filter coefficients of 9-th to 24-th orders
is read out. When SLCTR is 2, the address is 41 and sum data of filter
coefficients of 25-th to 40-th orders is read out. When SLCTR is 3, the
address is 57 and sum data of filter coefficients of 41st to 56-th orders
is read out. When SLCTR is 4, the address is 73 and sum data of filter
coefficients of 57-th to 72-nd orders is read out. When SLCTR is 5, the
address is 89 and sum data of filter 55  coefficients of 73-rd to 88-th
orders is read out. When SLCTR is 6, the address is 105 and sum data of
filter 'coefficients of 89-th to 95-th orders is read out. In the foregoing
manner, all filter coefficients of 0-th to 95-th orders are covered by
seven filter coefficient group values. 16    EP 0 273 447 B1 As described
in the foregoing, according to the embodiment of Fig. 11, the operation for
obtaining sum of addition of products of all of filter coefficients of m =
96 orders with respect to sampled data held at O-th order in the domain of
d * fs = 800 kHz as shown in Fig. 1 Oa can be actually accomplished by
operation of only 7 times. Accordingly, accurate filter operation can be
performed using waveshape data of spectrum s  structure in which aliasing
component is sufficiently attenuated. In the embodiments of Figs. 8 and 11,
the operators controlling address of the tone waveshape memory 13 is
provided in the digital filter operation circuit 21 as means for delaying
sampled data instead of actually providing a delay circuit. Alternatively,
a delay circuit may actually be provided as shown in Fig. 7. 



As tone waveshape sampled data generation means, the tone waveshape memory
13 storing plural 70 period waveshape is provided. The tone waveshape
sampled data generation means however is not limited to this but any other
system such as a tone waveshape memory storing merely a waveshape of one
period, a system for generating tone waveshape sampled data by frequency
modulation operation, a system for generating tone waveshape sampled data
by amplitude modulation operation and a system for generating tone
waveshape sampled data by data converting address data may be employed. 15
In the above embodiments, the tone generation and filter operation in the
respective channels are carried out on a time shared basis. These
processings may however be carried out by parallel processings. The
invention is applicable to not only a polyphonic tone generation system but
also a monophonic tone generation system. For selecting a waveshape
corresponding to the tone color selection code TC, key code KC and touch
:20  data TD in the tone waveshape memory 13 in the embodiments of Figs. 8
and 11, these data may be applied to the address signal generation circuit
12 instead of the tone waveshape memory 13 and the address signal
generation circuit 12 may be modified so that it can select these data by
leftmost bits of the address signal. In the case of the impulse response
which is symmetrical with respect to the intermediate order as in 25 Fig.
4c or 10b, filter coefficients for all orders need not be stored in the
memory but, instead, half of the filter coefficients may be stored and one
filter coefficient may be commonly used for also a filter coefficient of
the same value located at the symmemtrical position at a different order.
The filter coefficient memories 25 and 26 or 250 and 260 may be combined
into one memory and 2 adjacent coefficient data for the interpolation may
be read out on a time shared basis. In that case, the 30 frequency of the
master clock pulse MC is doubled and 2 time division time slots for the
interpolation are formed within one filter operation time slot. In the
embodiments of Figs. 8 and 11, the filter coefficients read out from the
memory are interpolated in 4 steps. The number of interpolation steps is
not limited to this. The interpolation itself may even be omitted. 35
The type of filter operation is not limited to the above described FIR type
but IIR (infinite impulse response) type or other type of filter may be
employed. The digital filter used in the present invention is applicable
not only to the removal of aliasing noise as in the above described
embodiments but also to other purposes including tone color control. In
this case, an arrangement should be made so that filter characteristics may
be selected in accordance with the tone color 40 selection code TC, key
code KC and toch data TD. More specifically, plural filter coefficient data
corresponding to plural filter characteristics are respectively stored in a
filter coefficient memory, a set of filter coefficient data which can
realize a desired tone color is selected in accordance with the tone color
selction code TC, key code KC and touch data TD and this set of filter
coefficients is read out in response to the decimal section of the address
signal. 45    In key scaling control responsive to key code KC or tone
color control responsive to touch data TD, a reduced number of filter
coefficient data may be prestored in the memory and filter coefficient data
may be densely produced by interpolating these filter coefficient data in
response to the key code KC and touch data TD. The tone signal generation
device according to the invention may be provided in plural systems and 5o
tone signals generated in these channels may be synthesized by
interpolation in response to the key code KC and touch data TD. In the
above described embodiments, tone waveshape sampled data is generated by
the pitch non- synchronization system in which the sampling frequency is
constant regardless of pitch of a tone signal. The invention is applicable
also to a case in which tone waveshape sampled data is generated by the
pitch 55 synchronization system in which the sampling frequency
synchronizes with pitch of a tone signal. Instead of reading out all of
waveshape sampled data stored in the tone waveshape memory, the address
