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[57] ABSTRACT

A basic coefficient to be used for calculation of a trans-
fer function of a digital filter is read out from a ROM
according to a cutoff frequency of a desired filter. The
value of the coefficient read out from the ROM is grad-
ually varied according to a desired resonance character-
istic by an arithmetic circuit so as to reduce the memory
capacity of the ROM for storing coefficients.

12 Claims, 18 Drawing Figures
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DIGITAL FILTER APPARATUS WITH
RESONANCE CHARACTERISTICS

BACKGROUND OF THE INVENTION

The present invention relates to a digital filter appara-
tus having a resonance characteristic.

As an alternative to an analog filter incorporating a
transistor, a resistor, a capacitor, a coil or an operational

amplifier, a digital filter incorporating a digital circuit-

such as a multiplier, an adder, or a delay circuit has
recently received a lot of attention. Such a digital filter
is used,.for example, as a tone color setting circuit of an
electronic musical instrument. These digital filters may
be, for example, low-pass filters, high-pass filters and
band-pass filters. For example, some analog type music
synthesizers incorporate an analog filter having a reso-
nance characteristic in order to add special tone color to
the sound. When a filter having a resonance characteris-
tic is used, a peak is generated in the amplitude of the
musical sound signal and a musical sound is obtained
which has a special tone color in which this frequency
component is emphasized. Although it is possible to
construct a digital filter having such a resonance char-
acteristic, a ROM of large capacity as an element of the
digital filter is generally necessary, resulting in a disad-
vantage. This will be described in more detail.

For designing a filter, a transfer function must first be
obtained. A method is known for designing a digital
filter according to which a transfer function H(s) of an
analog filter is first obtained and then it undergoes the
standard z-transform, the bilinear z-transform, or the
alignment z-transform to obtain a transfer function H(z)
of the desired digital filter.

An example of a second-order low-pass filter will be
described. A transfer function H(s) of the second-order
low-pass filter is generally expressed by

Ho? )

0 5 + w0?

Q

HE) =
s e

where H is the gain which is generally 1, Q is the ampli-
tude of the resonance, which is 1/V2 under the normal
non-resonance condition, and O is the resonance angu-
lar frequency. Under this normal condition, the poles of
this low-pass filter have two conjugate roots repre-
sented by P1, P2 of the s-plane as shown in FIG. 1 and
may be expressed by the equation

1 1 Q)
= -  jeeme | w0
: (,\5 ’\5) ¢

As may be seen from the characteristic graph in FIG. 1,
the poles P1, P2 move to the points (O, =»O) on_the
imaginary axis (jo) as Q increases according to 1/V2,1,
2,...FIG. 2 is a characteristic graph of a low-pass filter
having a resonance characteristic at frequency wO.

When the transfer function H(s) of equation (1) un-
dergoes the bilinear z-transform, the transfer function
H(z) of the digital filter is expressed by

Hey = —KL+ z=1)2 €)

1+ biz—! + p22-2
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where b1, b2, and K are constants respectively ex-
pressed by the following equations:

@

&)

©

where Ts is the sampling time and z is the variable of the
bilinear z-transform.

Therefore, the digital filter apparatus whose transfer
function H(z) is expressed by equation (3) is constructed
as shown in FIG. 3. Referring to FIG. 3, reference
numeral 1 denotes an adder to which an input signal is
supplied. The output of the adder 1 is supplied to an-
other adder 2 and a sampling time (T’s) delay circuit 3.
The output of the delay circuit 3 is supplied to multipli-
ers 4 and 5. To the multiplier 4 is supplied data b1 from
a2 ROM 6 selected by respective control data of a signal
of resonance angular frequency »O and Q representing
the amplitude of resonance which have been supplied to
the ROM 6. The input signal supplied to the multiplier
4 is multiplied by b1, and the product is supplied to the
adder 1. This input signal to the adder 1 instructs the
adder 1 to perform subtraction. The multiplier 5 has the
function of doubling the input signal, and its output is
supplied to the adder 2. The output of the delay circuit
3 is also supplied to a delay circuit 7 which delays its
input signal by the sampling time (Ts). The output of
the delay circuit 7 is supplied through a multiplier 8 to
the adder 1 as well as directly to the adder 2. The data
b2 selected by the control data supplied to the ROM 6
is supplied to the multiplier 8 for multiplication with the
input signal, and the multiplication product is supplied
to the adder 1. This input signal to the adder 1 instructs
the adder 1 to perform subtraction. The output of the
adder 2, to which are supplied the outputs of the adder
1, the multiplier § and the delay circuit 7 for addition
thereof, is supplied to a multiplier 9. To the multiplier 9
is also supplied data K selected from the ROM 6 by the
control data. The input to the multiplier 9 from the
adder 2 is multiplied K times and is output.

However, with the digital filter apparatus as de-
scribed above, when the amplitude of the resonance is
of level n, the capacity of the ROM 6 for storing coeffi-
cients must be n times that for the case without reso-

- nance, thus demanding a ROM of very large capacity.

65

In general, it is the ROM which occupies a relatively
large area on the semiconductor chip when integrating
the digital filter. Therefore, an increase in the capacity
of the ROM means a corresponding reduction in avail-
able area for elements other than the ROM on a chip of
a certain area, which runs contrary to the demand for
multifunctionality of the digital filter.

SUMMARY OF THE INVENTION

It is, therefore, an object of the present invention to
provide a digital filter apparatus having a variable reso-
nance characteristic according to which the memory
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capacity for storing coefficients may be reduced and
higher integration may be achieved.

The above and other objects of the present invention
are achieved according to the present invention by a

digital filter apparatus wherein a coefficient for varying
the resonance characteristic among coefficients read

out from a memory for obtaining a transfer function is
varied by an arithmetic circuit so that the memory ca-
pacity for storing the coefficients may be reduced to the
minimum.

