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(54) Digital filter

(57) A digital filter of the present invention is an FIR
type digital filter arranged such that an input data con-
verting circuit samples input data at a rate N times as
fast as a sampling frequency fs, and outputs the input
data for a 1/N period of a sign interval T and "0" for the
rest of the period. A changeover switch switches
between an output from a take-out tap of actual input
data and interpolation data obtained by an adding
action of an adder circuit, and outputs the switched data
as output data. Hence, even if the input data shape a
rectangular wave pulse, a resulting state is equivalent to
the one when an impulse train is inputted. Thus, since
the impulse response characteristics of a roll-off filter

can be utilized, outputs from each pair of taps supplied
with the same coefficient are added to each other by an
adder, and each addition result is multiplied by their
respective coefficients by a multiplier. Consequently, the
number of multipliers each composed of a large number
of elements can be reduced. The digital filter of the
present invention can be suitably used for a wireless
communication device adopting the spectrum diffusion
communication, and provided as a digital filter which
can remove unwanted sideband of a digital signal with a
simple arrangement.
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Description

FIELD OF THE INVENTION

[0001] The present invention relates to a digital filter which can be suitably applied for data communication, and more
particularly, to a roll-off filter which can realize a Nyquist filter capable of eliminating intersymbol interference caused by
filtering.

BACKGROUND OF THE INVENTION

[0002] Generally, it is known that a digital signal has quite a broad spectrum range for its data rate. For example, when
a digital signal shown in Figure 12(a) has a data rate of 1 Mbps, then its spectrum is spread as shown in Figure 12(b).
[0003] On the other hand, a digital signal of images or sounds is transmitted by minutely dividing an available fre-
quency bandwidth in accordance with its use or purposes. In order to send a large volume of information within limited
frequency bandwidths, a data transferring rate may be improved, or the bandwidth of a signal having a certain data
transferring rate may be narrowed, so that some portions of data are multiplexed by means of frequency dividing. In par-
ticular, in the field of a wireless communication, a radio wave source is effectively utilized by narrowing the bandwidth
by suppressing an unwanted sideband of a base band signal.
[0004] However, when the bandwidth of a spectrum of the digital signal is narrowed, there occurs intersymbol inter-
ference, which possibly causes a bit error. In order to solve this problem, a Nyquist filter is extensively used as a filter
which does not cause intersymbol interference even when the bandwidth is narrowed.
[0005] Characteristics of a roll-off filter R(f) which are given by Nyquist and realize a intersymbol-interference-free
Nyquist filter are expressed as Equation below and illustrated in Figure 13:

where T is a sign interval, and α is a roll-off ratio defined as 0≤α≤1. The roll-off filter R(f) has been well known as a filter
functioning as the Nyquist filter, and in the explanation below, the Nyquist filter is referred to as the roll-off filter.
[0006] In Figure 13, a capital letter W denotes a transition period. The transition period W is 0 when the filter charac-
teristics are ideal α=0, and the larger the roll-off ratio α, the longer the transition period W. Figure 13 shows the transi-
tion period when the roll-off ratio α is 0.5.
[0007] As shown in Figure 13, by completing the transition from one sign to the other within a unit sign interval 1T,
even there is an interference wave indicated by a broken line in Figure 14(b), data indicated by a solid line, that is, sign
data shown in Figure 14(a), can be reproduced from data read out at predetermined reading points indicated by circles
in Figure 14(b). Consequently, filter characteristics necessary to establish a intersymbol-interference-free transmission
path can be achieved.
[0008] Also, an impulse response r(t) of the roll-off filter R(f) is expressed as:

