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FILTER 

TECHNICAL FIELD 

The present invention relates to filters, and more specifi-
cally, to a finite impulse response (FIR) filter having a small 
number of taps and steep attenuation characteristics. 

BACKGROUND ART 

With recent digitalization of multimedia information, the 
importance of arithmetic processing algorithms and arith-
metic processing circuits that implement digital signal pro-
cessing has been increasing. Especially, digital filters are used 
to eliminate noise, adjust frequency characteristics, separate 
signals, and so on. FIR filters having finite impulse response 
ensure stability always against bounded input. If the impulse 
response is symmetrical, the FIR filters can implement per-
fect linear phases. The linear phases are important character-
istics in waveform transmission, measurement, sound repro-
duction, and so on. However, because of the trade-off 
between precision required in the frequency characteristics of 
the filter and the scale of the filter, high-order transfer char-
acteristics are required to obtain steeper attenuation charac-
teristics, and the circuit requires a large number of multipliers 
and delay elements. To create a pass-band filter with a very 
narrow band, for example, a very high degree of transfer 
characteristics is required, and a large number of multipliers 
are required accordingly. 

In that context, many propositions have been made. Non-
patent literature 1 describes the Remez method as a conven-
tional method that has been used usually. Non-patent litera-
ture 2 describes a method of configuring a low-sensitivity 
linear-phase FIR filter by cascade connection, and the cas-
cade connection allows the number of multipliers to be 
reduced. Patent literature 1 describes an FIR filter provided to 
vary the delay of the filter output signal. 

Moreover, FIR filters for various uses such as filters for 
separating acoustic signal bands and filters for eliminating 
noise in image have been studied. 

There are more conventional technologies. For example, 
non-patent literature 3 discloses the design and implementa-
tion of oversampled filter banks for multilevel FIR filters with 
low aliasing. 

Non-patent literature 4 discloses a filter bank with desired 
frequency response and low aliasing noise. Non-patent litera-
ture 5 discloses a realization of oversampled cosine modu-
lated filter banks with perfect reconstruction. 

Patent literature 2 discloses a filter bank and filtering 
method that can efficiently implement critically sampled fil-
ter banks for real-value signals and especially a cosine modu-
lated filter bank. 

PRIOR ART REFERENCES 

Non-Patent Literature 

Non-patent literature 1: D. Shpak, "A generalized Remez 
method for the design of FIR digital filters," IEEE Trans. 
Circuit System, Vol. 37, No. 2, pp. 161-174, February 
1990. 

Non-patent literature 2: Hitoshi Honma, Yukio Mori, Masa-
hiko Sagawa, "Low-Sensitivity Realization of Linear-
Phase FIR Digital Filters Using Cascade Form," IEICE 
Trans., Vol. J70-A, No. 5, pp. 766-774, May 1987. 

Non-patent literature 3: Kouno, Takazawa, et al., "Design and 
Implementation of Oversampled Filter Banks for Multi- 

2 
level FIR Filters with Low Aliasing," 229th workshop (Jun. 
9, 2006), Tohoku Chapter, the Society of Instrument and 
Control Engineers, Document No. 229-8, pp. 1-11 

Non-patent literature 4: Takazawa, Abe, et al., "Design of a 
5 	Filter Bank with Desired Frequency Response and Low 

Aliasing Noise," 215th workshop (May 27, 2004), Tohoku 
Chapter, the Society of Instrument and Control Engineers, 
Document No. 215-7, pp. 1-10 

Non-patent literature 5: Itami, Watanabe, et al, "A Realization 
10 of Oversampled Cosine Modulated Filter Banks with Per-

fect Reconstruction," IEICE Trans. A, Vol. J83-A No. 9, pp. 
1037-1046, September 2000 

Patent Literature 
15 

Patent literature 1: Japanese Unexamined Patent Application 
Publication No. 2006-20191 

Patent literature 2: Japanese Unexamined Patent Application 

20 	Publication No. 2001-102931 

DISCLOSURE OF INVENTION 

Problems to be Solved by the Invention 

25 
In any conventional filter, however, the number of multi-

pliers (number of multiplications in calculation by software) 
and the number of delay elements (number of memories in 
processing by software) have not been reduced dramatically. 

30 	For example, according to non-patent literature 1, exten- 
sive numbers of multipliers and delay elements are required 
to implement a filter having steep attenuation characteristics. 
According to non-patent literature 2, low-sensitivity filters 
can be realized, but the technology is not suitable for filters 

35 having steep attenuation characteristics. 
A high-performance filter having steep attenuation charac-

teristics configured by any conventional method requires 
extensive numbers of input taps, delay circuits, and multipli-
ers, and it has taken very long until filter output with prede- 

40 termined characteristics becomes stable. 
Music, video, and other multimedia data distributed 

recently in MP3 (audio compression), MPEG (video com-
pression), and other forms involves problems such as the 
deluge of information and quality lowered by jaggies. The 

45 compression processing includes band separation in the fre-
quency domain, which requires excessive numbers of multi-
pliers and delay elements. 

Since the conventional REMEZ filter uses the SINC func-
tion (function over the infinite interval) as the basic function, 

5o reduction to a finite interval is needed in the actual circuit and 
is known as one possible cause of noise. 

In view of the problems described above, it is an object of 
the present invention to provide a filter that can exhibit des-
ignated characteristics with reduced numbers of input taps, 

55 delay circuits, and multipliers, can improve the response, and 
can lower the cost. 

Another object of the present invention is to provide a 
low-cost FIR filter with high noise elimination characteris-
tics. 

60 	A further object of the present invention is to provide an 
FIR filter that does not generate jaggies and is suitable for 
signal processing. 

FIR filters can be used in a variety of apparatuses such as 
audio apparatuses including amplifiers, image apparatuses 

65 for moving or still image processing, communication appa-
ratuses including mobile phones, control apparatuses, PCs 
and other computers. 
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Means for Solving the Problems 

Since one main feature of the present invention is that the 
basic function is an impulse response function expressed by 
an n-th-degree piecewise polynomial having a finite support, 
and nodal values of the function are used as filter coefficients, 
a filter configured according to the present invention samples 
the input signal at a smaller number of points, in comparison 
with a filter using the conventional SINC function as the basic 
function, and can exhibit frequency characteristics without 
support reduction error or aliasing error. 

Another feature of the present invention is that the n-th-
degree piecewise polynomial needs to be a quadratic to quar-
tic function, and the frequency characteristics in the passband 
are flat with reduced ripples and have linear phases. 

Another feature of the present invention is that scaling the 
basic filters in frequency allows the passband to be narrowed 
in accordance with the scaling value and increases the number 
of zero points, consequently increasing the attenuation degree 
in the stopband. 

A further feature of the present invention is the cascade 
connection of scaled filters, which allows a high-performance 
filter to be configured with a reduced number of multipliers. 

An additional feature of the present invention is that the 
cascade connection of the scaled filters means the combina-
tion of low-pass and high-pass scaled filters having a desired 
passband or a wider passband and ensures desired cutoff 

frequencies. 

A further additional feature of the present invention is that 
since scaled filters are selected depending on the attenuation 
degree in the stopband, a very high attenuation degree can be 
provided in the stopband. 

According to a first solving means of the present invention, 
a filter providing desired characteristics is provided by com-
bining 

a basic low-pass filter or a basic high-pass filter using a 
nodal value of an impulse response function configured by a 
piecewise polynomial with a finite support as a filter coeffi-
cient; and 

a plurality of scaled filters formed by scaling the basic filter 
in the time domain or the frequency domain. 

According to a second solving means of the present inven-
tion, a filter formed like a filter B(z) expressed by the equation 
given below is provided by connecting low-pass filters LP and 
high-pass filters Hq in cascade as indicated by the equation 
given below, the filters LP being formed by scaling a basic 
low-pass filter which uses nodal values of the impulse 
response function configured by a piecewise polynomial with 
a finite support as filter coefficients, by p+I (p being an 
integer larger than or equal to zero, and p being 0 for the basic 
filter) in the time domain or frequency domain, the filters Hq 
being formed by scaling a basic high-pass filter which uses 
the filter coefficients with their signs inverted alternately, by 
q+1 (q being an integer larger than or equal to zero, and q 
being 0 for the basic filter) in the time domain or frequency 
domain. 

P 	Q 	 [Expression 1] 

B(z) = Bo(z)
T1 

e (z)' [I H9' (z), Lip, 13q e No 
p=0 	 q 0 

4 
The subscripts and superscripts indicate the following: 

ap, 13 q: Exponential value (indicating that identical LP or Hq 
is connected ap or 13q times) 

P, Q: Maximum values of scaling values p and q 
5 	According to a third solving means of the present inven- 

tion, a filter is provided with a basic configuration in which 
signals delayed by multiplying discrete input in a finite inter-
val by a coefficient are added sequentially and scaled filters 
formed by increasing or decreasing the number of delay ele- 

io ments in the basic configuration, the scaled filters being con-
nected in cascade to output the signals. 

According to a fourth solving means of the present inven-
tion, an FIR filter providing desired characteristics is pro-

15 vided by combining 
a basic low-pass filter or a basic high-pass filter using a 

nodal value of an impulse response function configured by a 
piecewise polynomial with a finite support as a filter coeffi-
cient; and 

a plurality of scaled filters formed by scaling the basic filter 
20 in the time domain or the frequency domain; 

wherein a center frequency, a cutoff frequency, a stopband 
frequency, the maximum attenuation degree in a stopband, 
and a sampling frequency are input; 

the maximum scaling degree is determined from a pass-
band band frequency width determined by the cutoff frequency and 
the center frequency; 

scaled filters having a degree lower than the maximum 
scaling degree are sequentially selected; 

30 	
it is determined whether scaled filters selected to keep an 

attenuation degree at the stopband frequency of the FIR filter 
to be obtained lower than or equal to the maximum attenua-
tion degree are employed; and 

the FIR filter is configured by a cascade connection of the 
35 scaled filters. 