The object of the present invention is further
achieved by a digital filter apparatus wherein means for
calculating at least one coefficient for obtaining a trans-
fer function utilizing other coefficients is incorporated
to further decrease the memory capacity required for
storing the coefficients.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a graph showing poles of a conventional
analog filter;

FIG. 2 is a graph showing the resonance characteris-
tic of a conventional analog low-pass filter;

FIG. 3 is a block diagram of a digital filter corre-
sponding to the analog filter of the characteristic of
FIG. 1 and incorporating 2 ROM;

FIG. 4 is a graph showing the movement of poles as
a function of frequency on the z-plane for explaining the
operation of the digital filter of the present invention;

FIG. 5 is a block diagram of a digital low-pass filter
according to one embodiment of the present invention;

FIG. 6 is a block diagram of an arithmetic circuit in
the filter of FIG. §;

FIG. 7 is a block diagram of another arithmetic cir-
cuit in the filter of FIG. §;

FIG. 8 is a frequency characteristic graph of a digital
low-pass filter according to another embodiment of the
present invention;

FIG. 9 is a block diagram of a digital low-pass filter.
according to still another embodiment of the present
invention;

FIG. 10 is a frequency characteristic graph of the
digital low-pass filter according to the embodiment
shown in FIG. 9;

FIG. 11 is a frequency characteristic graph of a digi-
tal high-pass filter having a resonance characteristic;

FIG. 12 is a block diagram showing part of the consti-
tuting circuit of a digital high-pass filter according to
still another embodiment of the present invention;

FIG. 13 is a frequency characteristic graph of a digi-
tal band-pass filter having a resonance characteristic;

FIG. 14 is a block diagram showing an example of the
construction of a digital band-pass filter;

FIG. 15 is a block diagram of a digital band-pass filter
according to still another embodiment of the present
invention which is designed according to the principle
of FIG. 14;

FIG. 16 is a block diagram of a digital band-pass filter
according to still another embodiment of the present
invention;

FIG. 17 is a circuit diagram of an arithmetic circuit in
the filter of FIG. 16; and

FIG. 18 is a timing chart for explaining the operation
of the embodiment shown in FIG. 16.
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4

DESCRIPTION OF THE PREFERRED'
‘ EMBODIMENTS

Preferred embodiments of the present invention will
now be described with reference to the accompanying
drawings.

When Q=(1/V2) in an analog transfer function H(s)
as represented by equation (1) above, that is, when a
second-order Butterworth type low-pass filter under-
goes the bilinear z-transform for obtaining a digital
transfer function H(z), it is expressed as equation (3) and
the corresponding values -of b1, b2 and K are obtained
by substituting Q=(l/\/_2_) in equations (4) to (6). The
movement of the poles of this low-pass filter when the
cutoff frequency fc is varied may be as shown in FIG. 4.

FIG. 4 thus shows the z-plane wherein a curve a
represents the locus (hereinafter referred to as a root
locus) of the poles as calculated with a sampling rate of
32 kHz. Numerals on the locus represent values of the
cutoff frequency fc which are sampled at a frequency of
every 500 Hz. The value of this root locus becomes is as
expressed by '

7

_ _111_+.\l4b2-b12 @
=TT
only if the denominator in equation (3) is zero. Numer-
als on unit circle 01 represent frequencies when the
angular velocity is Q=27fcTs and (—1, 0) represents a
zero of second-order.

Considering the case wherein the cutoff frequency fc
is 3 kHz, when resonance occurs in a digital filter equiv-
alent to the analog filter described above, the pole
moves along a Butterworth circle 02 (curve b) as shown
in the figure. Assuming now that

A= tanwijs(;;: 0.3033) (8)

and the distance between the centers of circles 01 and 02
as

2
+f—:}i— (= 1.2026),

the radius of the Butterworth circle 02 may be obtained
as .

24
1 — 42

(= 0.6682).
Since the poles expressed by equation (7) are conju-
gate roots, the following relations are obtained

®
(10)

bl=—2x
b2=r

where r is the distance between one pole and the origin
01 and x is its value on the real axis.

For realizing a filter with a resonance characteristic
wherein a peak is generated at a certain frequency, it
suffices that the locus of poles approach the unit circle
01. According to this embodiment, r2, that is, coefficient
b2 alone, is varied along line c of FIG. 4, and the ampli-
tude of resonance has three levels. The coefficient in
this case in b2n which is given by
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1—
—22—b2-2"(n=—-eo,0, )

b2n =62 + an

FIG. 5 shows a block diagram of this embodiment
wherein the same reference numerals denote the same
parts as in FIG. 3 for the sake of simplicity; the descrip-
tion thereof will be omitted.

Referring to FIG. 5, coefficients bl and b2 corre-

sponding to the cutoff frequency fc are stored ina ROM .

6a. A coefficient K is calculated from the coefficients bl
and b2 at an arithmetic circuit 10 and is supplied to the
multiplier 9. The arithmetic circuit 10 performs a calcu-
lation of

_14bl 482
K= 4

as may be seen when H=1 is substituted in equations (4)
to (6). The arithmetic circuit 10 comprises an adder and
so0 on, the details of which will be described later.

Reference numeral 11 denotes an arithmetic circuit
which calculates the coefficient b2n by executing the
operation corresponding to equation (11) with the coef-
ficient b2 supplied from the ROM 6. Qutputs b2n as
shown in Table 1 are obtained according to three con-
trol signals of nl1, n0 and n— .