signal may be controlled in such a manner that the data will be read out
intermittently in a high frquency region, e.g., every other times or once
in 4 times. 17    EP 0 273 447 B1 



In sum, according to the invention, tone waveshape; sampled data is
generated in accordance with the integer section of the address signal
which changes in accordance with tone pitch of a tone to be generated, n
coefficient data among coefficient data corresponding to filter
coefficients of m orders (n < m) are selected in response to the decimal
section of the address signal and filter operations of m orders are 5
performed with respect to tone waveshape data of n sample points by using
tone waveshape data of n sample points generated in correspondence to the
integer section of the address signal. The invention therefore produces the
following advantageous results: (1) The resolution of tone waveshape
sampled data actually prepared in the tone waveshape data generation means
may be a relatively coarse one correspond- ing to the integer section of
the address signal. Th- circuit construction therefore can be simplified.
(2) The 10  filter operation may be made actually with respect to limited
number of orders corresponding to tone waveshape data of n sample points
which n is smaller than m. The Circuit construction of the digital filter
circuit can also be simplified. (3) The filter operation substantially
becomes equivalent to an accurate filter operation of m orders made with
respect to tone waveshape sampled data of high accuracy having resolution
of the decimal section of the address signal. This contributes to various
advantages brought 15  about by a filter operation performed with respect
to tone waveshape sampled data of high resolution including the advantage
that removal of an unnecessary noise component is ensured with resulting
production of a tone signal of high quality. Claims 1. A tone signal
generation device comprising: address signal generation means (1;12) for
generating an address signal comprising an integer section (lAD) and a
decimal section (FAD), the value of said address signal changing at a rate
corresponding to the tone pitch of a tone to be generated; 25     tone
waveshape data generation means (2;13) responsive to said integer section
for generating a tone waveshape in the form of sampled value; characterized
by: filter coefficient supply means (3;24) capable of supplying n filter
coefficients from among a group of m filter coefficients in response to
said decimal section (FAD), where n and m are integers and n<m; and digital
filter operation means (4;21) having an m-order structure for digital
filtering of said tone 30      waveshape in accordance with said n filter
coefficients. 2. A tone signal generation device as defined in claim 1
wherein said filter coefficient supply means (3;24) comprises filter
coefficient generation means (3a;25,26) for generating said m filter
coefficients and selection means (3b;27) for selecting said n filter
coefficients in response to said decimal section (FAD) 35      of the
address signal. 3  A tone signal generation device as defined in claim 1
wherein said m filter coefficients correspond to successive values of said
address signal respectively and wherein said filter coefficient supply
means (3;24) selects a predetermined reference order (k) which corresponds
to the decimal section (FAD) of a 40      current version of said address
signal (CAD), wherein said filter coefficient supply means (24) determines
n orders which differ from the reference order (k) by amounts corresponding
to intervals of respective integer sections (IAD) of n sample points to the
decimal section of said current address signal (CAD) and said filter
coefficient supply means supplies said n filter coefficients corresponding
to the n orders thus determined in response to the decimal section (FAD) of
the current address signal. 45 4. A tone signal generation device as
defined in claim 1 wherein n is determined with a relation n = m/d in
accordance with a dividing number d of said decimal section (FAD) of said
address signal, said n filter coefficients correspond to the n orders which
sequentially differ by intervals of d, the n orders are determined
respectively in response to values of the decimal sections (FAD) of the
current address 50     signal (CAD) and said filter coefficient supply
means (24) supplies said n filter coefficients correspond- ing to the n
orders thus determined in response to the decimal section of the current
address signal (CAD). 5. A tone signal generation device as defined in
claim 1 wherein the coefficient data corresponding to the 55     filter
coefficient data of m orders is a filter coefficient group value
corresponding to a total of one or more of the filter coefficients of m
orders: and said filter coefficient supply means (3;24) selects and
supplies the filter coefficient group values of n groups (where n<m) in
response to the decimal section of the address signal. 18  



EF 0 273 447 B1 In sum, according to the invention, tone waveshape sampled
data is generated in accordance with the integer section of the address
signal which changes in accordance with tone pitch of a tone to be
generated, n coefficient data among coefficient data corresponding to
filter coefficients of m orders (n < m) are selected in response to the
decimal section of the address signal and filter operations of m orders are
5  performed with respect to tone waveshape data of n sample points by
using tone waveshape data of n sample points generated in correspondence
the integer section of the address signal. The invention therefore produces
the following advantageous results: (1) The resolution of tone waveshape
sampled data actually prepared in the tone waveshape data generation means
may be a relatively coarse one correspond- ing to the integer section of
the address signals The circuit construction therefore can be simplified.