According to a fifth solving means of the present invention, 
a filter is provided by connecting a passband filter GPass and a 
stopband filter G,, P in cascade, the passband filter GPas 
being formed by a cascade connection of a basic low-pass 
filter Lo using nodal values of a sampling function expressed 

40 by a finite piecewise polynomial as filter coefficients, a plu-
rality of low-pass filters LM formed by scaling the basic low-
pass filter in frequency, a basic high-pass filter Ho using the 
filter coefficients with their signs inverted alternately, and a 

45 
plurality of high-pass filters HM formed by scaling the basic 
high-pass filter in frequency, as given by the equation below: 

GPa =Lp',p(1)ap[1—Hp,Np(2)]~P 	 [Expression 2] 

where the subscripts and superscripts of GP..s indicate the 
50 following: 

ap, (3 p: Exponential value (indicating that identical LPG r 
or [1—HP ] is connected ap or (3P times. Here, N1=N ' and 
N2=N ~2 for the sake of convenience of description), 

NPm: Number of Hp ladder connections in LPN 1, 
55 	N 2 : Number of Lp ladder connections in [1 —H 2], 

P: Filter formed by scaling by P+1 in frequency; 
the stopband filter G,, P being formed by a cascade con- 

nection of the basic low-pass filter Lo, the low-pass filters LM 
the basic high-ass filter Ho, and the high-pass filters HM as 

60 given by the equation below: 

Bo (z) = Lm (z) or Hm (z) 

LP(z) = Lo(z
P+1

), Hq(Z) = H0(+1) 

K 	L 	 [Expression 3] 

Gnw = ~~ LPk ,Nk ~ . h[I — Ha1,N1]R~ 
-1 	 1=1 

65 
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where, 
ak, (3: Exponential value (indicating that identical LPk,  or 

[1—Hgz,i] is connected ak  or (3i  times), 
Nk: Number of HP  ladder connections in LPk,Ak, 

NZ: Number of LP  ladder connections in [1—HgjA7]. 

pk, q1: Filters formed by scaling by pk+1 and by q,+1 in 
frequency. 

According to a sixth solving means of the present inven-
tion, a filter is provided on the basis of a low-pass filter and a 
high-pass filter which use nodal values of an impulse 
response function expressed by a piecewise polynomial with 
a finite support as coefficients, and the filter passband char-
acteristics are formed by selecting scaled filters formed by 
scaling the low-pass filter and the high-pass filter in frequency 
to provide a passband width larger than or equal to a prede-
termined required width, by using the selected scaled filters to 
choose a scaled low-pass filter that satisfies required charac-
teristics, and by connecting the scaled high-pass filters to the 
chosen scaled low-pass filter in a ladder manner. 

According to a seventh solving means of the present inven-
tion, a filter is provided on the basis of a low-pass filter and a 
high-pass filter which use nodal values of an impulse 
response function expressed by a piecewise polynomial with 
a finite support as coefficients, and the filter passband char-
acteristics are formed by selecting scaled filters formed by 
scaling the low-pass filter and the high-pass filter in frequency 
to provide a passband width larger than or equal to a prede-
termined required width, by using the selected scaled filters to 
choose a scaled high-pass filter that satisfies required charac-
teristics, and by connecting the scaled low-pass filters to the 
chosen scaled high-pass filter in a ladder manner. 

Advantages of the Invention 

According to the present invention, low-pass filters, high-
pass filters, and band-pass filters that have reduced numbers 
of taps, delay circuits, and multipliers and exhibit excellent 
frequency separation can be implemented because the filters 
are configured by scaled filters formed by scaling basic filters 
with steep attenuation characteristics. Since the attenuation 
degree in the stopband can be increased, a filter with a high 
noise reduction capability can also be implemented according 
to the present invention. Since the number of taps (multipli-
ers) can be reduced greatly in comparison with conventional 
filters, a low-cost filter can be provided according to the 
present invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a structural view of a filter according to an 
embodiment. 

FIG. 2 is a structural view of a scaled element filter in the 
embodiment. 

FIG. 3 is a schematic illustration of filter processing in the 
embodiment. 

FIG. 4 is a structural view of a general filter in the embodi-
ment. 

FIG. 5 is a view showing the waveform of a conventional 
impulse response function in the embodiment. 

FIG. 6 is a view showing the waveform of an impulse 
response function according to the embodiment. 

FIG. 7 is an illustration of a discrete impulse response and 
filter coefficient values in the embodiment. 

FIG. 8 is a view showing an example of the frequency 
response of a low-pass filter in the embodiment. 

FIG. 9 is a structural view of a basic low-pass filter in the 
embodiment. 

6 
FIG. 10 is an illustration of the discrete impulse response 

and filter coefficient values of a basic high-pass filter in the 
embodiment. 

FIG. 11 is a view showing an example of the frequency 
5 response of the basic high-pass filter in the embodiment. 

FIG. 12 is an illustration of scaling by M in the embodi-
ment. 

FIG. 13 is an illustration of a scaled filter in the embodi-
ment. 

10 	FIG. 14 is a view illustrating a cascade connection configu- 
ration and showing an example of its frequency response in 
the embodiment. 

FIG. 15 is an illustration of aband-pass filter in the embodi-
ment. 

15 	FIG. 16 is an illustration of a frequency shift of the band- 
pass filter in the embodiment. 

FIG. 17 is an illustration of the relationship between a 
passband frequency width and scaling factor in this embodi-
ment. 

20 	FIG. 18 is a flowchart illustrating a processing procedure in 
the embodiment. 

FIG. 19 is a view showing an example configuration of the 
band-pass filter according to the embodiment. 

FIG. 20 is a structural view of a scaling filter module of the 
25 band-pass filter in the embodiment. 

FIG. 21 is an illustration of the band-pass filter of the 
embodiment. 

FIG. 22 is a structural view of a basic low-pass filter LQB(z). 
FIG. 23 is a structural view of a low-pass filter LPB(z) 

30 formed by scaling by p+l. 
FIG. 24 is a structural view of a basic high-pass filter 

HQB(z) 
FIG. 25 is a structural view of a high-pass filter HPB(z) 

formed by scaling by p+1. 
35 	FIG. 26 is a structural view of a high-pass filter HqB(Z) 

formed by scaling by p+1. 
FIG. 27 shows a filter structural view. 
FIG. 28 shows another filter structural view. 
FIG. 29 is a frequency characteristics diagram of a filter 

4o designed with theoretical values by each method. 
FIG. 30 is a frequency characteristics diagram of a filter 

designed by each method after coefficient quantization. 
FIG. 31 shows the evaluation of a filter according to the 

present invention in comparison with required specifications. 
45 	FIG. 32 is a structural view of the hardware of a design 

system according to the embodiment. 
FIG. 33 is a circuit diagram of a filter G. 
FIG. 34 is a circuit diagram of Gplss. 
FIG. 35 is an expanded view of GPass, related to a first term 

50 of Gpas  
FIG. 36 is an expanded view of GPass, related to a second 

term of GPasc. 
FIG. 37 is a circuit diagram of G,,,P . 

FIG. 38 is a structural view of hardware related to the 
55 embodiment. 

FIG. 39 is a flowchart of a filter design procedure (low-pass 
filter). 

FIG. 40 is a view showing the cutoff characteristics by a 
cascade connection model G(f) of a product-sum module. 

60 	FIG. 41 is an illustration of the specifications of a low-pass 
filter. 

FIG. 42 is an illustration of 	and G,,,p  of a filter G. 
FIG. 43 shows characteristics diagrams of filters config-

ured by conventional methods and the present invention. The 
65 least squares method is shown at (a); the Remez method is 

shown at (b); and a method of the present invention is shown 
at (c). 
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FIG. 44 is a view comparing the number of multipliers and 
R of the design methods. 

8 

di(t) 
h

~ 
h 	h h 

_ --@ t+ +2h@(t) - -@~ t- 	
[Expression 6] 

FIG. 45 is an illustration of an example (low-pass filter) in 	 2 	2! 

	

2 	2!  

which the characteristics are improved by G(f). (t) o 	sin(nfh) 

fh 	

t 3 

kart J 5 	 ~l tt 

20 

30 

EMBODIMENTS FOR CARRYING OUT THE 
INVENTION 

To give a better understanding of the present invention, an 
embodiment will be described. 
1. Filter Configuration 

FIG. 3 is an outlined illustration of filter processing. 
A non-recursive digital filter is also called a finite impulse 

response (FIR) filter since the impulse response is expressed 
by a finite number of pulses. 

Generally, an FIR filter can be obtained from an input-
output relationship as shown below, by multiplying the past 
and current input signals X(m) by a predetermined coefficient 
(filter coefficient) C(k), as shown in FIG. 3, where X(m) is an 
input signal andY(m) is an output signal. 

P 

L(Z) = [I Ckz k 
k=0 

The second expression is referred to as an FIR low-pass filter, 
where Ck=C(k). 

FIG. 4 is a structural view of the filter. 
The filter includes delay elements 31-m to 31-(m p), mul-

tipliers 32-0 to 32-p having filter coefficients Co to CP, respec-
tively, and an adder 33. 

A high-pass filter is expressed by the expression below. 

[Expression 5] 
H(z) _ 	Ck(_Z)k 

The filter coefficients Ck of the low-pass filter and high-
pass filter given above are derived from the impulse response 
function. 

FIG. 5 is a view showing the waveform of a conventional 
impulse response function. 

A SINC function shown in FIG. 5 has been applied as the 
conventional impulse response function, and the function 
value at the middle point of the distance between samples has 
been utilized as a filter coefficient Ck. The SINC function, 
however, is a function of infinite interval, and an infinite 
number of filter coefficients Ck are required ideally. An actual 
filter must have a finite number of coefficients, but a very large 
number of coefficients are required to ensure certain precision 
in spite of an error caused by the reduction of coefficients. 

FIG. 6 is a view showing the waveform of an impulse 
response function according to the embodiment. 

This embodiment uses an impulse response function hav-
ing a finite support as shown in FIG. 6. Given below is an 
example of the function obtained by shifting the B-spline 
function at intervals of a half of the distance between sample 
points and performing synthesized approximation. 

where 
h: Sampling time interval 

10 f: Frequency 
According to Japanese Unexamined Patent Application 

Publication No. 2001-842442, the function given above can 
be approximated by piecewise polynomials shown in the 
equation given below. 