TABLE 1
n b2n
nltn = 1) 14b2
206a = 0) L
n— o= —«) b2

The arithmetic circuit 11 is of the construction shown
in FIG. 6. The coefficient b2 which is the input data to
the arithmetic circuit 11 from the ROM 6a is of 8-bit
construction, the respective bits of which are assigned
weights of 2—1 to 2—8, This input data is supplied to
half-adders 31 through 38 through inverters 21 through
28 as well as directly to full-adders 41 through 47 and a
half-adder 48. ‘

A high level signal representing logic value “1” is
supplied to the other input terminal of the half-adder 38
which adds the value of 2—8 to the input data b2 and
supplies a carry signal to the half-adder 37 correspond-
ing to the upper significant bit. To the other input termi-
nals of the respective half-adders 31 to 37 are input
carry signals from the half-adders of the respective
lower significant bits. Thus, the outputs of the half-

20
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6
supplied to the other input terminals of the full-adders
41 to 47 and the half-adder 48.

When the control signal n— o is “1”, all the outputs
of the shift circuit 12 become zero and therefore the
coefficient data b2 is output as data b2n directly from
the full-adders 41 to 47 and the half-adder 48.

When the control signal nl is “1”, the carry signal
output from the half-adder 31 and the outputs of the
half-adders 31 to 37 are supplied to the full-adders 41 to
47 and the half-adder 48. Therefore, since the output of
the shift circuit 12 becomes

152
2

the value of

_ 1t
=7z

1 —
b2 + —292-
is selected for output as the coefficient b2n.

When the control signal a0 is “1”, the shift circuit
operates so that the signal to be supplied to the full-
adder 41 is of logic value “0”, and the carry signal
output from the half-adder 31 and the outputs of the
half-adders 31 to 36 are input to the full-adders 42 to 47
and the half-adder 48. Thus, since the output of the shift
circuit 12 becomes

1—52
22

>

the value of

5 4 L ;2b2 BREL

is selected as the coefficient b2n.-
FIG. 7 shows the configuration of the arithmetic

..circuit 10 in FIG. 5 which is so constructed that it re-

45

50

adders 31 to 37 are those respectively inverted bits of 55

the data b2 and are added “1” to the least significant bit
thereof, and therefore are in the form of —b2, which is
the complement of 2. By using the carry signal output
from the half-adder 31 as the most significant bit, these
outputs represent 1 —b2.

The outputs of these half-adders 31 to 37 and the
carry signal output from the half-adder 31 are supplied

together with a low level signal representing the logic .

value “0” to a shift circuit 12 which comprises a plural-
ity of transfer gates T. The shift operation of the shift
circuit 12 is controlled by the three control signals n0,
nl and n— o for controlling the amplitude of reso-
nance. The shift circuit 12 outputs signals which are

60

ceives two coefficients bl and b2 as inputs and perforins
the operation as expressed below.

it bl 482
X r)

Referring to FIG. 7, the coefficients b1 and b2 from the
ROM 6aq are supplied together with a signal represent-
ing numeral 1 to the addition input terminals of an adder
10a. The output of the adder 10z is supplied together
with a signal representing numeral 4 to a multiplier 105.
The output of the adder 104 represents (1+bl-+b2) and
is divided by 4 at the multiplier 185. This division may
be accomplished by shifting by 2 bits the decimal point
of the output data (1+bl+b2). The output of this multi-
plier 105,

14 bt 452
—Jf—-—"'—4 K

is supplied to the multiplier 9 in FIG. 5. . P .
The mode of operation of the digital low-pass filter of

_the configuration as described above will be described
65.

next.

When resonance does not occur in this digital filter
apparatus, that is, when Q=(1 /\/2_), the coefficient data
b2 corresponding to the cutoff frequency fc is supplied
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as the coefficient b2n to the multiplier 8 through the
arithmetic circuit 11 by making the control signal n— «
equal to “1” and the other control signals nl and n0
equal to “0”. Then, the digital low-pass filter apparatus
shown in FIG. 5 operates as a low-pass filter without a
resonance characteristic. .

For adding a weak resonance characteristic, the coef-
ficient data b2 corresponding to the cutoff frequency fc
is supplied to the arithmetic circuit 11 by making the
control signal n0 equal to “1” and the other control
signals n— o and nl equal to “0”. Inside the arithmetic
circuit 11, the shift circuit 12 outputs

1 — b2
22

so the output of the arithmetic circuit 11 becomes

14 362
7 .

Accordingly, the data to be applied to the multiplier 8
becomes

b w Lot 302
=3

and the cutoff frequency fc becomes the resonance
frequency, causing weak resonance. '

For operating the digital filter apparatus of FIG. 5 to
have strong resonance as when Q=10 in FIG. 2, the
control signal nl is made “1” and the other control
signals n— o and n0 are made “0”. As a consequence,
the coefficient data b2 corresponding to the cutoff fre-
quency fc is converted to

14 52
2

at the arithmetic circuit 11, and is then applied to the
multiplier 8. Thus, the cutoff frequency fc becomes the
resonance frequency, resulting in strong resonance.

In the above embodiment, there are three levels of
amplitude in resonance. However, as shown in FIG. 4,
n levels of amplitude of resonance may be obtained by
increasing the number of levels by dividing into n levels
along the imaginary axis (line c) from a pole on the root
locus a to the unit circle 01. In this case, the arithmetic
circuit 11 may have various circuit constructions as
required. For example, the amplitudes of resonance in
(14-1) levels may be obtained according to the selection
of n when

b2n=b2+1—*21—”2--2"(n=—w,o,l,...l—l).

Although the present invention has been applied to a
second-order Butterworth low-pass filter in the above
embodiment, the present invention is similarly applica-
ble to filters having different characteristics or digital
filters of higher order. In such a case, in order to add the
resonance characteristic, the coefficient to be increased
or decreased may be selected as required.