If the roll-off filter R(f) is supplied with a random impulse train δn (n=ggg, -1, 0, 1, ggg) having positive and negative
polarities, then a resulting output is expressed as:
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[0009] If analog elements, such as L, C, and R, are used, a highly sophisticated design using a computer is required
to achieve these filter characteristics. However, these characteristics can be achieved relatively easy if an FIR (Finite
Impulse Response) filter using delay circuits each equipped with a tap or a non-cyclic filter known as a digital filter is
used.
[0010] Figure 15 is a block diagram depicting an electrical arrangement of a typical FIR type conventional digital filter
1. As shown in the drawing, the typical FIR type digital filter 1 comprises delay devices d1, d2, ggg, dm cascaded in
multiple stages, multipliers g0, g1, ggg, gm, and an adder circuit 2. Input data x(n) are delayed sequentially by the
delay devices d1 through dm. Here, the input and output of each of the delay devices d1 through dm are used as taps,
and the data at each tap are multiplied by coefficients h0 through hm by the multipliers g0 through gm, respectively. All
the multiplication results are added up by the adder circuit 2, whereby output data y(n) are obtained. For ease of expla-
nation, marks representing multi-bit data are appended only to the input data x(n) and output data y(n), but it should be
appreciated that the data processed in the digital filter 1 are also the multi-bit data.
[0011] With the above-arranged digital filter 1, the greater the number m of the taps, the more satisfactory the filter
characteristics. However, if the number m of the taps is increased, the number of the delay devices d1 through dm and
the number of elements forming the adder circuit 2 are increased as well. In addition, since the multipliers g0 through
gm occupy a large mounting space, the entire circuit size is undesirably increased with an increasing number of the mul-
tipliers g0 through gm.
[0012] On the other hand, a wireless communication, particularly a spectrum diffusion communication, has been
receiving a widespread attention in recent years because it can offer advantages as to confidentiality, a volume of trans-
mission data, transmission power, etc. However, the spectrum diffusion communication requires various kinds of digital
signal processing including modulation processing to append a diffusion signal to a transmission signal and decoding
processing to remove the diffusion signal from a received signal.
[0013] Thus, with respect to the digital filters employed for a personal computer designed to transmit information by
means of the spectrum diffusion communication through a wireless LAN or a communication unit incorporated in a port-
able device, there has been an increasing need to reduce the number of components and downsize the circuit to save
the mounting space, costs, power consumption, etc. Even when circuit elements are replaced with integrated circuits to
reduce the entire circuit size, it is advantageous to use a least necessary number of circuits from the view points of
shortening a developing period and saving developing costs.

SUMMARY OF THE INVENTION

[0014] It is therefore an object of the present invention to provide a digital filter of a simple arrangement which can
reduce the number of components and save costs and power consumption while shortening the developing period.
[0015] In order to fulfill the above and other objects, a digital filter of the present invention is furnished with:

(a) delay circuits, cascaded in multiple stages and each having a tap, for sequentially delaying actual input data;
(b) a plurality of first adding circuits for adding up outputs from the taps supplied with a same multiplying coefficient
among multiplying coefficients used to multiply an output from each tap;
(c) a plurality of multiplying circuits for multiplying an output from each of the first adding circuits with their respec-
tive multiplying coefficients;
(d) a second adding circuit for adding up multiplication results from each of the multiplying circuits and outputting
an addition result as interpolation data; and
(e) an input data converting section for receiving a transfer clock having a frequency of Ngfs, and converting the
actual input data in such a manner that the actual input data are outputted to the delay circuits for a 1/N period of
a sign interval T of the actual input data and "0" is outputted to the delay circuits for a remaining period,
where N is a multiple of oversampling conducted by computing the interpolation data from the actual input data
obtained by sampling input data for each sign interval T, and subsequently inserting the interpolation data into the
actual input data, and fs represents a sampling frequency of the input data.
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[0016] According to the above arrangement, the input data are inputted for a 1/N period of a sign interval T of the input
data and "0" is inputted as the input data for the rest of the interval T. Thus, even when the input data shape a rectangle
waveform pulse, a resulting state is identical with the one when an impulse train is inputted. Hence, since the impulse
response characteristics of the roll-off filter can be utilized, a roll-off filter with optimal characteristics can be assembled
with an arrangement such that the outputs from each pair of taps supplied with the same coefficient due to symmetry
of the impulse response characteristics are added to each other, and each addition result is multiplied with their respec-
tive coefficients.