15 

t2 3 	 [Expression 7] 
— — t-1 —2~t~ 
4 2 

3t2 	5 3 
-—+2t+  — 2 <_t<_-1 

5t2 	7 1 

4 	4 2 

7t2 1 	1 
+1 t<_ 

4 2  

5t2 	7 1 
---3t+  2 <_t<_1 

3t2 	5 3 
--2t+— I<t< - 
4 	4 2 

— -+t-1 3 <t<2 
4 2 

FIG. 7 is an illustration of a discrete impulse response and 
filter coefficient value of the embodiment. 

A black dot in the figure indicates a sample point (singular 
35 point) in the impulse response function with finite support. 

When the shown function i(t) is given as the waveform of 
impulse response having a finite support, if the value of the 
black dot on the vertical axis is given as the filter coefficient 

40 (tap coefficient) C(k) with the filter delay time treated as a half 
of the sampling time width h, the waveform of the lowest-
degree impulse response is reproduced. A filter having this 
filter coefficient C(k) is called a basic low-pass filter Lo. 

With the shown function i, the basic low-pass filter is 
45 expressed as follows. 

In the equation given above, the value of i(t) at connection 
points at intervals of 11/2 in each section as shown in FIG. 7 is 
taken as the coefficient C(k), with the following settings being 
taken into account 

50 	
C(0) =l(-1.5)=-1/16 
C(1)=i(-1.0)-0 
C(2)=1V(-0.5)=9/~6 

C(4)=1V(0.5)=9/~6 
C(5)=ip (1.0)=0 

55 C(6)=(1.5)=—i/16 

The basic low-pass filter L0(z) is expressed by the following 
equation. 

60 	 6 	 [Expression 8] 

Lo(z) _ 	C(k)z 
k=0 

C(k) _ 0((k — 3)r) 

65 	r=h/2 

P 	 P 	 [Expression 4] 	 (t) 
Y(m) _ [I C(k)x(m — k) _ [I C(k)X (m)z k 	

25 
k=0 	 k=0 

here, 
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From the definition given above, L0(z) is expressed as fol-
lows. 

Lo(z) = 	 [Expression 9] 

e 

Y' C(k)z k = C(0) + C(1)z 1 + C(2)z z + C(3)z 3 + 
k=0 

C(4)z4 + C(5)z s + C(6)z 6 = 

-16+ 9z 2 +z 3 + 9z~ - 1 6 6 

The frequency characteristics of the basic low-pass filter are 
expressed by the equation given below. 

L0
( f) _ j6 

fI 

	z 	 [Expression 10] 
C23) + C(k)cos(2krf)~ 

k=0 

FIG. 8 is a view showing an example of the frequency 
response of the low-pass filter of the embodiment. The figure 
shows the characteristics expressed by the equation given 
above. 

FIG. 9 is a structural view of the basic low-pass filter of the 
embodiment. 

An example of the arithmetic circuit of the basic low-pass 
filter Lo is configured as shown in FIG. 9. 

The basic low-pass filter includes delay elements 91-1, 
91-2, 91-3, 91-4, 91-5, and 91-6, multipliers 92-1, 92-2, and 
92-3, and adders 93-1, 93-2, 93-3, and 93-4. The filter coef-
ficients of the multipliers 92-1, 92-2, and 92-3 are -'/16, 9/16, 
and 1, respectively. The multiplier 92-3 can be omitted 
because the coefficient is 1. 

Based on the low-pass filter L0(z), a basic high-pass filter 
H0(z) can be expressed by the following equation. 

6 	 [Expression 11] 
Ho(z) _ -Lo(-z) _ 	b(k)z k 

k=0 

b(k) = (-1)k C(k) 

FIG. 10 is an illustration of the discrete impulse response 
and filter coefficient value of the basic high-pass filter of the 
embodiment. 

The coefficient b(k) in the equation given above is obtained 
by inverting the sign of the coefficient C(k) alternately as 
shown in FIG. 10. 

FIG. 11 is a view showing an example of the frequency 
response of the basic high-pass filter of the embodiment. 

The high-pass filter H0(z) has frequency characteristics 
shown in FIG. 11 and can be expressed by the equation given 
below. 

10 
phase. In addition, the maximally flat characteristics can 
solve a ripple problem in the passband. 

2. Scaled Filter 
(1) Scaling 

5 	In comparison with the basic filters described above, a filter 
with a time base multiplied by M+ 1, or a filter having a delay 
time interval multiplied by 1/(M+1) will now be considered. 
In other words, a filter scaled in the frequency domain as 
given by the equation given later is defined. LM(z) and HM(z) 

to are obtained by scaling L0(z) and H0(z), respectively by M+1, 
where M is referred to as a scaling factor. 

On the basis of the basic low-pass filter L0(z) and basic 
high-pass filter H0(z), described above, filters scaled in the 
frequency domain will be defined next. 

15 	A low-pass filter LM(z) and a high-pass filter HM(z) 
obtained by scaling the basic low-pass filter L0(z) and the 
basic high-pass filter H0(z) by M+1 can be expressed respec-
tively by the following equations. 

20 	LM(z)=Lo(zM'i) 

HM(z) Ho(zm") 	 [Expression 13] 

FIG. 12 is an illustration of scaling by M in the embodi- 
25 went. 

As the equations given above indicate, scaling in the fre-
quency domain corresponds to upsampling in the time 
domain. 

The low-pass filter LM(z) and high-pass filter HM(z) are 
30 obtained by upsampling M times in the time domain as shown 

in FIG. 12, which corresponds to insertion of M zeros 
between sample points. 

FIG. 13 is an illustration of scaled filters in the embodi-
ment. 

35 	Examples of the frequency characteristics of the low-pass 
filter LM(z) are shown in FIG. 13. 

The figure shows the characteristics of filters Lr and L2 
obtained by scaling the basic low-pass filter Lo by 2 and 3, 
respectively. 

40 	The basic filter Lo is scaled to the filter Lr as shown in the 
figure, and the filter Lr is scaled to the filter L2 as shown in the 
figure. A filter L3 and subsequent filters are obtained likewise 
by scaling. 

The configuration of an example arithmetic circuit of 
45 LM(z) will now be described. A filter LP(z) formed by scaling 

by p+I will be described below. 
FIG. 2 is a structural view of a scaled element filter in the 

embodiment. The figure shows a filter formed by scaling the 
basic filter by p+l . 

50 	The basic low-pass filter has delay elements 21-1, 21-2, 
21-3, 21-4, 21-5, and 21-6 that cause a delay of p+1 samples, 
multipliers 22-1, 22-2, and 22-3, and adders 23-1, 23-2, 23-3, 
and 23-4. The filter coefficients of the multipliers 22-1, 22-2, 
and 22-3 are -'/16, 9/16, and 1, respectively. The multiplier 22-3 

55 can be omitted because the coefficient is 1. 
This filter has an arithmetic circuit implementing the fol-

lowing equation. 

C 3 	 [Expression 12] 60 	 6 	 6 	 [Expression 14] 
H0(f) _ 

J6 f ( O - 	(-1)kC(k)cos(2knf)~ 	 LP(z) = 	C(k)(zp+i) k =  

k=0 	 k=0 	 k=0 

The reason for using the impulse response functions such 
	

3. Cascade Connection of Filters 
as the Fluency DA function is that the local support allows 65 	FIG. 1 is a structural view of an example filter having a 
filter coefficients to be used in the range of finite numbers and 

	
cascade connection of low-pass filters to implement the 

that the even function (linear phase) can implement a linear 	embodiment. 
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The filter has n low-pass filters LPk(z) connected in cas-
cade. The low-pass filter LPk(z) is an element filter formed by 
scaling the basic low-pass filter L0(z). Scaling is to define a 
filter by multiplying the basic filter by pk+1 in the frequency 
domain or time domain. 

The shown configuration includes just scaled filters based 
on the low-pass filter. However, a configuration that includes 
high-pass filters alone or both high-pass filters and low-pass 
filters, which will be described later, is within the scope of this 
embodiment. 

FIG. 14 is an illustration of variations in frequency char-
acteristics caused by cascade connections of the basic filters. 

By connecting scaled low-pass filters LPk(z) in cascade as 
shown in FIG. 1, filters having the frequency characteristics 
shown in FIG. 14, for example, can be implemented. The 
cascade connection of scaled filters makes it possible to nar-
row the passband width and to lower the stopband sufficiently 
and creates other new characteristics. 

In the figure, the filter of a single stage is the basic filter Lo; 
the filter of two stages includes the basic filter Lo and the filter 
L, connected in cascade; the filter of three stages includes the 
basic filter Lo, the filter Lr, and the filter L2 connected in 
cascade. As shown in the figure, the cascade connection of 
scaled filters can narrow the passband width and can also 
lower the stopband. 

The examples described above include just low-pass filters, 
but generally, a variety of filters X(z) can be configured by 
combining low-pass filters and high-pass filters. The filter 
X(z) can be expressed generally by the equation below. 

7~

1 

P 	 [Expression 15] 

X(z) = Xo (Z)
1 

I L(  z) - [ H99 (z), 

P-1 	q 1 

12 
4. Filter Configuration Method 

An example filter configuration method will be described 
next. 

5 	FIG. 15 is an illustration of a band-pass filter of the 
embodiment. The figure shows the characteristics of the filter 
to be implemented as a design target. 

The requirements of the filter to be implemented include 
the following items. The corresponding symbols are shown in 

io FIG. 15. 