According to this embodiment, in a digital filter appa-
ratus wherein the coefficients for the transfer function
are stored in advance for operation therewith, at least
some of the coefficients are increased or reduced to
move the poles of the transfer function parallel to the
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8

imaginary axis to cause peaks in the amplitude charac-
teristics for adding the resonance characteristic. In this
manner, a digital filter apparatus may be provided with
the resonance characteristic by simply adding a simple
circuit without increasing the capacity of the ROM for
storing coefficients. This is quite advantageous in inte-
grating the digital filter apparatus.

However, when the coefficient b2 in equation (11)
slightly changes by ‘

A2 =1=22 = 0,0, 1) 12
22

the transfer function H(z) becomes
—12 13
H) = k(1 + 2z~ a3

14 b=V 4 (2 + Ab2)z—2

and

; 4K (14)

P R Ty (Y

when the angular frequency o becomes 0, that is, when
z—1is 1. When H=1 is substituted in equations (4) to

©),

K=lib‘1‘ib2 1s)

Therefore, by combining equations (14) and (15), the
following is obtained )

b2

14 51 <1 (16)
1+ 061+ (B2 + Ab2) °

lim H(z) =
z= 1
Thus, as shown in FIG. 8, when resonance occurs,
although its frequency component is emphasized, the
other frequency components are attenuated disadvanta-
geously.

An embodiment will now be described wherein the
reduced level is increased to 0 level by utilizing K as
expressed by

K = -Ltbl 4b2 Ab2 an

_ 1 bl 4 b2n
= 4
instead of K as given’by equation (15).

FIG. 9 shows a block diagram of this embodiment
wherein the same reference numerals denote the same
parts as of FIG. 5 for the sake of simplicity, and the
description thereof will be omitted.

Reffering to FIG. 9, the ROM 6a stores the coeffici-
ents bl and b2 corresponding to the cutoff frequency fc.
The coefficient K which is to be supplied to the multi-
plier 9 is calculated with the coefficients bl and b2n
obtained at an arithmetic circuit 101. This arithmetic
circuit 101 performs the operation

14 bl 4 bn
K= r3

- as has been described with reference to equation (17).

For this purpose, b2n is used instead of the coefficient
b2 which is supplied to the adder 10a in FIG. 7. Thus,
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data bl supplied from the ROM 6q, data b2n supplied
from the arithmetic circuit 101, and “1” are added at the
adder 10q for obtaining data “1-+bl+b2n”.Thus, this
output “1+4-b14-b2” is supplied to the multiplier 105
where it is divided by “4”. The output of the multiplier
105, that is ,

14 bl 4 B2n
3

is supplied to the multiplier 9 as the coefficient K.

For operating the digital filter apparatus_shown in
FIG. 9 to have no resonance where Q=1/V2, the con-
trol signal n— o is made equal to “1” and the other
control signals nl1 and n0 are made equal to “0”. As a
result, the coefficient data b2 corresponding to the cut-
off frequency fc is supplied to the multiplier 8 as the
coefficient b2n through the arithmetic circuit 11. Ac-
cordingly, the digital filter apparatus of FIG. 9 acts as a
low-pass filter with no resonance. In this case, the coef-
ficient K becomes a value given by the equation (15).

Whe the filter of FIG. 9 is operated to have weak
resonance, only the control signal no is made equal to
“1” to supply a coefficient data b2 corresponding to the
cutoff frequency fc to the arithmetic circuit 11. As a
result, data representing

1-— 5
22

is obtained from the shift circuit 12 in the arithmetic
circuit 11 and data

14 352
y

is obtained from the arithmetic circuit 11. Accordingly,
data supplied to the multiplier 8 becomes

pan = LE 302
_4—.4 )

Thus, the cutoff frequency fc becomes the resonance
frequency, resulting in weak resonance. In this case, the
coefficient K is calculated at the arithmetic circuit 101
as :

S+ 4b1 4 352
16

and is supplied to the multiplier 9.

For operating this digital filter apparatus to have
strong resonance, the control signal n1 is made equal to
“1”, and the other control signal n— « and n0 are made
equal to “0”, As a result, the coefficient data b2 corre-
sponding to the cutoff frequency fc is converted

14 52
2

at the arithmetic circuit 11 and is supplied to the multi-
plier 8. Thus, the cutoff frequency fc becomes the reso-
nance frequency, resulting in strong resonance. In this
case, the coefficient K is calculated as '

34+ 251 4 52
8
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10
at the arithmetic circuit 101 and is supplied to the multi-
plier 9.

Therefore, according to this embodiment, the gain of
the amplitude characteristic as shown in FIG. 10 always
becomes 1 even under resonance, so that the frequency
components other than the frequency at the peak (the
angular frequency w0) remain the same, and the fre-
quency component at the peak (the angular frequency
0) alone is emphasized.

The present invention has been described as applied
to a low-pass filter in the embodiments described above.
However, the present invention is similarly applicable
to a high-pass filter and a band-pass filter.

A case of a second-order high-pass filter will now be
described. The transfer function of such an analog filter
is generally expressed as

Hs a8

+-—--"'°Q0 s

H(s) =

2 + w?

where H is the gain which is generally 1, Q is the ampli-
tude of resonance which is 1/v2 under the normal
non-resonance condition, and 0 is the resonance angu-
lar frequency. Under this normal condition, the poles in
the s-plane are expressed as

1 1 9
== tje=] -
‘ ( 7 ’\r;) “

As Q becomes larger as shown in FIG. 11, the poles
move to the points (0, =w0) on the imaginary axis.
When this transfer function H(s) undergoes the bilinear
z-transform, the transfer function becomes

K(- ! — 2z 122 (20)

H@E) =
@ =T b1+ 52

where

@n
22

@3

The transfer function for the circuit configuration of
this high-pass filter differs only in that the sign for z—!
in the numerator on the right side has changed from (4)
to (—), as may be seen by a comparison of equations (3)
and (20). Thus, it may be easily seen that the circuit
configuration becomes substantially the same as that of
the embodiment shown in FIGS. 5 or 9. In this case, the
coefficient K may be calculated from the coefficients b1
and b2 or from b1 and b2n. Where H==1, it is apparent
that they may be respectively obtained as

_1—bl 482
K= !
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-continued
and

_ 1— bl 4 b2n
K= )

When these are compared with the equations for X for
the case of the low-pass filter

K= _ l+b14+ b2n

1+bi+b2 or K

they differ only in that the sign of bl in the numerator
of the term on the right has changed from (+) to (—).
It follows that it suffices to change the sign of the coeffi-

cient bl to be supplied to the adder 10z from (4 ) to (—)

to have the circuit configuration as shown in FIG. 12.
The rest of the circuit configuration is the same as that
of FIG. 7.