(2) The io  filter operation may be made actually  with respect to limited
number of orders corresponding to tone waveshape data of n sample points
which n is smaller than m. The circuit construction of the digital filter
circuit can also be simplified. (3) The filler )   opreration substantially
becomes equivalent to an accurate filter operation of m  orders made with
respect to tone waveshape sampled data of high accuracy having resolution
of the decimal section of the (err) signal This contributes to various
advantages brought 15  about by a filter operation performed with respect
to tone waveshape sampled data of high resolution including the advantage
that removal of an unneccessary noise component is ensured with resulting
production of a tone signal of high qualify Claims 1.  A tone signal
generation device comprising: address signal generation means (1:12) for
generating an address signal comprising an integer section (IAD) and a
decimal section (FAD), the value of said address signal changing at a rate
corresponding to the tono pitch of a tone to be genorated 25     tone
waveshape data generation means (2;13) responsive to said integer section
for generating a tone waveshape in the form of sampled value: characterized
by: filter coefficient supply means (3;24) capable of  supplying n filter
coefficients from among a group of m filter coefficients in response to
said decimal section (FAD). where n and  m are integers and n<m; and
digital filter operation means (4;21) having an rn-order structure for
digital filtering of said tone 30      waveshape in accordance with said n
filter r coefficients. 2.  A tone signal generation device as defined in
claim 1 wherein said filter coefficient supply means (3;24) comprises
filter coefficient generation means (3a:25,26) for generating said m filter
coefficients and selection means (3b;27) for selecting said n filter
coefficients in response to said decimal section (FAD) 35      of the
address signal. 3.  A tone signal generation device as  defined  in claim 1
wherein said in filter coefficients correspond to successive values of said
address signal respectively and wherein said filter coefficient supply
means (3;24) selects a predetermined reference order (k) which corresponds
to the decimal section (FAD) of a 40      current version of said address
signal (CAD). wherein said filter coefficient supply means (24) determines
n orders which differ from the reference order (k) by amounts corresponding
to intervals of respective integer sections (lAD) of sample points to the
decimal section of said current address signal (CAD) and said filler
coefficient supply means supplies  said n Filter coefficients corresponding
to the n orders thus determined in response to the decimal section (FAD) of
the current address signal. 45 4.  A tone signal generation device as
define in claim I wherein n is determined with a relation n=m/d in
accordance with a dividing numnber (err)section (FAD of said address
signal. said n filter coefficients correspond to the n orders which
sequentially differ by intervals of d, the n orders are determined
respectively in response (err) decimal sections (FADE) of the current
address 50      signal (CAD) and said filter coefficient supply means
(24)supplies said  n filter coefficients correspond- ing to the n orders
thus determined in response to the decimal section of the current address
signal (CAD). 5. A tone signal generation device as defined in claim 1
wherein the coefficieint data corresponding to the 56      filter
coefficient data of m orders is a filter  coeffient group: value
corresponding to a total of one or more of the filter coefficients of m
orders and said filter coefficient supply means (3:'4) selects and supplies
the filter coefficient group values of n 



groups (where n<m) in response to the decimal section of the address