[0017] Consequently, since the number of elements, particularly the number of elements forming the multipliers can
be reduced, the number of components can be reduced, and the costs and power consumption can be saved while the
developing period can be shortened. Accordingly, the digital filter arranged in the above manner can be suitably used
for a data communication device adopting the spectrum diffusion communication.
[0018] For a fuller understanding of the nature and advantages of the invention, reference should be made to the
ensuing detailed description taken in conjunction with the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0019]

Figure 1 is a block diagram depicting an electrical arrangement of a digital filter in accordance with a first embodi-
ment of the present invention;
Figure 2 is a graph showing an impulse response of a roll-off filter;
Figure 3 is a block diagram depicting an arrangement of an input data converting circuit in the digital filter of Figure
1;
Figure 4 is a block diagram depicting an arrangement of a switching control circuit in the digital filter of Figure 1;
Figure 5 is a block diagram depicting an electrical arrangement of a digital filter in accordance with a second
embodiment of the present invention;
Figure 6 is a view explaining an operation of the digital filter of Figure 5;
Figure 7 is a block diagram depicting an electrical arrangement of a digital filter in accordance with a third embod-
iment of the present invention;
Figure 8 is a view explaining an operation of the digital filter of Figure 7;
Figure 9 is a block diagram depicting an electrical arrangement of a digital filter in accordance with a fourth embod-
iment of the present invention;
Figures 10(a) through 10(c) are views explaining an operation of the digital filter of Figure 9;
Figure 11 is a block diagram schematically showing an arrangement of a wireless communication device as an
example application of the digital filter shown in any of Figures 1 through 10;
Figures 12(a) and 12(b) are views explaining spread of a sideband of a digital signal;
Figure 13 is a graph explaining a transfer function of a roll-off filter;
Figures 14(a) and 14(b) are views showing a waveform to explain an operation of the roll-off filter; and
Figure 15 is a block diagram depicting an electrical arrangement of a typical conventional digital filter.

DESCRIPTION OF THE EMBODIMENTS

[0020] Referring to Figures 1 through 4, the following description will describe a first embodiment of the present inven-
tion.
[0021] Figure 1 is a block diagram depicting an electrical arrangement of a digital filter 11 in accordance with a first
embodiment of the present invention. The digital filter 11 of the present invention is an FIR type digital filter, which com-
prises an input data converting circuit 12, delay devices D1, D2, ggg, Dm cascaded in multiple stages, (m is a multiple
of 2, in case of Figure 1, m=12, hereinafter, collectively represented by D), adders K1, K2, ggg, K(m/2) (hereinafter,
collectively represented by K), multipliers G1, G2, ggg, G(m/2) (hereinafter, collectively represented by G), an adder
circuit 13, a changeover switch SW, and a switching control circuit DET. Largely speaking, actual input data are
obtained by sampling input data X(n) in every predetermined sign interval T, from which interpolation data are com-
puted. Then, the interpolation data are inserted into the actual input data. This processing is known as oversampling,
by which low-pass filtering is realized.
[0022] To be more specific, the input data X(n) are delayed sequentially by the delay devices D, and if it is assumed
that the inputs and outputs of the delay devices D are taps a, b, ggg (in case of Figure 1, up to m), then the data at the
taps a, b, ggg are multiplied with coefficients H1 through H(m/2) (in case of Figure 1, up to H6, hereinafter, collectively
represented by H) by the multipliers G1 through G(m/2). The multiplication results are added up by the adder circuit 13,
whereby the interpolation data are obtained. For ease of explanation, marks representing multi-bit data are appended
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only to the input data X(n) and output data Y(n), but it should be appreciated that the data processed in the digital filter
11 are also multi-bit data.