Embodiments wherein the present invention is ap-
plied to a band-pass filter will now be described with
reference to FIGS. 13 to 18.

In general, the transfer function H(z) of the band-pass
filter is more complicated than those of the low-pass
filter and the high-pass filter, and the circuit configura-
.tion becomes complex and bulky accordingly. There-
fore, in this embodiment, for realizing a band-pass filter,
a low-pass filter and a high-pass filter are cascade-con-
nected.

The description will be made of a case using a second-
order low-pass filter and a second-order high-pass filter.
The transfer functions HL(s) (low-pass filter) and HH(s)
(high-pass filter) of the analog filters are generally ex-
pressed as

HLw012 29
2+ “éoll 5 + w012

HHs? 25

s2+“’Qz£s+w022

HL(s) =

HH(s) =

where HL and HH are gains which are generally 1, Q1
and Q2 are amplitudes of resonance which are generally
1/V2 under the normal non-resonance condition, and
«01 and @02 are the resonance angular frequencies.
Under this normal condition, the poles in the s-plane for
both the low-pass filter and the high-pass filter, as in
FIG. 1, are expressed as

(26)

As the values of Q1 and Q2 becomes larger, as shown in
FIG. 13, the poles move to the points (0, +«0) on the
imaginary axis.

* When these transfer function HL(s) and HH(s) un-
dergo the bilinear z-transform, they become

HLG) = KL(1 z—l)Z (o))
1+ b1z~ 4 p2z-2

HHQE) = —KE0 =271 )
1+ biz—1 4 p22—2

where
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-continued
2002 — £ @)
b1 = 75
02, 200 4
ot
02 _ 200 4 (30)
0 = T Ton T
02 4 200 4
o T
KL = HLw01? @n
N m012 + M— + ——4—-.
OI1Ts 72
4HH (32)
12
KH =
. 2002 4
022 4 == | =
el 77 )

In equations (29) and (30), w0 represents w01 and w02,
and Q represents Q1 and Q2.

Thus, by connecting the low-pass filter and the high-
pass filter whose transfer functions HL(z) and HH(z)
are expressed by equations (27) and (28) in cascade
connection as shown in FIG. 14, a band-pass filter is
realized. Referring to FIG. 14, LPF represents a low-
pass filter and HPF represents a high-pass filter. These
filters are controlled by control signals from the outside,
that is, the resonance angular frequencies @01 and w02,
and Q01 and Q02 which represent the amplitudes of
resonance.

For realizing a filter having a characteristic such that
peak is obtained at a particular frequency, it suffices that
the locus of poles approach the unit circle. In this em-
bodiment, r2, that is, the coefficient b2 alone, is varied
along line ¢ of FIG. 4. Further, in this embodiment, the
amplitude of resonance has three levels, and the corre-
sponding coefficient is b2n which is given by

b2

- 152 (33
b2n = b2 + Py

M= —w,0,1)

Although the description has been made with refer-
ence to a low-pass filter, the same applies to the case of
a high-pass filter. That is, the movement of the poles
when the cutoff frequency fc2 is varied becomes as
shown in FIG. 4. In this case, the zero of second-order
becomes (+1, 0).

Therefore, the amplitude of resonance with the high-
pass filter of this embodiment also has three levels, and
the coefficient corresponding to b2 is b2m which is
given by :

b

bom = b2 + L=02 69
22

2 M= — 0, 0, 1)

FIG. 15 shows a block diagram of this embodiment.
For the sake of simplicity, the same reference numerals
in the low-pass filter LPF denote the same parts as in
the low-pass filter of FIG. 5, and the description thereof
will be omitted. The corresponding parts of the high-
pass filter (HPF) are denoted by the corresponding
reference numerals for the low-pass filter (LPF) with
110 added.

Referring to FIG. 15, ROMs 6a and 116a store the
coefficients bl and b2 corresponding to cutoff frequen-
cies fc1 and fc2, and coefficients KL and KH which are
to be supplied to multipliers 9 and 119 are calculated
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with these coefficients bl and b2 at arithmetic circuits
10 and 120. This arithmetic circuit 10 performs the
calculation

KL = l;tbi;th (35)

as may be seen when H=1 is substituted in equations
(29) to (31). The arithmetic circuit 120 performs the
calculation

KL — l—biibz (36)

as may be seen from equations (29), (30) and (32).

The details of these arithmetic circuits 10 and 120 are
as shown in FIGS. 7 and 12.

Reference numberals 11 and 121 in FIG. 15 are arith-
metic circuits for calculating coefficients b2n and b2mi
by performing the operation corresponding to equa-
tions (33) and (34) with the coefficient b2 supplied from
the ROMs 64 and 116a. These arithmetic circuits 11 and
121 obtain outputs b2n and b2m as shown in Tables 2

10

15

20

and 3 according to control signals n1, n0, n— «» and ml, 25

mb and m— .