(1) Sampling frequency fs 

(2) Center frequency fc 

(3) Cutoff frequencies (frequencies at which the attenua-
15 tion is 3 dB) fr, f_1 

(4) Passband frequency width (width of —3 dB band) Alb 

(5) Stopband frequencies f2, f_2 

(6) Stopband attenuation Ad (dB) 
20 

In a signal pass filter, the sampling frequency fs is the 
repetition frequency of the signal input to the filter, and the 
center frequency fc is the frequency at the center of the filter, 
extracted from the frequency components included in the 

25 signal. Generally, fc/fs<0.5, according to the Nyquist theo-
rem. The cutoff frequency fl is the highest frequency at which 
the signal passes. The symmetrical frequency f , about the 
center frequency fc is the lowest frequency at which the signal 
passes. In the example described here, the attenuation of the 

30 passing signal at the cutoff frequencies fr and f 1 is —3 dB, in 
comparison with the original signal. An appropriate value 
other than —3 dB can be specified as the reference value. The 
attenuation A is defined with the magnitude X of the input 
signal and the magnitude Y of the filter output signal at the 

35 cutoff frequency, as indicated in the equation given below. 

Li p , 13q ENo 

LP(Z) = IO(Z
P+1

), Hq(Z) = Ho(z1) 

Lo is the basic low-pass filter (mother filter). 

Ho is the basic high-pass filter (mother filter). 

p and q are scaling values (scaling factors). In other words, 
a scaled filter is formed by scaling the frequency by p+1 or 
q+l. 

ap is the number of times an identical scaled filter is con-
nected, or the number of connected scaled low-pass filters 
formed by scaling by p+I (exponential value). 

P. is the number of times an identical scaled filter is con-
nected, or the number of connected scaled high-pass filters 
formed by scaling by q+1 (exponential value). 

X0(z) is a highest-order filter Lp(z)=L0(zP+l) or HQ(z)=Ho 
(zQ+l) that has a target bandwidth (frequency width up to the 
attenuation of —3 dB, for example). The highest degrees p and 
q are indicated as P and Q. 

The relationship between the target bandwidth fP and the 
bandwidth to of the mother filter Lo or Ho is expressed by the 
following equation. 

f, fol(p+1) 

Advantages of the cascade connection include the reduc-
tion of the bandwidth in the passband and the attenuation of 
an unnecessary-signal band in the stopband. Making use of 
these advantages, the embodiment configures a filter with a 
reduced number of taps. 

A = 20 * tog10 Y1 _ 3 ( ) dB 	
[Expression 16] 

FX1  

40 	~ ~1 = 10-3/20 = 0.708 - 1 

The input signal is attenuated to about 70.8% (1/v'2) at the 
45 cutoff frequencies fr and f and the result is output. This 

means that the amplitude energy of the signal is attenuated to 
a half. 

The signal passband is the range between the cutoff fre-
quencies fr and f_ 1, and the frequency width Afb (m) thereof is 

50 given by the following equation. 

Ob(m)f1fi (fi fc)*2 

where Afb(m) is the passband of the filter formed by scaling 
55 by m+1. 

The stopband frequencies f2 and f_2 indicate that the fre-
quency components above fz or below f_2 of the input signal 
are cut off. With the corresponding attenuation degree Ad 
(such as —80 dB) at the stopband frequencies, the transition 

6o band attenuation characteristics from the attenuation level 
(such as —3 dB) at the cutoff frequencies fr and f 1 to the 
attenuation degree Ad will be given. An appropriate value 
other than —80 dB can be specified as the reference value. 
Ideally speaking, the cutoff frequency should be equal to the 

65 stopband frequency. Since that is difficult to realize in actual 
filters, a transition band is provided. When the attenuation 
degree Ad in the stopband is —80 dB, the ratio between the 
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input signal X and the filter output signal in magnitude is 
0.01% as given below. 

Ad = 20 * loglo ~XI = —80 (dB) 	
[Expression 17] 

IYI —10 	- 1 /10000 
IXI 

Based on the preconditions described above, the filter con-
figuration in this embodiment will be described next. 

FIG. 16 is an illustration of a frequency shift of a band-pass 
filter in the embodiment. 

To simplify the design, a filter B(z) obtained by shifting a 
band-pass filter BB(z) with the center frequency fc (2~tfc=wc) 
to the point of frequency zero will be considered, as shown in 
FIG. 16. 

BB(w) B(w-w,)+B(w+w,) 	 [Expression 18] 

here, 

BB(z)=hB(k)z 

B(z)=h(k)z '` 

The frequency shift theorem gives the following. 

hB(k) = h(k)er"=k + h(k)e"< 	 [Expression 19] 

= h(k)(er"=k + r" =k) = 2h(k)cos(wk) 

The filter BB(z) is converted by multiplying the coefficient of 
the filter B(z) by 2 cos(w ,k). 

This means that when the filter B(z) is designed, the 
requirements should be converted as given below. 

FIG. 21 is an illustration of the band-pass filter of the 
embodiment. The figure shows the characteristics of the tar-
get filter to be implemented. 

(1) Sampling frequency fs 
(2) Center frequency 0 
(3) Cutoff frequencies (frequencies at which the attenua-

tion is 3 dB, for example) fa=Afb/2, -Afb/2=-fa 
(4) Passband frequency width (width of -3 dB band, for 

example) Afb 
(5) Stopband frequencies fb=(f2-f-2)/2, -(f2-f-2)/2=-fb 
(6) Stopband attenuation Ad (dB) (-80 dB, for example) 
The cascade connection of filters will be described next. 
The general expression is the equation given below. 

7~

1 

P 	Q 	 [Expression 20] 

B(z) = B0 (Z)
1 

I eP (z) ' ~ Hq q (z) , 
P=0 	q 0 

Li p , 13q E No 

Bo (z) = Lm (z) or Hm (z) 

L(z) = Lo(Z
P+1

), Hq(Z) = H0(Z
q+l ) 

LP(z) is a low-pass filter formed by scaling the basic low-
pass filter L0(z) by p+l . 

Hq(z) is a high-pass filter formed by scaling the basic 
high-pass filter H0(z) by q+1. 

The maximum scaling value M is determined by the fre-
quency width of the passband, and the scaling values P and Q 

14 
are smaller than M. ap and P. are identical LP(z) and Hq(z) 
raised to some power and indicate cascade connections of ap 
and 13q filters. 

A filter B0(z) of low-pass filter type is LM(z), and a filter 
5 Bo(z) of high-pass filter type is HM(z). 

FIG. 17 is an illustration of the relationship between the 
passband frequency width and scaling factor in this embodi-
ment. 

The maximum scaling value M is determined by a required 
10 passband frequency width Afb. The passband width Afb nar-

rows with an increase in scaling value, as clearly indicated in 
FIG. 13, and the relationship between Afb and the scaling 
value p (or q) is as shown in FIG. 17. The attenuation degree 
is the ratio of the output Y(m) to the input x(m), or Y(m)/x 

15 (m)=Lp(z). The attenuation degree is calculated in decibels 
(dB) as follows. The Afb-p relationship satisfies the follow-
ing. 

20 	 p 	 p 	 [Expression 21] 
Y(m) = Y' C(k)x(m — k) = Y' C(k)x(m)Z k 

	

k=0 	 k=0 

= LP(z)x(m) 

Y(m) 
25 	A = 20log1o l x(m) = 201og1oIC (0 fb)I = —3 [dB] 

The relationship between the passband width Afbo (=Afbo(0)) 
of the basic low-pass filter L0(z) and the passband width 

3o Afb(p) of a low-pass filter formed by scaling by p+I can be 
expressed by the following equations. 

	

Afbo 	i 	 [Expression 22] 

35 	 P Afb(P) 

Afbo = Ofb(0) 

In this embodiment, a low-pass filter LM(z) or a high-pass 
40 filter HM(z), where p, q=M, is used as an initial value, for 

example. Then, p or q is selected in descending order, for 
example; an optimum combination of p, q, ap, and P. is 
selected; and B(z) is designed. 

Lp(z) or Hp(z) is selected in accordance with whether the 
45 attenuation degree at the stopband frequency fb is equal to or 

smaller than the required value Ad (such as -80 dB). In 
addition, a filter with the attenuation degree required at the 
cutoff frequency fa much lower than the value (-3 dB, for 
example) will not be selected. 

50 	The filter BB(z) to be selected according to the criteria 
given above is expressed as follows. 

P 	Q 	N 	 [Expression 23] 
e 

55 

 

B(z) = Bo (z) 	L (z) [ H(  z) = 	hB (k)z 
p=0 

q=0 	 k=1 

hb(k) = 2h(k)cos(wk) 

N 

60 	B(z) _ . h(k)z" 
k=1 

By multiplying the coefficients of the filters LP(z) and 
Hq(z) by 2 cos(w ,k), LPB(z) and HqB(z), which form BB(z), 

65 are obtained. 
FIG. 19 is a view showing an example configuration of the 

band-pass filter according to the embodiment. 
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The band-pass filter is designed in the method described 
above in accordance with the configuration shown in the 
figure. 

The filter includes a filter B0(z) having the maximum scal-
ing value, a filter containing low-pass filters LOB to LPB formed 5 
by scaling by OB to pB, respectively, connected in ap stages in 
cascade, and a filter containing high-pass filters HQB to HqB 
formed by scaling by OB to qB, respectively, connected in (3q 
stages. 

10 FIG. 20 is a structural view of a low-pass filter LPB(z) 
formed by scaling by p+1. 

The low-pass filter includes delay elements 201-1, 201-2, 
201-3, 201-4, 201-5, and 201-6, which cause a delay of p+1 
samples, multipliers 202-1, 202-2, and 202-3, and adders 15 
203-1, 203-2, and 203-3, and multipliers 205-1, 205-2, and 
205-3. The filter coefficients of the multipliers 202-1, 202-2, 
and 202-3 are -'/6, 9/16, and 1, respectively. The coefficients 
of the multipliers 205-1, 205-2, 205-3 are 2(1+cos(6w,)), 
2(cos(2w~)+cos(4w~)), and 2 cos(3w~), respectively. The 20 
multiplier 202-3 can be omitted because the coefficient is 1. 
Pairs of multipliers 202-1 and 205-1, multipliers 202-2 and 
205-2, multipliers 203-3 and 205-3 can be configured as 
integrated multipliers. 

FIG. 26 is a structural view of a high-pass filter HqB(Z) 25 
formed by scaling by q+ 1. 