signal. 18    (err) EP 0 273 447 B1                           (err) 6. A
tone signal generation device as defined in claim 5 wherein said filter
coefficient supply means (24) comprises filter coefficient generation means
(250,260) for generating the filter coefficient group values corresponding
to plural groups and selection means (27) for selecting filter coefficient
values of n groups among the filter coefficient group values corresponding
to these plural groups in response to 5      the value of the decimal
section (FAD) of the address signal. 7. A tone signal generation device as
defined in claim 5 wherein respective orders of the filter coefficients of
m orders correspond to continuous values of the address signal with
resolution of the decimal section (FAD) and wherein said filter coefficient
supply means (24) selects a predetermined reference 10     order (k) which
corresponds to the decimal section of the address signal, wherein said
filter coefficient supply means (24) determines n orders which differ from
the reference order (k) by amounts corresponding to intervals of respective
integer sections (IAD) of n sample points to the decimal section (FAD) of
the address signal, wherein filter coefficient group values of n groups are
obtained by summing filter coefficients of orders which exist between the
respective sample points at each order is     corresponding to each of the
sample points thus determined, and said filter coefficient supply means
(24) supplies the filter coefficient group values of n groups thus
determined in response to the decimal section (FAD) of the current address
signal. 8. A tone signal generation device comprising: 20     address
signal generation means (1;12) for generating an address signal comprising
an integer section (IAD) and a decimal section (FAD) and changing at a rate
corresponding to tone pitch of a tone to be generated; tone waveshape data
generation means (2;13), for generating tone waveshape sampled data in
response to the integer section (IAD) of the address signal; 25
characterized by: filter coefficient supply means (3;24) responsive to the
decimal section of the address signal for selecting and supplying
coefficient data corresponding to non-continuous n orders from among
coefficient data corresponding to filter coefficients of m orders, where n
and m are integers and n<m; and 30      digital filter operation means (4;
21) for performing a digital filter operation by using said coefficient
data corresponding to the non-continuous n orders supplied by said filter
coefficient supply means and the tone waveshape sampled data generated by
said tone waveshape data generation means (2;13). 9. A tone signal
generation device comprising: 36     address signal generation means (1;12)
for generating an address signal comprising an integer section (IAD) and a
decimal section (FAD) and changing at a rate corresponding to tone pitch of
a tone to be generated; tone waveshape data generation means (2;13) for
generating tone waveshape sampled data in response to the integer section
(IAD) of the address signal; 40  characterized by: filter coefficient
supply means (3;24) capable of supplying filter coefficient group values
each cor- responding to a total of one or more filter coefficients among
filter coefficients of m orders and selecting and-supplying the filter
coefficient group values of n groups, where n and m are integers and n<m,
in response to the decimal section of the address signal; and 45
digital filter operation means (4;21) for performing filter operations of m
orders with respect to tone waveshape data of n sample points by using said
filter coefficient values of n groups supplied by said filter coefficient
supply means (3;24) and tone.waveshape data of n sample points generated by
said tone waveshape data generation means (2;13). 6o Patentansprtiche 1.