TABLE 2
n b2n
ni(n = 1) A
n0(n = 0) l_i'z:ﬁ
‘n-— o = —w) b2
TABLE 3
m b2m
ml(m = 1) 1—'2ﬁ
m(m = 0) Mﬁi
m— o(m = —cw) b2

The arithmetic circuit 11 is constructed as shown in
FIG. 6. Since the configuration of the arithmetic circuit
121 is the same as that of the arithmetic circuit 11, the
description thereof will be omitted.

The mode of operation of the band-pass filter of the
configuration as described above will now be described.

For not adding the resonance characteristic, that is,
when Q1=Q2=1/V?2 with this band-pass filter, the
coefficient data b2 corresponding to the cutoff frequen-
cies fcl and fc2 are supplied as the coefficients b2n and
b2m through the arithmetic circuits 11 and 121 to the
multipliers 8 and 118 by making the control signals
n—co and m~- oo equal to “1” and the control signals n0
and nl and, m1 and m0 equal to “0”. Thus, the band-
pass filter as shown in FIG. 15 operates as a band-pass
filter without a resonance characteristic.

For weak resonance, the coefficient data b2 corre-
sponding to the cutoff frequency fcl is supplied to the
arithmetic circuit 11 by making, at the low-pass filter
LPF, the control signal n0 equal to “1” and the other
control signals n— «o and nl equal to “0”. At the arith-
metic circuit 11,
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is output from the shift circuit 12 shown in FIG. 6 as has
already been described. Therefore, the data to be sup-
plied to the multiplier 8 which is the output of the arith-
metic circuit 11 becomes

_ 14362
b2n = 7 ,

and the cutoff frequency becomes the resonance fre-
quency, resulting in weak resonance. Further, by mak-
ing the control signal m0 equal to “1” and the other
control signals m— o and m1 equal to “0” at the high-
pass filter as well, the cutoff frequency fc2 becomes the
resonance frequency, resulting in weak resonance.

In the low-pass filter, for example, when the band-
pass filter is operated to have strong resonance, the
control signal nl is made equal to “1” and the other
control signals n— e and n0 are made equal to “0”.
Consequently, the coefficient data b2 corresponding to
the cutoff frequency fcl is converted to

14 52
2

at the arithmetic circuit 11, which is supplied to the
multiplier 8. Therefore, the cutoff frequency fcl be-
comes the resonance frequency, resulting in strong reso-
nance. Also at the high-pass filter HPF, by making the
control signal m1 equal to “1” and the other control
signals m— co and m0 equal to “0”, the cutoff frequency
fc2 becomes the resomance frequency, resulting in
strong resonance. -

Thus, the band-pass filter of this embodiment com-
prises the low-pass filter LPF and the high-pass filter
HPF which are cascade-connected. A desired reso-
nance characteristic may be achieved at the respective
cutoff frequencies fc1 and fc2 by appropriately selecting
the values of the control signals n0, n1 and n— « and
m0, ml, and m— o which are to be supplied to the
arithmetic circuits 11 and 121. Therefore, resonance of
the same amplitude may be achieved at both the cutoff
frequencies fcl and fc2; or, alternatively, strong reso-
nance may be achieved at one of the cutoff frequencies
fcl or fc2, and weak resonance may be achieved at the
other cutoff ffequency. In this manner, resonances of
different amplitudes at the respective cutoff frequencies
fc1 and fc2 are also possible.

Another embodiment of the band-pass filter will be
described. FIG. 16 shows the circuit configuration of
this embodiment wherein reference numeral 61 is an
adder for adding data which is supplied through a
switch SW1. The filter has, additionally, an adder 62 to
which is supplied the output of the adder 61, and multi-
pliers 64 and 65 to which the output of the adder 61 is
supplied through a delay circuit 63 having a delay time
of twice that of the sampling time (Ts). To this multi-
plier 64 is also supplied the data bl which is-selected
according to the cutoff frequencies fci and fc2 supplied
to 2 ROM 66. At the multiplier 64, the input signal is
multiplied by b1 and the multiplication product is sup-
plied to the adder 61. This input signal to the adder 61
instructs subtraction at the adder 61. The multiplier 65
has the function of doubling the input signal according
to a switching signal L/H in the case of the low-pass
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filter and of multiplying the input signal with —2 in the
case of the high-pass filter. The output of the multiplier
65 is supplied to the adder 62. The output of the delay
circuit 63 is supplied to the adder 61 through a delay
circuit 67 having the delay time twice the sampling time 5
(Ts) and further through a multiplier 68; it is also sup-
plied directly to the adder 62. To the multiplier 68 is
further supplied data b2’ obtained when the data b2
selected by the cutoff frequencies fcl and fc2 supplied
to the ROM 66 is supplied to an arithmetic circuit 70 for
conversion according to the control signals n (ni, n0,
n— o) and m (m1, m0, m— o). At this multiplier 68, the
input signal is multiplied by b2’ and the multiplication
product is supplied to the adder 61. This input signal to
the adder 61 instructs subtraction at the adder 61.

The configuration of the arithmetic circuit 70 is sub-
stantially the same as that of the arithmetic circuit 11
shown in FIG. 6 and differs therefrom in that a gate
circuit is further incorporated which selects, in response
to the switching signal L/H described above, between
the control signals n (n1, n0, n— %) and m (mi, mo,
m— ) as the control signal for the shift circuit 12.
However, this gate circuit is not shown in the figure.
Therefore, the relationships between the input signal to
and the output data from the arithmetic circuit 70 are ;5
shown in Table 4 below:

20

TABLE 4 .
L/H n b2’
0 nl IZLI’Z 30
0 14 3b2
4
n— o b2
35
1 ml L:E_b_Z_
0 14362
ry
40
m— o b2

The output of the adder 62 to which are supplied the
outputs of the adder 61, the multiplier 65, and the delay
circuit 67 is supplied to a multiplier 69 where it is multi-
plied by K and the multiplication product is supplied to
a switch SW2.