The high-pass filter includes delay elements 201-1, 201-2, 
201-3, 201-4, 201-5, and 201-6, which cause a delay of q+1 
samples, multipliers 202-1, 202-2, and 202-3, adders 203-1, 
203-2, and 203-3, and multipliers 205-1, 205-2, and 205-3. 30 
The filter coefficients of the multipliers 202-1, 202-2, and 
202-3 are 1/16, -9/16, and 1, respectively. The coefficients of the 
multipliers 205-1, 205-2, and 205-3 are 2(1+cos(6w,)), 2(cos 
(2w~)+cos(4w~)), and 2cos(3w,), respectively. The multiplier 
202-3 can be omitted because the coefficient is 1. Pairs of 35 
multipliers 202-1 and 205-1, multipliers 202-2 and 205-2, 
multipliers 203-3 and 205-3 can be configured as integrated 
multipliers. 

5. Filter Circuit Configuration 
Other filter circuit configurations will be described next. 40 
FIG. 22 is a structural view of the basic low-pass filter 

LOB(z) 
The basic low-pass filter LOB(z) expressed by the equation 

given above has the shown circuit configuration. 
The basic low-pass filter includes delay elements 21-1, 45 

21-2, 21-3, 21-4, 21-5, and 21-6, which cause a delay of a 
single sample, multipliers 22-1, 22-2, 22-3, 22-4, and 22-5, 
and adders 23-1, 23-2, 23-3, and 23-4. The filter coefficients 
of the multipliers 22-1, 22-2, 22-3, 22-4, and 22-5 are -'/s, 9 
cos(2co )/8, 2 cos(3w ), 9 cos(4co )/8, and -cos(6w)/8, 50 
respectively. 

FIG. 23 is a structural view of the low-pass filter LPB(z) 
formed by scaling by p+1. 

As shown in the figure, the low-pass filter LPB(z) formed by 
scaling by p+I has the same structure as LOB, but Z-' is 55 
replaced with 

The low-pass filter formed by scaling by p+1 includes 
blocks 31-1, 31-2, 31-3, 31-4, 31-5, and 31-6 having p+l 
delay elements, multipliers 32-1, 32-2, 32-3, 32-4, and 32-5, 
and adders 33-1, 33-2, 33-3, and 33-4. The filter coefficients 60 
of the multipliers 32-1, 32-2, 32-3, 32-4, and 32-5 are -'/s, 9 
cos(2co )/8, 2 cos(3w ), 9 cos(4co )/8, and -cos(6w)/8, 
respectively. 

In the figure, the delay elements 31-1 to 31-6 each havep+l 
delay elements. Each delay element block may have any 65 
number of delay elements, if they cause a delay of p+I 
samples. 

16 
FIG. 24 is a structural view of the basic high-pass filter 

HOB(z) 
The basic high-pass filter HOB(z) has the shown circuit 

configuration. 

The basic high-pass filter has delay elements 41-1, 41-2, 
41-3, 41-4, 41-5, and 41-6 that cause a delay of a single 

sample, multipliers 42-1, 42-2, 42-3, 42-4, and 42-5, and 
adders 43-1, 43-2, 43-3, and 43-4. The filter coefficients ofthe 
multipliers 42-1, 42-2, 42-3, 42-4, and 42-5 are 1/8, -9 cos 
(2w~)/8, 2 cos(3w~), -9 cos(4w)/8, and cos(6w)/8, respec-
tively. 

FIG. 25 is a structural view of the high-pass filter HqB(Z) 
formed by scaling by q+ 1. 

The high-pass filter HgB(z) formed by scaling by q+1 has 
the same structure as the filter Ho as shown in the figure, but 
Z-' is replaced with Z-(q+l) 

The high-pass filter formed by scaling by q+1 includes 
blocks 51-1, 51-2, 51-3, 51-4, 51-5, and 51-6 that have q+1 
delay elements, multipliers 52-1, 52-2, 52-3, 52-4, and 52-5, 
and adders 53-1, 53-2, 53-3, and 53-4. The filter coefficients 
of the multipliers 52-1, 52-2, 52-3, 52-4, and 52-5 are 1/8, -9 
cos(2w)/8, 2 cos(3w~), -9 cos(4w)/8, and cos(6w)/8, 
respectively. 

In the figure, the delay elements 51-1 to 51-6 each have q+1 
delay elements. Each delay element block may have any 
number of delay elements, if they cause a delay of q+1 
samples. 

6. Hardware 

FIG. 32 is a structural view of the hardware of a design 
system according to the embodiment. 

The design system includes a processing unit 1, which is a 
central processing unit (CPU), an input unit 2, an output 
interface unit 3, a display unit 4, a storage unit 5, and a filter 
circuit 6. The processing unit 1, input unit 2, output interface 
unit 3, display unit 4, and storage unit 5 are connected by a 
star, bus, or another connection means. 

The processing unit 1 accesses the storage unit 5 and 
executes filter design processing. 

The storage unit 5 includes a filter configuration file 51 that 
stores design specifications and requirements (such as condi-
tions (range, value, ratio, etc) of the passband and stopband, 
upper limits of the numbers ap and 13q of filters connected in 
cascade), a basic filter characteristics file 52 that stores the 
characteristics of the basic low-pass filter, the low-pass filters 
Lo to LP formed by scaling the basic low-pass filter, the low-
pass filter LPB formed by multiplying the filter coefficient of 
the filter LP by 2 cos(w,k), the basic high-pass filter, the 
high-pass filters Ho to Hq formed by scaling the basic high-
pass filter, and the high-pass filter HqB formed by multiplying 
the filter coefficients of filter Hq by 2 cos(wk), and a filter 
output file 53 that stores data and parameters (such as the shift 
amount B, maximum scaling value M, filter coefficients p, q, 
ap, 13q of multipliers) for determining a designed filter con-
figuration and intermediate results, final results, and so on by 
the processing unit 1, such as designed filter characteristics. 
The processing unit 1 can output these data items (for 
example, data and parameters for determining the filter con-
figuration, such as the filter coefficients of multipliers) 
through the output interface unit 3 to the filter circuit 6. The 
filter circuit 6 is provided by software or hardware and imple-
ments a filter having the specified characteristics in accor-
dance with the data items set up through the output interface 
unit 3 by the processing unit 1. 
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7. Design Flowchart 
FIG. 18 is a flowchart illustrating a processing procedure in 

the embodiment. 
The design system configures a filter through steps 501 to 

S07 described below. 
(1) Step SOl 
The processing unit 1 specifies beforehand desired charac-

teristics data to be given as design specifications and require-
ments, including the center frequency fc, cutoff frequency fl, 
stopband frequency f2, passband attenuation degree A, stop-
band attenuation degree Ad, and sampling frequency fs, for 
example, by storing them in the storage unit 5 (filter configu-
ration file 51) through operations from the input unit 2 or by 
reading the values stored in the storage unit 5 (filter configu-
ration file 51) beforehand. 

(2) Step S03 
The processing unit 1 reads the values of characteristics 

data specified in step SOl, from the storage unit 5 (filter 
configuration file 51), and calculates the shift amount B, 
which shifts the center frequency fc to the origin 0, by the 
equation given below, in accordance with the input charac-
teristics data. 

B=[fc/fs] (The square brackets indicate that fractions are 
rounded off to the whole numbers.) 

The processing unit 1 stores the obtained shift amount B in 
the storage unit 5 (filter output file 53). 

The processing unit 1 also converts the center frequency fc, 
cutoff frequency fl, and stopband frequency f2 of the input 
characteristics data to the center frequency 0, cutoff fre-
quency f,, and stopband frequency fb, respectively, in accor-
dance with the shift amount B, and stores the values in the 
storage unit 5 (filter output file 53). 

The processing unit 1 reads the values of the characteristics 
data specified in step SOl, from the storage unit 5 (filter 
configuration file 51), and calculates the scaling value (scal-
ing factor) M of the highest degree on the basis of the input 
characteristics data. 

To obtain the scaling value M of the highest-degree (maxi-
mum scaling value), the processing unit calculates the pass-
band width Afb(M) of the filter formed by scaling by M+ 1, as 
given below, for example. 

Passband width Afb(M)=(f1 fc)*2 

Then, the processing unit 1 obtains the maximum scaling 
value M from the passband width Afb(M) by referencing a 
scaling curve stored in advance in the storage unit 5 (basic 
filter characteristics file 52) or by calculating the equation of 
a scaling curve. 

M=P f 3(0Jb(N))=[AJb(0)/AJb(M)-1] 

f-3(Afb(M)): Scaling curve that causes an attenuation of 3 dB 
[]:The  square brackets indicate that fractions are rounded off 

to the whole numbers. 
Afb(0): Passband width of the basic filter 
Afb(M): Passband width of the filter formed by scaling by 

M+1 
The scaling curve of -3 dB is shown in this example, but 

any other scaling curve of an appropriate value may be deter-
mined in advance with respect to the cutoff frequency or the 
passband frequency width or may be calculated and specified 
by the processing unit 1. 

The processing unit 1 may allow the maximum scaling 
value M to be determined beforehand by the input unit 2 or 
storage unit 5. 

The processing unit 1 stores the calculated maximum scal-
ing value M in the storage unit 5 (filter output file 53). 

18 
(3) Step S05 
The processing unit 1 reads from the storage unit 5 (filter 

configuration file 51 and filter output file 53) the values speci-
fied in step S01 and the maximum scaling value M calculated 

5 in step S03. The processing unit 1 also selects from the 
storage unit 5 an optimum combination of p, q, ap, and P. in 
accordance with the filter combination as given by the equa-
tion below. 

10 

	

7—P—~ 	 Q 	 [Expression 24] 

	

B(z) = B0 ~Z~
1 

I 	~Z~ - f H9 9 (Z) 

	

'_o 	 q 0 

15 	ap,R3qeNo 

Bo (Z) = Lm (Z) or Hm (Z) 

L, (Z) = Lo (z ' ), Hq (Z) = H0(') 

20 
The processing unit 1 reads from the storage unit 5 (basic 

filter characteristics file 52) the characteristics of the low-pass 
filter LP and high-pass filter Hq determined by p and q, calcu-
lates the characteristics of B(z) on the basis of the equation 

25 given above, and selects values conforming to the passband 
and stopband design specifications on a round-robin basis. 
The processing unit 1 may further select values that minimize 
the number of multipliers. 