Tonsignalerzeugungsvorrichtung mit: einer Adrelsignalerzeugungseinrichtung
(1;12) zum Erzeugen eines Adrefsignals mit einem Ganzzahl- 



bereich (IAD) und einem Dezimalbereich (FAD), wobei der Wert des
Adre0signals sich mit einer der 56     Tonhdhe eines zu erzeugenden Tones
entsprechenden Rate ver~indert; einer auf den Ganzzahlbereich reagierenden
Tonwellenformdatenerzeugungseinrichtung (2;13) zum Erzeugen einer
Tonwellenform in der Form von Abtastwerten; gekennzelchnet durch: 19    EP
0 273 447 B1                               !il*l  ! eine
Filterkoeffizienten-Liefereinrichtuncg (3;24), die mrnstande ist, n
Filterkoeffizienten aus einer Gruppe von m  Filterkoeffizienten als
Reaktion auf den Cezimalbereich (FAD) zu liefern, wobei n und m Ganzzahlige
sind und n<m ist; und eine Digitalfilteroperationseinrichtung (4;21) mit
einer m-Ordnungs-Struktur zum digitalen Filtern der 5      Tonwellenform
entsprechend der n Filterkoeffizienten. 2. Tonsignalerzeugungsvorrichtung
nach AnspruchI 1, bei der die Filterkoeffizienten-Liefereinrichtung (3;24)
eine Filterkoeffizientenerzeugungseiniicihtung (3a;25,26) zurn Erzeugen der
m Filterkoeffizienten sowie eine Auswahleinrichtung (3b;27) zum Auswah'on
der n Filterkoeffizienten als Reaktion auf den Dezimal- 10     bereich
(FAD) des Adrefsignals aufweist. 3. Tonsignalerzeugungsvorrichtung nach
Anspruch 1, bei der m Filterkoeffizienten jeweils aufeinanderfol- genden
Werten des Adrelsignals entsprechen und bei der die
Filterkoeffizienten-Liefereinrichtung (3;24) eine vorbestimmte
Referenzordnung (k) auswhit, die dem Dezirnalbereich (FAD) einer aktuellen
is     Version des Adrelsignals (CAD) entspricht, wobei die
Filterkoeffizienten-Liefereinrichtung (24) n Ord- nungen bestimmt, die sich
von der Referenzordnung (k) durch Werte unterscheiden, die Intervallen
zwischen jeweiligen Ganzzahlbereichen (lAD) von n Abtastpunkten und dem
Dezimalbereich des aktuellen AdreBsignals (CAD) entsprechen, und die
Filterkoeffizienten-Liefereinrichtung n Filterkoeffi- zienten liefert, die
den so als Reaktion auf den Dezimalbereich (FAD) des aktuellen
Adrefisignals bestimmten n Ordnungen entsprechen. 4.
Tonsignalerzeugungsvorrichtung nach Anspruch 1, bei der n mit einer
Relation n=m/d entsprechend einer Teilerzahl d des Dezimalbereichs (FAD)
des A~drel3signals bestimmt wird, n Filterkoeffizienten den n Ordnungen
entsprechen, die sich sequentiell umr ' Intervalle unterscheiden, n
Ordnungen jeweils auf 25     Werte der Dezimalbereiche (FAD) des aktuellen
Adreflsignals (CAD) hin bestimmt werden, und die
Filterkoeffizienten-Liefereinrichtung (24) die n Filterkoeffizienten
entsprechend den n Ordnungen liefert, die so als Reaktion auf den
Dezimalbereich des aktuellen AdreBsignals (CAD) bestimmt sind. 6.
Tonsignalerzeugungsvorrichtung nach Anspruch 1, bei der die den
Filterkoeffizientendaten der m >30    Ordnungen entsprechenden
Koeffizientendaten ein Filterkoeffizientgruppenwert sind, der einer Gesamt-
heit eines oder mehrerer Filterkoeffizienten der m Ordnungen entspricht;
und die Filterkoeffizienten-Liefereinrichtung (3;24) die
Filterkoeffizientgruppenwerte von n Gruppen (wobei n<m ist) als Reaktion
auf den Dezimalbereich des Adrefsignals auswghlt und liefert. 35  6.
Tonsignalerzeugungsvorrichtung nach Anspruch 5, bei der die
Filterkoeffizienten-Liefereinrichtung (24) eine
Filterkoeffizientenerzeugungseinrichtung (250,260) zum Erzeugen der
Filterkoeffizientgruppenwer- te, die mehreren Gruppen entsprechen, sowie
eine Auswahleinrichtung (27) zum Ausw~hlen von Filterkoeffizientwerten von
n Gruppen aus den Filterkoeffizientgruppenwerten, die diesen mehreren
Gruppen auf den Wert des Dezimalbereichs (FAD) des Adrelsignals hin
entsprechen, aufweist. 7. Tonsignalerzeugungsvorrichtung nach Anspruch 5,
bei der jeweilige Ordnungen der Filterkoeffizienten von m Ordnungen