[0023] Notably in the present invention, given N as an oversampling multiple, then the input data converting circuit 12
inputs the input data X(n) directly to the delay device D1 in the first stage for 1/N period of the sign interval T, and inputs
"0" for the rest of the period. For this reason, with respect to a sampling frequency fs of the input data X(n), a transfer
clock having a frequency of Ngfs is inputted into both the input data converting circuit 12 and delay devices D from an
unillustrated clock signal source (pull-in lines of the transfer clock into the delay devices D are omitted in the drawing for
ease of explanation).
[0024] Accordingly, as will be discussed below, even if the input data X(n) shape a rectangular wave pulse, a resulting
state is identical with the one when an impulse train is inputted. Thus, the impulse response characteristics of the roll-
off filter can be utilized. Here, outputs from two taps are multiplied with the same coefficient due to symmetry of the
impulse response characteristics (in case of Figure 1, pairs of taps: f,h;e,i;d,j;ggg, which are symmetrical with respect
to the tap g from which non-interpolated actual input data are taken out). Then, the outputs from each symmetrical pair
of taps are added to each other, and the sums are multiplied respectively with the coefficients H1, H2,
[0025] Figure 2 is a graph showing a computation result to find impulse response r(t) in accordance with Equation 2
above by varying a roll-off ratio α from the intersymbol-interference-free filter characteristics given beforehand by
Nyquist. The vertical axis indicates the level of impulse response, namely the coefficients, and the horizontal axis indi-
cates a sampling cycle t normalized with the sign interval T. The next paragraph will describe how the coefficients H are
found with reference to Figure 2.
[0026] In the first place, an oversampling multiple N is determined. For example, given N=2, then by normalizing the
sampling cycle t with the sign interval T (t/T), we get 0.5. Thus, the interpolation data obtained at t/T = 0.5, 1.5, 2.5, ggg
are inserted into the actual input data of the input data X(n) obtained at t/T = 0, 1, 2, ggg. As has been explained, since
the impulse response r(t) is symmetrical in time series, the levels of the impulse response r(t) at the timings t/T = ±0.5,
±1, ±1.5, ggg are all the same.
[0027] Next, the roll-off ratio α is determined in such a manner that desired transmission characteristics are given to
the digital filter 11. For example, given α=0.5, then the coefficients H1, H2, H3, ggg are the levels of the impulse
response r(t), 0.58, 0, -0.11, gggg at the timings of t/T = ±0.5, ±1, ±1.5, ggg, respectively. Alternatively, given N=3,
then the coefficients H1, H2, ggg are the levels of the impulse response with a desired roll-off ratio at the timings of
±0.33, ±0.67, ±1, ±1.33, ±1.67, ggg, respectively.
[0028] It is understood from Figure 2 that the coefficient at the take-out tap g of the actual input data is 1. In case that
the remaining coefficients H1, H2, ggg can not be multiplied further with any other coefficient, the output from the tap
g is directly outputted to the changeover switch SW.
[0029] In this manner, the outputs from each pair of taps, which are symmetrical with respect to the take-out tap g of
the actual input data and supplied with the same multiplying coefficient, are added to each other first, and thence the
sums are multiplied with their respective coefficients. Accordingly, the number of the multipliers G composed of a nota-
bly large number of transistors can be reduced to half. Hence, the number of components can be reduced, and the
costs and power consumption can be saved while the developing period can be shortened. Therefore, the resulting dig-
ital filter can be suitably used for a data communication device adopting the spectrum diffusion communication.
[0030] Here, the job assigned to the adders K is the job assigned to the adding circuit 13. Hence, although the number
of elements is increased by the number of the adders K, since the same number of elements can be omitted from the
adder circuit 13, such an increase can be cancelled out.
[0031] Figure 3 is a block diagram depicting an arrangement of the input data converting circuit 12. The input data
converting circuit 12 is composed of a base N number counter 21 and an AND gate 22. The base N number counter 21
receives the transfer clock which is, as previously mentioned, N times as fast as the sampling frequency fs of the input
data X(n), and outputs "1" to one of the inputs of the AND gate 22 each time it counts up the N transfer clocks. The other
input of the AND gate 22 is supplied with the input data X(n). Thus, with the arrangement as simple as above, the input
data X(n) are outputted from the AND gate 22 to the delay device D1 in the first stage for a T/N period, during which the
AND gate 22 is receiving "1" from the base N number counter 21, and "0" is outputted to the same for the rest of the
period. To be more specific, in case of N=3, the input data X(n) are outputted for 1/3 of the sign interval T, and "0" is
outputted for the remaining 2/3 of the sign interval T.
[0032] Figure 4 is a block diagram depicting an arrangement of the switching control circuit DET. An example in the
drawing is realized by a NOR gate having as many inputs as the bits of data. Although it will be described below, either
the data from the tap g or the data from the adder circuit 13 are invariably "0". Thus, the switching control circuit DET
monitors one of these data (input from the tap g in cases of Figures 1 and 4), and keep outputting "1" to the control ter-
minal S of the changeover switch SW while the monitored data are "0". The input A of the changeover switch SW
receives the data from the adder circuit 13 while the input B thereof receives the data from the tap g. The input at the
input A side is introduced to the output Y when the control terminal S shows "1", while the input at the input B side is
introduced when the control terminal S shows "0". In this manner, by the actions of the switching control circuit DET and
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changeover switch SW, when there are actual input data, the actual input data are outputted as the output data Y(n);
otherwise, the interpolation data are outputted.