The selection of LP(z) and HP(z) is made, depending on 
30 whether the attenuation degree at the stopband frequency fb is 

lower than or equal to the required value Ad (for example, -80 
dB), and, at the same time, depending on it that a filter with an 
attenuation degree much lower than the required value (for 
example, -3 dB) at the cutoff frequency fa will not be selected 

35 (for example, a filter below a predetermined permissible level 
will not be selected). Thus, the processing unit 1 selects an 
optimum combination of p, q, ap, and (3q. 

The maximum values of ap and 13q can be specified before-
hand in the storage unit 5 (filter configuration file 51) or the 

40 like, and the processing unit 1 can select an optimum combi-
nation of p, q, ap, and 13q by selecting ap and 13q in descending 
order from the stored maximum values and selecting p and q 
in descending order from the maximum scaling value M. 

Here, the processing unit may make the following judg-
45 ment or processing. 

(The maximum attenuation is judged by Xd=X(z) at f=fs/ 
(p+l): When Xd decreases at f2, a and (3 are increased; 
When Xd decreases at f=fl, added Lp and Hp are deleted.) 

In the description given above, the characteristics of filters 
50 formed by scaling the basic low-pass filter and basic high-

pass filter are stored beforehand in the storage unit 5 (basic 
filter characteristics file 52). However, the characteristics of 
just the basic low-pass filter and the basic high-pass filter may 
be stored in the basic filter characteristics file 52, and the 

55 processing unit 1 may obtain the characteristics of a desired 
scaled filter through scaling based on the stored characteris-
tics as necessary and use those characteristics. 

The processing unit 1 stores the obtained p, q, ap, and (3q in 
the storage unit 5 (filter output file 53). 

60 	(4) Step 07 
The processing unit 1 reads from the storage unit 5 (filter 

output file 53) the specification data and parameters for con-
figuring the filter, such as p, q, ap, and (3q, reads further from 
the storage unit 5 (basic filter characteristics file 52) the 

65 characteristics of the filter LQM or filter HQM corresponding to 
B0(z), according to the low-pass filter or the high-pass filter, 
and the characteristics of the filter LPB and filter HqB, forms 
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the filter BB(z) in accordance with the equation given below, 
and displays on the display unit 4 the filter characteristics and 
the parameters and data that are used or stores them in the 
storage unit 5 (filter output file 53), or both displays and stores 
them. 

P 	Q 	 N 	 [Expression 25] 

BR (z) = Bo (z)1 I Lpa (z) [ Hga (z) = Y kB (k)z 
1 	q=0 	 k=1 

p=0 

hB(k) = 2h(k)cos(wk) 

B(z) _ . h(k)z 
k=1 

The processing unit 1 can also read from the storage unit 5 
(filter output file 53) the specification data and parameters for 
configuring the filter, such as p, q, ap, and 13q, read from the 
storage unit 5 (basic filter characteristics file 52) the charac-
teristics of the filters LPB and HqB, and output the values 
through the output interface unit 3 to the filter circuit 6. The 
processing unit 1 may use the filter circuit 6 to form the filter 
BB(z) in accordance with the read values. The filter circuit 6 
can form the filter BB(z) with a computer simulation or by 
software. The filter circuit 6 may be configured by hardware 
to form the filter BB(z) in accordance with the values output 
from the output interface unit 3. 

8. Method of Coefficient Quantization Expansion 
A quantization expansion method for filter coefficients will 

be described next. 
The quantization expansion method here means a method 

of implementing the same characteristics as the impulse 
response characteristics of the filter designed to include the 
cascade connection configuration, as described above, by a 
shown filter circuit configuration. 

Since LP(z)=L0(z' ') an impulse signal is input to the 
filter designed to include the cascade connection given below 
to obtain the response. 

	

X(z) Xo(z)H OPLp (z)Hq-1QHq~(Z) 	 [Expression 26] 

The impulse response can be calculated by a simulation pro-
gram such as the well-known MATLAB to obtain the wave-
form of the impulse response. Alternatively, an expansion of 
X(z) given above can be derived by a mathematical operation 
program such as the well-known MATHEMATHICA. The 
expansion is the impulse response function of X(z). 

X(z) Xo(z)E'-0k-KC k 	 [Expression 27] 

Therefore, the coefficient Ck of the impulse response can be 
used as filter coefficients when a filter is configured. 

FIG. 27 shows a filter structural diagram. 
The filter includes multipliers 72-0 to 72-k, delay elements 

71-1 to 71-k that cause a delay of a single sample, and adders 
73-1 to 73-k 

For example, the processing unit 1 reads data (filter coef-
ficients, p, q, ap, 13q, etc.) for configuring the filter from the 
storage unit 5 (filter output file 53), obtains the impulse 
response by using the filter circuit 6 or the like, and stores the 
coefficient Ck of the impulse response in the storage unit 5 
(filter output file 53). 

Since the processing unit 1 reads the filter coefficient from 
the storage unit 5 and uses the filter circuit 6, the coefficients 
Ck (k+ 1 coefficients) can be used as the filter coefficients (tap 
coefficients) in the shown circuit configuration, and the filter 
can be configured by using k delay elements z'. 

20 
FIG. 28 shows another filter structural diagram. 
The filter includes multipliers 82-0 to 82-M, delay ele-

ments 81-1 to 81-M, and an adder 83. 
A filter having characteristics designed in accordance with 

5 the filter coefficient Ck obtained as described above can be 
configured as shown in the figure besides the filter configu-
ration described earlier. 

9. Comparison Between this Embodiment and a Conven-
tional Method 

10 The method according to this embodiment will be com-
pared with a conventional method below. 

The requirements in the embodiment are as listed below. 
Sampling frequency: 1.8 MHz 
Center frequency: 450 kHz 

15 —3 dB bandwidth: 6 kHz 
—80 dB bandwidth: 12 kHz 
Quantization bit rate: 18 bits 
Phase characteristics: Linear phase 
FIG. 29 is a frequency characteristics diagram of filters 

20 designed with theoretical values by different methods. 
As the left graph shows, the Remez method satisfies the 

requirements but generates ripples in the passband and stop-
band. 

The right graph shows that the filter according to the 
25 present invention satisfies the specifications and makes a 

large attenuation in the stopband. 
FIG. 30 is a frequency characteristics diagram of filters 

designed by the methods after coefficient quantization. 
The left graph clearly shows that the Remez method pro- 

3o duces errors throughout the stopband. 
The right graph shows that the filter according to the 

present invention produces just a few errors in the transition 
band. 

FIG. 31 shows the characteristics of the filter according to 
35 the present invention, evaluated against the requirements. 

As shown in the figure, the filter according to the present 
invention can be implemented with a much smaller number of 
taps in comparison with the conventional method. 

10. Supplement 
40 	A filter configuration (design) method or filter configura- 

tion (design) apparatus or system according to the present 
invention can be provided by a filter configuration (design) 
program for executing each procedure on a computer, a com-
puter-readable recording medium having the filter configura- 

45 tion (design) program recorded on it, a program product that 
includes the filter configuration (design) program and can be 
loaded into the internal memory of the computer, a server or 
any other computer that includes the program, and the like. 

11. Filters GPass, G'. , G 
50 	FIG. 33 is a circuit diagram of a filter G. 

FIG. 34 is a circuit diagram of GPass. 
FIGS. 35 and 36 are expanded views of Gp,_. FIG. 35 

shows a part related to a first term of Gp,_. FIG. 36 shows a 
part related a second term of GP111. 

55 	With Lm and Hm described above, the filter passband main 
part GP..s is formed as indicated below. 

GP..s is expressed by the equation given below. 

GP Lp ,Pp)f"[1—Hp ,P2)]" 	 [Expression 28] 

60 where the superscripts and subscripts of GP..s indicate the 
following: 

ap, (3 p: Exponential value (indicating that identical LPG l 
or [1—HP ] is connected ap or (3P times. Here, N1=Np(') and 
N2=N ~2 for the sake of convenience of description), 

65 NPR): Number of Hp ladder connection stages in 
(indicating the number of diagonal connection stages in FIG. 
35), 
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N 2 : Number of L, ladder connection stages in[1—HP ] 
(indicating the number of diagonal connection stages in FIG. 
36), 

P: Filter formed by scaling the frequency by P+1. 
Scaling is expressed by the equation below. 

Lp =L0((P+1)f), Hp(f)=H0((P+1)f) 	 [Expression 29] 

FIG. 37 is a circuit diagram of G,,,P. 
With Lm and Hm described above, the stopband main part 

G,, P is also formed as indicated below. 
G,, P is expressed by the equation given below. 

	

K 	L 	 [Expression 30] 
Cnw = ~~ LPk ,Nk ~ . [I [1 — Naa,Ni]1d 

	

-1 	 1=1 

where 
ak, (31: Exponential value (indicating that identical LPk, 

or [1—Hgi,lw] is connected ak or ft times). 
Nk: Number of HP ladder connection stages in LPk (indi-

cating the number of diagonal connection stages (correspond-
ing to N') in FIG. 35) 

Nr: Number of LP ladder connection stages in [1—Hgij] 
(indicating the number of diagonal connection stages (corre-
sponding to N 2 ) in FIG. 36) 

Pk, q1: Filter formed by scaling the frequency by pk+1 or by 

ql+1. 
The modules LPk and [1—Hgij] in the high-pass filter 

have the same structures as the modules 

Lp,N 1 or 1—Hp,,P2) 	 [Expression 31] 

in the low-pass filter. 
FIG. 38 is a structural view of hardware related to the 

embodiment. 
The hardware includes a processing unit 1, which is a 

central processing unit (CPU), an input unit 2, an output 
interface unit 3, a display unit 4, a storage unit 5, and a filter 
circuit 6. The processing unit 1, input unit 2, output interface 
unit 3, display unit 4, and storage unit 5 are connected by a 
star, bus, or another connection means. 