stetigen Werten des Adrelsignals mit Aufl6sung des Dezirnalbereichs (FAD)
entsprechen und bei der die FilterkoeffizientenLiefereinrichtung (24) eine
vorbestimmte Referenzord- nung (k) auswihlt, die dem Dezimalbereich des
Adrefsignals entspricht, wobei die Filterkoeffizienten- 45
Liefereinrichtung (24) n Ordnungen bestimmt, die sich von der
Referenzordnung (k) durch Werte unterscheiden, die Intervallen zwischen
jeweiligen 9anzzahlbereichen (IAD) von n Abtastpunkten und dem
Dezimalbereich (FAD) des Adreisignals entsprechen, wobei
Filterkoeffizientgruppenwerte von n Gruppen durch Summieren von
Filterkoeffizienten der Ordnungen erhalten werden, die zwischen den
jeweiligen Abtastpunkten bei jeder Ordnung vorhanden sind, entsprechend
jedem so bestimmten 60     Abtastpunkt, und die
Filterkoeffizienten-Liefereinrichtung (24) die
Filterkoeffizientgruppenwerte von n Gruppen liefert, die so als Reaktion
auf den Dezimalbereich (FAD) des aktuellen AdreBsignals bestimmt 



werden. &  Tonsignalerzeugungsvorrichtung mit: 55     einer
Adrelsignalerzeugungseinrichtung (112) zum Erzeugen eines Adrelisignals mit
einem Ganzzahl- bereich (IAD) und einem Dezimalbereich (FAD), das sich mit
einer der Tonhohe des zu erzeugenden Tones entsprechenden Rate ver ndert;
elner Tonwellenformerzeugungseinrichtung (2;13) zum  Erzeugen von
Tonwellenformabtastdaten als 20    EP 0 273 447 B
Il!llil111111111li Reaktion auf den Ganzzahlbereich (IAD) des AdreB
signals; gekennzelchnet durch: eine auf den Dezimalbereich des Adrelsignals
reagierende Filterkoeffizienten-Liefereinrichtung (3;24) zum Auswahlen und
Liefern von Koeffizientendaten entsprechend nicht-stetiger n Ordnungen, aus
5      Koeffizientendaten, die den Filterkoeffizienten dei m Ordnungen
entsprechen, wobei n und m Ganzzah- lige sind und n<m ist; und einer
Digitalfilteroperationseinrichtung (4;21) zum DurchfUhren einer
Digitalfilteroperation durch Verwen- den der Koeffizientendaten, die den
nichtstetigen n Ordnungen, die von der Filterkoeffizienten-Lieferein-
richtung geliefert werden, sowie den Tonwellenformabtastdaten, die von der
Tonwellenformdatenerzeu- to     gungseinrichtung (2;13) erzeugt werden,
entsprechen. 9. Tonsignalerzeugungsvorrichtung mit: einer
Adrelsignalerzeugungseinrichtung (1;12) zum Erzeugen eines Adrelsignals,
das einen Ganzzahl- bereich (IAD) und einen Dezirnalbereich (FAD) aufweist
und sich mit einer Rate verandert, die der 15     Tonh6he des zu
erzeugenden Tones entspricht; einer Tonwellenformdatenerzeugungseinrichtung
(2;13) zum Erzeugen von Tonwellenformabtastdaten als Reaktion auf den
Ganzzahlbereich (IAD) des AdreBsignals; gekennzeichnet durch: eine
Filterkoeffizienten-Liefereinrichtung (3;24), die imstande ist,
Filterkoeffizientgruppenwerte, von 20     denen ein jeder einer Gesamtheit
aus einem oder mehreren Filterkoeffizienten aus Filterkoeffizienten von m
Ordnungen entspricht, zu liefern sowie die Filterkoeffizientgruppenwerte
aus n Gruppen auszu- w~hlen und zu liefern, wobei n und m Ganzzahlige sind
und n<m ist, in Reaktion auf den Dezimalbe- reich des Adrelsignals; und
eine Digitalfilteroperationseinrichtung (4:21) zumr.Durchfthren von
Filteroperationen von m Ordnungen 25     in bezug auf die
Tonwellenformdaten von n Abtastpunkten unter Verwendung von
Filterkoeffizientwerten von n Gruppen, die von der
Filterkoeffizienten-Liefereinrichtung (3;24) geliefert werden, sowie von
von der Tonwellenformdatenerzeugungseinrichtung (2;13) erzeugten
Tonwellenformdaten von n Abtastpunk- ten. 3o  Revendications 1. Un
dispositif g6n6rateur de signal sonore comprenant: un moyen g6n6rateur de
signal d'adresse (1 12) pour generer un signal d'adresse comprenant une
partie entibre (IAD) et une partie decimale (FAD), la valeur dudit signal
d'adresse variant a un rythme correspondent a la hauteur d'un son que l'on
veut 36     gdndrer ; un moyen gdndrateur de donn6es de forme d'onde sonore