Referring to FIG. 17, reference numeral 71 is an
arithmetic circuit. The coefficients b1 and b2 supplied
from the ROM 66 are supplied to an adder 72. To this
adder 72 is also supplied a signal representing a numeral
“1”. The switching signal L/H is also supplied to the
adder 72 for selection so that the adder 72 performs the
operation of “1+b1+b2” for realizing a low-pass. filter
and performs the operation “—b1+b2” for realizing a
high-pass filter. ‘

The output of the adder 72 is applied to a multiplier
73 where it is divided by *“4”. This division is achieved
by shifting the decimal point to the left by 2 bits. The
operations of equations (35) and (36) are performed in
this manner, and the resultant output is supplied to the
multiplier 69 as the coefficient data K (i.e., KL and
KH).

Referring to FIG. 16, the output of the switch SW2 is
controlled according to the switching signal L/H so
that it is supplied to the outside as an output of the
band-pass filter or it is fed back as an input to the digital
filter. In this figure, reference numeral 74 denotes a
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latch circuit which latches data supplied from the
switch SW2 at a timing to be described later and which
transfers this data to the switch SW1. The switch SW1
controls according to the switching signal L/H for
switching so that the data supplied through the latch
circuit 74 is supplied to the digital filter or new input
data is supplied to this digital filter.

The mode of operation of this embodiment will now
be described. Briefly describing the mode of operation
of this embodiment first, the digital filter apparatus first
operates, in response to the input data, as a high-pass
filter (cutoff frequencey fc2: variable), for example.
Then, the digital filter apparatus operates as a low-pass
filter (cut-off frequency fcl: variable) for the resultant
data obtained from the high-pass filter. Meanwhile, the
addition of resonance characteristic is controlled by the
arithmetic circuit 70. Therefore, the input signal is out-
put through a band-pass filter having a peak in the am-
plitude characteristic.

The input data from the outside is sampled and input
at a timing as shown in FIG. 18(1) by the switch SW1.
Therefore, the input data is changed as shown in FIG.
18(2). The switching signal L/H is switched as shown in
FIG. 18(3). Therefore, the coefficients bl and b2 corre-
sponding to the desired cutoff frequency fc2 are read
out from the ROM 66, and the calculation as repre-
sented by equation (36) is performed at the arithmetic
circuit 71 to calculate the coefficient KH. In this man-
ner, at the digital filter apparatus as shown in FIG.
18(4), data which has a resonance characteristic accord-
ing to the operation result of the arithmetic circuit 70 is
calculated through the high-pass filter. The resultant
data is latched in the delay circuits 63 and 67 at a timing
as shown in FIG. 18(5). The output of the multiplier 69
is read in the latch citcuit 74 at a timing as shown in
FIG. 18(6) through the switch-SW2. The data read in
the delay circuits 63 and 67 is delayed until the time for
the next operation of the high-pass filter. The data
which is output from the delay circuits 63 and 67 when
the switching signal L/H is switched to “0” is the data
obtained in the preceding operation of the low-pass
filter. Meanwhile, from the ROM 66 are read out the
coefficients bl and b2 corresponding to the desired
cutoff frequency fcl, and the calculation as represented
by equation (35) is executed at the arithmetic circuit 71
to calculate the coefficient KL. Thus, at the digital filter
apparatus, in response to the outputs of the latch circuit
74 and the delay circuits 63 and 67 supplied through the
switch SW1, data which has a resonance characteristic
according to the operation result of the arithmetic cir-
cuit 70 is calculated through the low-pass filter. As a
consequence, the data is output to the outside through
the switch SW2. :

In accordance with this embodiment, when the cutoff
frequencies of the low-pass filter and the high-pass filter
are equal, the coefficients bl and b2 for the transfer
function of the digital filter are entirely the same. Utiliz-
ing this, only one kind of data (b1, b2) is stored in the
ROM 66. Utilizing the fact that the coefficients K (KL,
KH) can be expressed with bl and b2, they are calcu-
lated at the arithmetic circuit 71 from the coefficients bl
and b2 output from the ROM 66. In addition, the arith-
metic circuit 70 for adding the resonance characteristic
operates according to the control signal n (nl, n0,
n— o) and m (m1, m0, m— ) according to the selec-
tion made between the low-pass filter and the high-pass
filter. Therefore, the memory capacity of the ROM 66
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may be vastly reduced. In addition to this, the bulk of
the hardware for the digital filter apparatus becomes
about half that required for a band-pass filter incorpo-
rating a cascade-connected low-pass filter and high-pass
filter. :

There are three levels in the amplitude of the reso-
nance in the above embodiment. However, as shown in
FIG. 4, by increasing the number of levels by dividing
into n levels from the poles on the root locus to the unit
circle 01 along the imaginary axis, n resonance levels
may be achieved by realizing various circuit configura-
tions as required. For example, when

1 b

b2n=b2+-—-1—2-2"(n=—eo,O,l,...I—l)and

15
2l

b2m = b2 + f2M(m = —,0,1,...1—1),

resonances of (14 1) levels may be selected according to
the selection of n and m.

In this embodiment, the present invention is applied
to a band-pass filter of a second-order Butterworth
low-pass filter and a second-order Butterworth high-
pass filter. However, the present invention is similarly
applicable to a band-pass filter of higher order. In such
a case, the coefficient whose value is to be increased or
decreased may also be selected as required.

What we claim is:

1. A digital filter apparatus having resonance charac-
teristics, comprising:

a digital filter means;

storing means coupled to said digital filter means for

storing coefficients for a transfer function of the
digital filter apparatus; and

first means coupled to said storing means for modify-

ing at least one of said stored coefficients such that
said digital filter means produces a peak in an am-
plitude characteristic of the digital filter apparatus
responsive to said stored and modified coefficients.