[0033] As has been discussed above, with a simple arrangement using multipliers G composed of a less number of
elements, the interpolation data, convoluted by the multiplying coefficients and outputted from the adder circuit 13, can
be inserted into the actual input data outputted from the tap g, thereby realizing an N-times oversampling roll-off filter.
Consequently, the number of the components can be reduced, and the costs and power consumption can be saved
while the developing period can be shortened. Particularly, in case of the spectrum diffusion communication device, by
downsizing the circuit in the above manner, the digital filter can be incorporated into the transmitting section which car-
ries out extensive signal processing and the baseband bandwidth can be narrowed. Thus, since a necessary bandwidth
for each channel can be narrowed, a multi-channel communication which had been impossible by conventional meth-
ods has become available.
[0034] Referring to Figures 5 and 6, the following description will describe a second embodiment of the present inven-
tion.
[0035] Figure 5 is a block diagram depicting an electrical arrangement of a digital filter 31 in accordance with the sec-
ond embodiment of the present invention. The digital filter 31 is a case using a multiple of an odd number as the over-
sampling multiple N. In case of the example in Figure 5, N=3. Since the digital filter 31 is similar to the digital filter 11,
like components are labeled with like reference numerals with respect to the digital filter 11, and the description of these
components is not repeated for ease of explanation.
[0036] With reference to Figure 6, the following will explain an operation of the 3-times oversampling digital filter 31.
A table set forth at the upper half of Figure 6 shows the data outputted from the taps a through m when the input data
converting circuit 12 inputs the input data X(n) for 1/3 of the sign interval T, and "0" for the remaining 2/3 of the sign inter-
val T. Assume that, at the reference timing τ0, data A(n) at the desired timing n are outputted to the take-out tap g of the
actual input data.
[0037] Thus, at the timing τo, the data A(n-1) at one timing behind are outputted to the tap d which is 3 taps (=one
sign interval T) ahead of the tap g, and the data A(n-2) at two timings behind are outputted to the tap a which is 6 taps
ahead of the tap g. In contrast, the data A(n+1) at one timing ahead are outputted to the tap j which is symmetric to the
tap d with respect to the tap g, and the data A(n+2) at two timing ahead are outputted to the tap m which is symmetric
to the tap a with respect to the tap g.
[0038] Then, T/3 later, that is, at the timing τ1, the data at the taps a through l at the timing τ0 are transferred to the
taps b through m, respectively, and in the meantime new data "0" are inputted to the tap a. Likewise, another T/3 later,
that is, at the timing τ2, the data at the taps a through 1 at the timing τ1 are transferred to the taps b through m, respec-
tively, and in the meantime new data "0" are inputted to the tap a.
[0039] It is understood from Figure 2 that at the taps corresponding to t/T = ±1, ±2, ggg, the impulse response r(t) is
"0", in other words, the multiplying coefficient is "0". Hence, in case of the 3-times oversampling digital filter 31 of Figure
5, as shown in Figure 6, there are data at the taps d and j both of which are 3 taps ahead and behind the take-out tap
g of the actual input data and multiplied with the coefficient H3, and also at the taps a and m both of which are 6 taps
ahead and behind the tap g and multiplied with the coefficient H6. However, since the coefficient H3 and H6 for the taps
d and j and for the taps a and m are both "0", the adders K3 and K6 and the multipliers G3 and G6 associated with these
taps are omitted in Figure 5 and indicated by virtual lines.
[0040] As can be understood from Figure 6, as to the taps b, c, e, f, h, i k, and l other than the aforementioned taps
a, d, g , j, and m corresponding to t/T = 0, ±1, ±2, there is no timing at which the data exist at both the symmetrical taps,
for example, at the taps f and h. That is, either there are data at one of the symmetrical taps alone or there are no data
at both the symmetrical taps. As shown in Figure 5, the adders K1, K2, K4, and K5 associated with these pairs of taps
f, h; e, i; c, h: b, l can be replaced with changeover switches SW1, SW2, SW4, and SW5 which are composed in the
same manner as the changeover switch SW of Embodiment 1 with a less number of elements than these adders. Also,
in association with the changeover switches SW1, SW2, SW4, and SW5, are provided switching control circuits DET1,
DET2, DET4, and DET5 which are arranged in the same manner as the switching control circuit DET of Embodiment 1.
[0041] Thus, as for the pairs of taps d and j and taps a and m which are nN'th taps (n is an integer) ahead and behind
the take-out tap g of the non-interpolated actual input data, the adders K3 and K6 and the multipliers G3 and G6 can
be omitted. Also, as for the pairs of taps f, h; e,i; c, h; b, l other than the foregoing nN'th taps, the adders K1, K2, K4,
and K5 are replaced with the changeover switches SW1, SW2, SW4, and SW5 which are composed of a less number
of elements than these adders. Consequently, the number of elements can be further reduced.
[0042] It is understood from Figure 6 that, at the output timing τ0 of the actual input data from the tap g, the data are
"0" at taps in each of the pairs: f, h; e, i; c, k; b, l, supplied with the multiplying coefficients H1, H2, H4, and H5, respec-
tively. On the other hand, there are data at the pairs of taps d, j; a m, supplied with the multiplying coefficients H3 and
H6, respectively, but the multiplying coefficients H3 and H6 are "0". Hence, the data A(n) at the tap g are multiplied with
a coefficient "1". In other words, only the original data have to be outputted directly. Thus, at the timing τ0, the change-
over switch SW is switched to output the data from the tap g directly, and therefore, no multiplier is necessary for the
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tap g.