The storage unit 5 includes a filter configuration file 51 that 
stores design specifications and requirements (such as condi-
tions (range, value, ratio, etc) of the passband and stopband, 

	

the upper limit 	of the number of multipliers, etc.), a 
basic filter characteristics file 52 that stores the characteristics 
of the basic low-pass filter, the scaled low-pass filters (L°, 
L,.... Lm, ... ), the basic high-pass filter, and the scaled 
high-pass filters (H°, Hr, ... , H_,... ), and a filter output file 
53 that stores data and parameters (such as the filter coeffi-
cients NP..s. NP(l), NP(z )ap, RPM P, Nk, N1, aak, Ppl, p, q, of 
multipliers etc.) for determining a designed filter configura-
tion, and intermediate results, final results, and so on by the 
processing unit 1, such as the designed filter characteristics. 
The processing unit 1 can output these data items (for 
example, data and parameters for determining the filter con-
figuration, such as the filter coefficients of multipliers) 
through the output interface unit 3 to the filter circuit 6. The 
filter circuit 6 is configured by software or hardware and 
implements a filter having the specified characteristics in 
accordance with the data items set up through the output 
interface unit 3 by the processing unit 1. 

12. Filter Design Procedure (Low-Pass Filter) 
FIG. 39 is a flowchart of a filter design procedure (low-pass 

filter). 

22 
This flowchart includes the following steps: 

0. Input design specifications (SO) 
1. Determine the maximum scaling value p=P (Sl) 
2. Configure passband section Gp,_ (S2) 

5 3. Configure stopband section G,, P (S3) 
4. GAP,_-Gst0, (S4) 

The steps will be described next in detail. 
0. Input Design Specifications (SO) 

The processing unit 1 specifies beforehand design specifi- 
10 cations (conditions (range, value, ratio, etc) of the passband 

and stopband, the upper limit 	of the number of multi- 
pliers, etc.) by storing them in the storage unit 5 (filter con-
figuration file 51) through operations from the input unit 2 or 
by reading the values stored in the storage unit 5 (filter con- 

15 figuration file 51) beforehand. 
FIG. 40 is a graph showing the cutoff characteristics of a 

cascade connection model G(f) of a product-sum module. 
In the figure, f3 and f80 indicate the following: 

f3: Frequency that crosses the —3 dB line (point of frequency 
20 	crossing the —3 dB line first on the right of f=O) 

f80: Frequency that crosses the —80 dB line (point of fre- 
quency crossing the —80 dB line first on the left of f=f /2) 
The ratio R of the passband frequency to the stopband 

frequency (O<R<-1) is defined as R=f3/f80. 
25 	As the value of R approaches 1, the steepness increases. 

Steep cutoff characteristics is expressed by the ratio 

R(0<R<-1) between f3 and f80, as in the equation given below, 
for example. 

30 	
Rfifsd'1 

The processing unit 1 can specify the design specifications 
as follows: 

Passband: —3 dB or higher at [0, f3] 
Stopband: —80 dB or lower at [f80, 1] 

35 	R>—R° (The obtained filter ratio R is larger than or equal to 
a predetermined ratio R0.) 
where 

0<f3<fso<1 

40 	0<Ros1 

Step 51. (Determine the Maximum Value of p) 
In step 51, the processing unit 1 reads specified values such 

as f3 from the storage unit 5 (filter configuration file 51) and 
45 selects the maximum scaling value p=P in accordance with 

the given f3. The processing unit 1 may allow the P value to be 
predetermined by the input unit 2 or storage unit 5 (filter 
output file 53). 

The processing unit 1 regards f3 (P) as the —3 dB point of LP, 
50 calculates f3(° in advance, and specifies the minimum value 

of p that satisfies the following as P. 

s(°) 	s 	 [Expression 32] 
s(P) = J3 	

< J3 
55 	 1+p 

The processing unit 1 stores the obtained value of P in the 
storage unit 5 (filter output file 53). 

Step S2. Configure the Passband Main Part 
60 	The processing unit 1 reads the values specified in step 51, 

such as Np,_ and R0, from the storage unit 5 (filter configu-
ration file 51, filter output file 53) and selects a set of values 
that satisfies the design specifications (R>—R°, for example) 
and minimizes the number of multipliers on a round-robin 

65 basis of 

(NPU~NPU~a"p,={0,1,2,...} 
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such that the maximum number of multipliers Np,_ e {1, 
2, ... } specified by 

GPa =Lp, PP) fP[1-Hp,NP(2)]PP 	 [Expression 33] 

is not exceeded. 
For example, the processing unit 1 reads the characteristics 

of the low-pass filter and high-pass filter determined by  
ap, (3P, from the storage unit 5 (basic filter characteris- 

tics file 52), calculates the characteristics of Gp,_ by the 
equation given above, and selects the set that satisfies the 
design specifications (R>-R0, for example) and minimizes the 
number of multipliers on a round-robin basis. The processing 
unit 1 may select a set that also conforms to the design 
specifications of the passband and stopband. 

However, the following rules of combination are defined. 
(ar, 3P)~(0, 0) 
N "1))-0~a -0 
N 2 -0 = pp-0 
The numbers of multipliers are obtained as follows. 

The number of multipliers of LP~,Pp)aP=SN(I)ap 

The number of multipliers of [1_H,aP]ePSNP()pp [Expression 34] 

Those multipliers include a multiplier whose coefficient is 
1. If the multiplier with a coefficient of 1 is excluded, a 
conditional expression for limiting the number of multipliers 
up to Np,_ is given as follows. 

4 NP aP+NP P sN~~~ 

The processing unit 1 stores the obtained NP(I), NP(2), ap, 
(3P in the storage unit 5 (filter output file 53). 

Step S3. Configure Stopband Section 
The processing unit 1 selects a set of values that satisfies 

the design specifications (R>-R0, for example) and minimizes 
the number of multipliers by calculating 

on a round-robin basis of 

(NkN1,a-,Igr) = {0,1,2,.. ,} 

when 

L 	 [Expression 35] 
~ 

K 
~ Pk 	 ' Gnw = 	Lpk,Nk 	[1 - Hgl,Nl] ll 

=1 	 j 1=1 

here, 

Pk, it c {0, 1, 2, ...}, K, L <_ P-1, 

For example, the processing unit 1 reads the characteristics 
of the low-pass filter and high-pass filter determined by Nk, 
N1, aak, 13q, from the storage unit 5 (basic filter characteristics 
file 52), calculates the characteristics of G,,,p by the equation 
given above, calculates 

on a round-robin basis, and selects a set that satisfies the 
design specifications (R>-R0, for example) and minimizes the 
number of multipliers. The processing unit 1 may select a set 
that also conforms to the design specifications of the pass-
band and stopband. 

The processing unit 1 stores the obtained Nk, N1, aak, 13q, in 
the storage unit 5 (filter output file 53). 

Step S4. Configure and Output G 
The processing unit 1 reads from the storage unit 5 (filter 

output file 53) the specifications data and parameters for 
configuring the filter, such as NP(I), NP(2), ap, (3P, Nk, N1, aak, 

13 g1, reads also from the storage unit 5 (basic filter character-
istics file 52) the characteristics of the basic low-pass filter, 
the corresponding filters formed by scaling it, the basic high-
pass filter, and the corresponding filters formed by scaling it, 

5 forms GP..s and G,,,p as expressed by the equations given 
above, forms the filter G by calculating G-Gp,-G,, P, and 
displays the characteristics of the filter G on the display unit 
4 or stores the characteristics in the storage unit 5 (filter output 
file 53) or both displays and stores them. 

10 	The processing unit 1 reads from the storage unit 5 (filter 
output file 53) the specifications data and parameters for 
configuring the filter, such as NP(I), NP(2), ap, (3P, Nk, N1, aak, 

13 g1, and outputs the values through the output interface unit 3 
to the filter circuit 6. Then, the processing unit 1 may form 

15 Gp,_ and G,, P by the filter circuit 6 in accordance with the 
read values and equations given above to form the filter G as 
G-GP..SG,,oP. The filter circuit 6 can form the filter G with a 
computer simulation or by software. The filter circuit 6 may 
also form the filter G by hardware, in accordance with the 

20 values output from the output interface unit 3. 
In the description given above, the characteristics of filters 

formed by scaling the basic low-pass filter and the basic 
high-pass filter are stored in advance in the storage unit 5 
(basic filter characteristics file 52). However, the characteris- 

25 tics of just the basic low-pass filter and the basic high-pass 
filter may be stored in the basic filter characteristics file 52, 
and the processing unit 1 may perform scaling based on the 
stored characteristics as needed to obtain and use the charac-
teristics of a designated scaled filter. 

30 	13. Example of Low-Pass Filter Design 
(1) Basic Characteristics Improvement 
FIG. 45 is an illustration of an example (low-pass filter) in 

which the characteristics are improved by G(f). 
The figure shows the characteristics of the filter G obtained 

35 by forming the filter G(f) given by the equation below, by 
connecting the low-pass filters L0(f) and L1(f) in cascade. 

G(/) Lo(1)L1(/) 

40 	The characteristics can be made steeper by connecting 
element filters in cascade. 

(2) Example Design Through Flowchart 
FIG. 41 is an illustration of the specifications of a low-pass 

filter. 
45 	An example configuration ofthe low-pass filter will now be 

given in accordance with the configuration means described 
above. The desired characteristics specifications are as shown 
in the figure. The passband and stopband are ranges of nor-
malized frequency. 

50 	The configuration of the filter designed in accordance with 
the flowchart in this embodiment is expressed as follows. 

G°L3 z9L13.1L142L1sa(1-H11.,)(1-H'2.1) 

In this example, P=7 is selected; a7-0, 1, 2, 3, 4 and N7-0, 
55 1, 2, 3, and so on are tested; and Gp,_ L37 g is specified. 

FIG. 42 is an illustration of Gp,- and G,,,p of the filter G. 
The characteristics diagram of GP..s is shown in FIG. 