2. The digital filter apparatus of claim 1, wherein said
first means increases or decreases at least one of said
stored coefficients to move poles of said transfer func-
tion toward the imaginary axis in the z-plane, such that
said digital filter means thereby produces said peak in
the amplitude characteristic of the digital filter appara-
tus.

3. A digital filter apparatus having resonance charac-
teristics, comprising:

means for storing coefficients for a transfer function

of the digital filter apparatus;

digital filter means for filtering a digital input signal in

accordance with coefficients derived from said
storing means; and

first means and coupled to said storing means to said

digital filtering means for modifying at least one of
said coefficients derived from said storing means
and for supplying modified coefficients to said
digital filter means so as to cause an output signal
from said digital filter means to have a peak in an
amplitude characteristic thereof.

4. The digital filter apparatus of claim 1 or 3, further
comprising second means including means for calculat-
ing at least one other of said coefficients based on said at
least one modified coefficient supplied by said first
means; and means coupled to said digital filter means for
controlling the gain of said amplitude characteristic as a
function of said at least one calculated coefficient.
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5. A digital filter apparatus having resonance charac-
teristics, comprising:

means for storing coefficients for a transfer function

of a low-pass filter;

digital low-pass filter means for filtering a digital

input signal in accordance with coefficients de-

" rived from said storing means; and

first means coupled to said storing means and to said

digital low-pass filter means for modifying at least
one of said coefficients derived from said storing
means and for supplying modified coefficients to
said digital low-pass filter means so as to cause an
output signal from said digital low-pass filter means
to have a peak in an amplitude characteristic at a
cutoff frequency.

6. A digital filter apparatus having resonance charac-
teristics, comprising:

means for storing coefficients for a transfer function

of a high-pass filter;

digital high-pass filter means for filtering a digital

input signal in accordance with coefficients de-
rived from said storing means; and

first means coupled to said storing means and to said

digital high-pass filter means for modifying at least
one of said coefficients derived from said storing
means and for supplying modified coefficients to
said digital high-pass filter means so as to cause an
output signal from said digital high-pass filter
means to have a peak in an amplitude characteristic
at a cutoff frequency.

7. The digital filter apparatus of claim 6, further com-
prising second means including means for calculating at
least one other of said coefficients based on said at least -
one modified coefficient supplied by said first means;
and means coupled to said digital filter means for con-
trolling the gain of said apmlitude characteristic as a
function of said at least one calculated coefficient.

8. A digital filter apparatus having resonance charac-
teristics, comprising: '

means for storing coefficients for a transfer function

of the digital filter apparatus;
band-pass filter means comprising cascade-connected
low-pass filter means and high-pass filter means;

said band-pass filter means filtering a digital input
signal in accordance with coefficients derived from
said storing means:

first means coupled to said storing means and to said

low-pass filter means for modifying at least one of
said coefficients derived from said storing means
for supplying said at least one modified coefficient
to said low-pass filter means so as to cause an out-
put signal from said low-pass filter means to have a
peak in an amplitude characteristic at a cutoff fre-
quency; and

second means coupled to said storing means and to

said high-pass filter means for modifying at least
one of said coefficients derived from said storing
means and for supplying said at least one modified
coefficient from said second means to said high-
pass filter means so as to cause an output signal
from said high-pass filter means to have a peak in
an amplitude characteristic at a cutoff frequency.

9. A digital filter apparatus having resonance charac-
teristics, comprising:

means for storing coefficients for a transfer function

of the digital filter apparatus;

band-pass filter means comprising digital filter means

time-divisionally operating as a low-pass filter and
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a high-pass filter, an output of one of said low-pass
and high-pass filter being connected to an input of
the other of said low-pass and high-pass filter;

control means coupled to said storing means and to
said band-pass filter means for modifying at least
one of the coefficients stored in said storing means
and for supplying said at least one modified coeffi-
cient to said band-pass filter means, said control
means operating in response to the time divisional
operation of said band-pass filter means; and

said band-pass filter means outputting a signal having
a peak in an amplitude characteristic thereof at a
cutoff frequency according to said modified coeffi-
cients from said control means.

10. A digital filter apparatus having resonance char-

acteristics, comprising:

means for storing coefficients bl and b2 for a transfer
function HL(z);

said transfer function being

KL(1 + z—1y2 .
1+ blz—1 4 b22-2 °

HL@) =
first means coupled to said storing means for modify-
ing said stored coefficient b2 to a coefficient b2n;
second means coupled to said storing means and to
first means for calculating a coefficient KL, said
calculation being executed as follows,

_ 14 bl 4 b2
KL = T ;

digital filter means coupled to receive said coefficient
b1, b2n from said storing means and to receive said
coefficient KL, for filtering digital input signal in
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accordance with said coefficients b1, b2n and KL,
and for outputting a signal having a peak in an
amplitude characteristic thereof at a cutoff fre-
quency.

11. A digital filter apparatus having resonance char-

acteristics, comprising:

means for storing coefficients bl and b2 for a transfer
function HH(z);

said transfer function being

___KHQ—z"2

HHE) = T 4 b2

first means coupled to said storing means for modify-
ing said stored coefficient b2 to a coefficient b2n;

second means coupled to said storing means and to
first means for calculating a coefficient KH, said
calculation being executed as follows,

1— bl 4+ b2n
vy ;

KH =
digital filter means coupled to receive said coefficient
b1, b2n from said storing means and to receive said
coefficient KH, for filtering a digital input signal in
accordance with said coefficients b1, b2n and KH,
and for outputting a signal having a peak in an
amplitude characteristic thereof at a cutoff fre-
quency. ‘
12. The digital filter apparatus of claim 10 or 11,
wherein said first means increases or decreases said
coefficient b2 to move poles of said transfer function

toward the imaginary axis in the z-plane.
* % * % %
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