[0043] Referring to Figures 7 and 8, the following description will describe a third embodiment of the present invention.
[0044] Figure 7 is a block diagram depicting an electrical arrangement of a digital filter 41 in accordance with a third
embodiment of the present invention. The digital filter 41 is an example using a multiple of an even number as the over-
sampling multiple N. In case of the example in Figure 7, N=4. Figures 7 and 8 are similar to Figures 5 and 6, respec-
tively, except that, for a pair of the taps c and k whose coefficient H4 is "0" at t/T = ±1.0 (see Figure 2), the adder K4 and
multiplier G4 are omitted from the digital filter 41. For a pair of taps e and i corresponding to t/T = ±0.5 and another pair
of taps a and m corresponding to t/T = ±1.5, the adder K2 and multiplier G2 and the adder K6 and multiplier G6 are left
intact. However, for the remaining pairs of taps f,h;d,j;b,l, in which there are no data (0) at either or both of the taps, the
adders K1, K3, and K5 are replaced with the changeover switches SW1, SW3, and SW5, respectively. Further, in asso-
ciation with the changeover switches SW1, SW3, and SW5, are provided the switching control circuits DET1, DET3,
and DET5, respectively.
[0045] In this manner, even when the oversampling multiple N is an even number, the adder K4 and multiplier G4
associated with the taps c and k can be omitted, and the adders K1, K3, and K5 can be replaced with the changeover
switches SW1, SW3, and SW5, respectively. Consequently, the number of elements can be reduced further.
[0046] As shown in Figure 8, in this case also, the data are "0" at both the taps in each of the pairs: f,h;e,i;d,j;b,l;a,m,
which are supplied with the multiplying coefficients H1, H2, H3, H5, and H6, respectively. Further, there are data at both
the taps c and k supplied with the multiplying coefficient H4, but the multiplying coefficient H4 is "0". Thus, like the case
where the multiple N is an odd number, the data at the tap g only have to be outputted directly through the changeover
switch SW, and therefore, no multiplier is necessary for the tap g.
[0047] Referring to Figures 9 and 10, the following description will describe a fourth embodiment of the present inven-
tion.
[0048] Figure 9 is a block diagram depicting an electrical arrangement of a digital filter 51 in accordance with a fourth
embodiment of the present invention. The digital filter 51 is similar to the digital filter 11, and like components are
labeled with like reference numerals with respect to the digital filter 11, and the description of these components is not
repeated for ease of explanation.
[0049] The digital filter 51 operates on certain conditions that the input data X(n) and output data Y(n) are limited kinds
of data, such as data modulated by means of 36 QAM (Quadrature Amplitude Modulation) or QPSK (Quadrature Phase
Shift Keying) technique, so that the modulated data take a plurality of predetermined values alone. For this reason, an
encoder circuit 52 is provided in the preceding stage of the delay device D1 in the first stage (in the example case of
Figure 9, the preceding stage of the input data converting circuit 12), while a decoder circuit 53 is provided at the suc-
ceeding stage of the changeover switch SW in the output stage.
[0050] Generally, in case of operational processing, if the input data X(n) are limited to a specific kind of data which