42(a). The characteristics of GP..s include a passband section 
of [0, 0.096], a stopband section of [0.013, 1], and R-0.738, 

6o and 150 multipliers are used. 
In the stopband, the second to fourth side lobes of GP"s 

must be blocked. The third and fourth side lobes are generally 
blocked by (1-H',,) and (1-H'2 ,) in FIG. 26(b). Here, P<-5 
is taken, and, as shown in FIG. 26(b), a part near the center of 

65 the second side lobe is blocked by L13., and L'42, and a part 
near the right side is blocked by L'3 , and 1 -H'2 ,. To stop a 
part near the left side, N5-0, 1, 2, ... and a5-0, 1, 2, etc. are 
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tested against p=5, and (a5, N5)=(1, 3) is selected in keeping 
with the number of multipliers. 

FIG. 43 is a characteristics diagram of filters configured by 
conventional methods and the present invention. The least 
squares method is shown at (a); the Remez method is shown 
at (b); and the method of the present invention is shown at (c). 

FIG. 44 is a chart comparing the number of multipliers and 
R of the design methods. The number of multipliers here was 
obtained when the characteristics satisfied all the specifica-
tions for the first time. The method of the present invention is 
superior to the least squares method in terms of both the 
number of multipliers and R. The Remez method is slightly 
better than the method according to the present invention in R, 
but the number of multipliers is as large as 1142. To check 
superiority to the Remez method, the number of multipliers 
was calculated when the R value exceeded R=0.762 of the 
Remez method (R-0.767, here). It was 365. 

This result verifies the validity of the approximation model 
of steep low-pass filter characteristics, made by a cascade 
connection of element filters formed of the product-sum mod-
ules according to the present invention. 

INDUSTRIAL APPLICABILITY 

As the impulse response function described above, an 
m-th-degree piecewise polynomial can be used, for example. 
An interpolation function with waveform adjustment param-
eters or the like can also be used. 

The present invention can be applied to a variety of tech-
nologies such as acoustic technologies, video technologies, 
image technologies, transmission technologies, communica-
tion technologies, analog-to-digital conversion and digital-
to-analog conversion technologies, compression and decom-
pression technologies, encryption and decryption 
(decompression) technologies, and filter technologies. 

The present invention can be used in acoustic, image, com-
munication, and other signal processing filters in wide areas. 

The present invention can be used in wide range of appa-
ratuses such as acoustic equipment that includes amplifiers, 
image apparatuses for moving or still picture processing, 
communication devices such as mobile phones, controllers, 
computers, and PCs. 

The invention claimed is: 
1. A filter for providing desired characteristics, 
the filter comprising a combination of a plurality of scaled 

filters, where said scaled filters are formed by scaling at 
least one basic filter in the time domain or the frequency 
domain, wherein said at least one basic filter comprises 
at least one of a basic low-pass filter and a basic high-
pass filter, wherein said at least one basic filter has an 
impulse response function expressed by a finite piece-
wise polynomial and wherein said at least one basic filter 
has a filter coefficient which is derived from a sample 
point of said impulse response function; 

wherein said combination of the plurality of scaled filters is 
selected such that a passband width of said combination 
is larger than or equal to a predetermined range; and 

wherein the combination of the plurality of scaled filters is 
configured to form a passband filter and a stopband filter, 
wherein said formed pastband filter has passband char-
acteristics satisfying predetermined required character-
istics and wherein said formed stopband filter has stop-
band characteristics satisfy predetermined required 
characteristics. 

2. A filter according to claim 1, wherein said basic filter is 
configured to sequentially add received signals delayed by 
multiplying a discrete input in a finite interval by a coefficient 

26 
a number of delay elements in the basic filter is increased or 
decreased to form said passband filter and said stopband 
filter; and wherein the scaled filter(s) are connected in cascade 
in the order in which filter bandwidth changes in stages and to 

5  output signals. 
3. A filter according to claim 1, wherein scaled filters 

formed by scaling the basic low-pass filter and the basic 
high-pass filter in frequency are selected such that the pass-
band width is equal to a predetermined required width or 

10  larger, and, by connecting the selected scaled filters in cas-
cade, a passband filter is formed such that the passband char-
acteristics satisfy predetermined required characteristics and 
a stopband filter is formed such that the stopband character-
istics satisfy predetermined required characteristics. 

15 	4. A filter according to claim 1, wherein scaled filters 
formed by scaling the basic low-pass filter and the basic 
high-pass filter in frequency are selected such that the pass-
band width is equal to a predetermined required width or 
larger, and, by the selected scaled filters, a passband charac- 

20  teristics filter is provided, by selecting a scaled low-pass filter 
that satisfies required characteristics, and connecting the 
scaled high-pass filters in cascade to the selected scaled low-
pass filter. 

5. A filter according to claim 1, wherein scaled filters 
25  formed by scaling the basic low-pass filter and the basic 

high-pass filter in frequency are selected such that the pass-
band width is equal to a predetermined required width or 
larger, and, by the selected scaled filters, a passband charac-
teristics filter is provided, by selecting a scaled high-pass 

30  filter that satisfies required characteristics, and connecting the 
scaled low-pass filters in cascade to the selected scaled high-
pass filter. 

6. A filter according to claim 1, wherein at a maximum 
degree of scaling of said at least one basic filter that satisfies 

35 a predetermined passband width, the maximum scaling value 
P, which is the number of delay elements inserted into the 
scaled filters, is the minimum value of p that satisfies the 
following expression: 

40 

f(p) 	f(0) 	f3 	 [Expression 1] 

1+p 

45 where f3  is a frequency (given by design specifications) that 
crosses a -3 dB line, f3(°)  is a (predetermined) -3 dB point of 
the basic low pass filter L[p] o, and f3(P)  s̀ a -3 dB point of a low 
pass filter LP  formed by scaling the basic low pass filter. 

7. A filter according to claim 4, wherein a correction filter 
50 whose required characteristics are equal to stopband charac-

teristics is formed by the scaled filters, and wherein the cor-
rection filter is connected to the passband characteristics filter 
in cascade. 

8. A filter according to claim 5, wherein a correction filter 
55 whose required characteristics are equal to stopband charac-

teristics is formed by the scaled filters, and wherein the cor-
rection filter is connected to the passband characteristics filter 
in cascade. 

9. An FIR filter for providing desired characteristics, the 
60 filter comprising a combination of a plurality of scaled filters, 

wherein said scaled fillers are formed by scaling basic filters 
in the time domain or the frequency domain based on pro-
vided input design characteristics for filter configuration; 
wherein said provided input design characteristics comprise a 

65 center frequency, a cutoff frequency, a stopband frequency, a 
maximum attenuation degree in a stopband, and a sampling 
frequency, wherein one of said basic filters comprises a basic 
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low-pass filter and wherein another of said basic filters com-
prises a basic high-pass filter; wherein each basic filter has an 
impulse response function expressed by a finite piecewise 
polynomial and wherein each basic filter has a filter coeffi-
cient which is derived from a sample point of said impulse 
response function; and 

wherein said scaled filters are formed by scaling on the 
basis of a scaling factor of the highest degree; wherein 
said scaling factor of the highest degree is determined 
from a passband frequency width; said passband fre-
quency being determined by the cutoff frequency and 
the center frequency; 

wherein scaled filters formed by scaling on the basis of a 
scaling factor of a degree lower than the the highest 
degree are sequentially selected; 

wherein said scaled filters are selected to keep an attenua-
tion degree at the stopband frequency of the FIR filter 
lower than or equal to the maximum attenuation degree; 

the FIR filter is configured by a sequential cascade connec-
tion of the selected scaled filters; and 

wherein a filter gain at a frequency determined by the ratio 
of the sampling frequency and (scaling factor +1) is 
obtained as the maximum stopband attenuation degree. 

10. A filter according to claim 9, wherein the filter coeffi-
cient is quantized, wherein the passband frequency width, an 
attenuation degree at the cutoff frequency, and the stopband 
attenuation degree are re-calculated by the quantized coeffi-
cient, and wherein an increased or decreased number of 
scaled filters are combined to keep an error of each of the 
above values caused by quantization within a permissible 
range. 

11. A filter according to claim 9, wherein a scaling factor of 
highest degree, which is a number of delay elements inserted 
into the scaled filters, is determined from the ratio between 
the passband frequency width of the basic filter(s) and the 
passband frequency width of a filter to be formed by scaling 
the basic filters. 

12. A filter according to claim 9, further comprising a filter 
which is identical to a selected scaled filter is connected in 
cascade therewith if a filter gain at the stopband frequency of 
the filter decreases when the selected scaled filter is so con-
nected. 

28 
13. A filter according to claim 9, wherein at a maximum 

degree of scaling of said at least one basic filter that satisfies 
a predetermined passband width, the maximum scaling value 
P, which is the number of delay elements inserted into the 

5  scaled filters, is the minimum value of p that satisfies the 
following expression: 

(0) 	 [Expression 1] 
10 	f(P) _ l+p <f3 

where f3  is a frequency (given by design specifications) that 
crosses a —3 dB line, f3(°)  is a (predetermined) —3 dB point of 

15 the basic low pass filter L[P] o, and f3(P)  is a —3 dB point of a 
low pass filter LP  formed by scaling the basic low pass filter. 

14. A method of configuring a filter for providing desired 
characteristics, the method comprising 

providing at least one basic filter in the time domain or the 
20 	frequency domain, wherein said at least one basic filter 

comprises at least one of a basic low-pass filter and a 
basic high-pass filter, wherein said at least one basic 
filter has an impulse response function expressed by a 

25 	finite piecewise polynomial and wherein said at least one 
basic filter has a filter coefficient which is derived from 
a sample point of said impulse response function; 

scaling said at least one basic filter in the time domain or 
the frequency domain to form a plurality of scaled filters; 

30 	[and] 
selecting a combination of said scaled filters such that a 

passband width of said combination is larger than or 
equal to a predetermined range; and 

further comprising configuring a combination of the scaled 

3s 	filters to form a passband filter and a stopband filter, 
wherein said formed pastband filter has passband char-
acteristics satisfying predetermined required character-
istics and wherein said formed stopband filter has stop-
band characteristics satisfy predetermined required 

40 	characteristics. 
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