(2 ; 13) sensible a ladite partie entiere pour g6n6rer une forme d'onde
sonore sous la forme d'une valeur 6chantillonn6e, caracterise par:un moyen
de fourniture de coefficient de filtrage (3 ; 24) capable de fournir n
coefficients de filtrage parmi un groupe de m coefficients de filtrage en
r6ponse a ladite partie d6cimale (FAD), n et m etant entlers et n < m; et
un moyen de commande de filtre numerique (4 ; 21) possedant une structure K
40     d'ordre m pour filtrer numeriquement ladite forme d'onde sonore en
fonction desdits n coefficients de filtrage. 2. Un dispositif g~n6rateur de
signal sonore tel que d6fini dans la revendication 1, dans lequel ledit
moyen de fourniture de coefficient de filtrage (3 ; 24) comprend un moyen
g6n6rateur de coefficient de 45     filtrage (3a ; 25, 26) pour gdnerer
lesdits m coefficients de filtrage et un moyen de s6lection (3b ; 27) pour
s6lectionner lesdits n coefficients de filtrage, en r6ponse a ladite partie
d6cimale (FAD) du signal d'adresse. 3  Un dispositif generateur de signal
sonore tel que defini dans la revendication 1, dans lequel lesdits m 



50     coefficients de filtrage correspondent a des valeurs successives
dudit signal d'adresse respectivement et dans loquel ledit moyen de
fourniture de coefficient de filtrage (3 ; 24) s6lectionne un ordre de
r6f6rence pr6d~termin6 (k) qui correspond a la partie d6cimale (FAD) d'une
version en cours dudit signal d'adresse (CAD), dans lequel ledit moyen de
fourniture de coefficient de filtrage (24) determine n ordres qui diffbrent
de l'ordre de ref6rence (k) par des valeurs correspondent a des intervalles
entre 65     des parties entieres (IAD) de n points 6chantillons et la
partie decimale dudit signal d'adresse en cours (CAD), et ledit moyen de
fourniture de coefficient de filtrage fournit lesdits n coefficients de
filtrage correspondent aux n ordres ainsi d6termines en r6ponse a la partie
d6cimale (FAD) du signal d'adresse en cours. 21    EP 0 273 447 R1 4. Un
dispositif g6nerateur de signal sonore tel que d6fini dens la revendication
1, dans lequel n est d~termin6 par une relation n = m/d en fonction cl'u
nombre diviseur d de ladite partie d~cimale (FAD) dudit signal d'adresse,
lesdits n coefficients de filtrage correspondent aux n ordres qui different
s~quentiellement par des intervalles de d, les n ordres sont d6termin6s
respectivement en r6ponse a 5      des valeurs des parties d6cimales (FAD)
dL1 signal d'adresse en cours (CAD) et ledit moyen de fourniture de
coefficient de filtrage (24) fournit lesdits n coefficients de filtrage
correspondant aux n ordres ainsi determines en rdponse A la partie decimale
du signal d'adresse en cours (CAD). 5. Un dispositif g6n6rateur de signal
sonore tel que defini dens la revendication 1, dens lequel la donnre o0
de coefficient correspondant N la donnee do coefficient de filtrage de m
ordres est une valeur de groupe de coefficient de filtrage correspondent au
total d'un ou plusieurs des coefficients de filtrage de m ordres; et ledit
moyen de fourniture de coefficient de filtrage (3; 24) s~lectionne et
fournit les velours de groupe de coefficient de filtrage de n groupes (ou n
< m) en r~ponse a la partie d6cimale du signal d'adresse. t5 6. Un
dispositif generateur de signal sonore tel que defini dans la revendication
5, dans lequel ledit moyen de fourniture de coefficient de filtriage (24)
comprend un moyen gendrateur de coefficient de filtrage (250, 260) pour
g6ndrer les valeurs de groupe de coefficient de filtrage correspondent a
des groupes multiples, et un moyen de szlection (27) pour s~lectionner des
velours de coefficient de filtrage de n groupes parmi les valeurs de groupe
de coefficient de filtrage correspondent b cos groupes multiples en r6ponse
& la valour de la partie d6cimale (FAD) du signal d'adresse.. 7. Un
dispositif gen6rateur de signal sonore tel que d6fini dens ia revendication