take predetermined values alone as previously mentioned, the operational processing is carried out by storing the oper-
ation results in a storage area in each corresponding address as shown in Figure 10(a) by using a table ROM, and read-
ing out corresponding data by using the input data X(n) as address data. The example operational processing shown
in Figure 10(a) is a case where the input data are multiplied with a coefficient, 0.5. Also, in the example, the input data
are the values which the aforementioned 64 QAM signal takes, that is, +85, +51, +17, -17, -51, and -85.
[0051] In the above case, it is not necessary to store data in address areas where no input data are read out (indicated
by diagonal lines in Figure 10(a)). In the present embodiment, the encoder circuit 52 is composed of a conversion table
which stores, as shown in Figure 10(b), the above-specified 6 values as addresses and codes or numbers in their
respective address areas. Whereas the decoder circuit 53 stores, as shown in Figure 10(c), the code or number data
as the address data and corresponding data in their respective address areas.
[0052] According to the above arrangement, the number of bits of the data processed in the digital filter 51 can be
reduced.
[0053] Also, a capacity of the ROM table can be reduced in the following manner. That is, the aforementioned 6 dif-
ferent amplitude values can be digitally represented by only 3 bits (23 = 8). However, 6-8 bits are used in practical appli-
cations to secure a noise margin between every adjacent amplitudes and maintain satisfactory resolution for a DAC.
Thus, assume that the amplitude values are represented by 8 bits, the data are 8-bit long (= 1 byte), and 6 different coef-
ficients are used, then a necessary ROM capacity is: 28 × 1 × 6 = 1536 (byte). In contrast, by converting the amplitude
values into 6 different codes or numbers in the above manner, a necessary ROM capacity can be reduced drastically
to about 28/6 ‚ 36 (byte) (1/43), thereby making it possible to further reduce the number of elements.
[0054] In the above explanation and Figure 10, the input and output data X(n) and Y(n) are represented by decimal
numbers with plus and minus signs. However, it should be appreciated that these data and signs are processed in the
form of binary numbers.
[0055] Figure 11 is a block diagram schematically showing an arrangement of a wireless communication device 61
using the spectrum diffusion communication as an example application of the digital filters 11, 31, 41, and 51 respec-
tively arranged in the above manners. In a transmitter device 62, transmission data are inputted into a diffusing section
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63 and subjected to spectrum diffusion. Subsequently, the transmission data are inputted into the digital filter 11, 31,
41, or 51 of the present invention, so as to narrow the bandwidth of the spectrum. The output from the digital filter 11,
31, 41, or 51 is converted to an analog signal by a DAC (digital-to-analog converter) 64, and modulated by means of 36
QAM technique in a transmitting section 65, for example. Further, the output is amplified and transmitted from an
antenna 66. The actions of the diffusing section 63, digital filter 11, 31, 41, or 51, DAC 64, etc. are controlled by a clock
signal from a control signal generating section 67.