5, dans loquel des ordres respectifs des coefficients de filtrage de m
ordres,,correspondent a des velours continues du signal 25     d'adresse
avec resolution de la partie d6cimale (FAD), et dans lequel ledit moyen de
fourniture de coefficient de filtrage (24) s~lectionne un ordre de
rdfdrence pr6dkterminM (k) qui correspond A la partie decimale du signal
d'adresse, dens lequel ledit moyen de fourniture de coefficient de filtrage
(24) determine n ordres qui different de Pordre de ref6rence (k) par des
valeurs correspondant a des intervalles entre des parties entieres
respectives (lAD) do n points 6chantillons et la partie d6cimale 30
(FAD) du signal d'adresse, dens lequel des velours de groupe de coefficient
de filtrage de n groupes sont obtenues on additionnant les coefficients de
filtrage d'ordres qui existent entre les points dchantillons respectifs a
chaque ordre correspondent h chacun des points 6chantillons ainsi ddtermi-
n6s, et ledit moyen de fournitUre de coefficient de filtrage (24) fournit
les velours de groupe de coefficient de filtrage de n groupes ainsi
d6termin6s en rdponse & la partie d6cimale (FAD) du signal 35     d'adresse
en cours. 8. Un dispositif g6nerateur de signal sonore comprenant: un moyen
g6nerateur de signal d'adresse (1 12) pour g6nerer un signal d'adresse
comprenant une partie entibre (IAD) et une partie d6cimale (FAD) et variant
a un rythme correspondent a 18a hauteur d'un son que l'on veut g~n6rer; un
moyen generateur de donnees de forme d'onde sonore (2 ; 13) pour g6nerer
des donndes 6chantillonn~es de forme d'onde sonore en reponse a la partie
entiere (IAD) du signal d'adresse, caracteris6 par un moyen de fourniture
de coefficient de filtrage (3 ; 24) sensible a la partie d6cimale du signal
d'adresse pour selectionner et fournir des donn6es de coefficient
correspondent a des ordres n non continus parmi des donn6es de coefficient
correspondant 3 des coefficients de filtrage de m ordres, oo n et m sont 



45     entiers et n < m; et un moyen de commande de filtre numerique (4:
21) pour rdaliser une commande de filtrage numerique en utilisant lesdites
donn6es de coefficient correspondent aux n ordres non continus fournis par
ledit moyen de fourniture de coefficient de filtrage et aux donn6es
6chantillonnees de forme d'onde sonore gen6r6es par ledit moyen g6nerateur
de donn6es de forme d'onde sonore (2; 13). 50 9. Un dispositif g6nerateur
de signal sonore comprenant un moyen g6n6rateur de signal d'adresse (1 ;
12) pour g6n6rer un signal d'adresse comprenant une partie entiere (IAD) et
une partie d6cimale (FAD) et variant a un rythme correspondent & la hauteur
d'un son que l'on veut g6n6rer : un moyen g6nerateur de donnees de forme
d'onde sonore (2  13) pour g6nerer ces donnees 6chantillonndes de forme 56
d'onde sonore en reponse A la partie entiere (IAD) du signal d'adresse;
caracterise par: un moyen de fourniture de coefficient de filtrage (3; 24)
capable de fournir des valeurs de groupe de coefficient de filtrage
correspondant chacune a un total d'un ou plusieurs coefficients de filtrage
parmi des coeffi- cients de filtrage de m ordres, et de s6lectionner et
fournir les valeurs de groupe de coefficient de 22    EP 0 273 447 B1
L .     M filtrage de n groupes, ou n et m sont entiers ot n < m, en
reponse h la partie decimale du signal d'acdresse; et un moyon de commando
dcl filtre,-pum6rique (4 ; 21) pour r6aliser des commandes de filtrage de m
ordres par rapport a dcs donnees cle forme d'onde sonore de n points
echantillons en utilisant lesdites valeurs de coefficient de 9i1tragc i de
n groupes fournies par ledit moyen de fourniture 5      de coefficient de
filtrage (3; 24) et dos elonnoes de forme d'oncle sonore de n points
echantillons gendrees par ledit moyen gen6rateur de donnees de forme d'onde
sonore (2; 13). 10 i5 20 25 j30 35 40 45 50 55 23    