[0056] In a receiver device 72, a received signal received by an antenna 73 is amplified and decoded by a receiver
section 74. A decoded signal is converted into a digital signal by an ADC (analog-to-digital converter) 75, and subjected
to reverse diffusion by a reverse diffusing section 76. Consequently, the received signal is decoded to received data
which are true to the transmission data without any intersymbol interference. The actions of the ADC 75, reverse diffus-
ing section 76, etc. are controlled by a clock signal from the control signal generating section 77.
[0057] The wireless communication device 61 adopting such spectrum diffusion communication uses a frequency
bandwidth broader than that of the transmission data due to diffusion. However, by using the digital filter 11, 31, 41, or
51 of the present invention, the bandwidth can be narrowed while removing unwanted sideband component in the dif-
fusion signal without causing intersymbol interference. Consequently, even when the frequency bandwidth is limited, a
large number of channels can be secured by means of frequency multiplexing, thereby utilizing the frequency band-
width efficiently.
[0058] The wireless communication device 61 demands a great number of circuits for digital signal processing, such
as diffusion processing and reverse diffusion processing. However, the digital filter 11, 31, 41, or 51 of the present
invention can downsize the circuit by omitting some of the multipliers G from an FIR type filter, which otherwise would
be readily upsized, by exploiting the impulse response characteristics of the roll-off filter. Thus, the resulting digital filter
can be incorporated as an integral part into an LSI which conducts digital signal processing. Consequently, it has
become possible to provide a smaller and lighter digital filter which can save the power consumption and costs and
shorten the development period.
[0059] Japanese Laid-open Patent Application No. 46096/1994 (Japanese Official Gazette, Tokukaihei No. 6-46096,
published on February 18, 1994) discloses a good example prior art to remove the unwanted sideband components
using a digital filter. However, the technical art disclosed therein relates to a quadrature detector, and a memory is used
only for weighting (equivalent to the coefficients of the present invention) in a running average filter (the filter identical
with the one shown in Figure 15 of the present invention). Hence, the input data are merely weighted by the memory,
and if the data are delivered sequentially through the delay devices, the data remain intact as the resulting multiplied
value outputted from the memory. Hence, this prior art is totally irrelevant to the present invention in which the output
from each tap is multiplied by an arbitrary coefficient.
[0060] As has been discussed, the digital filter of the present invention is an FIR type digital filter realized by the fol-
lowing arrangement. That is, given that N is an oversampling multiple and Ngfs is a frequency of the transfer clock of
each delay means, then the input data are inputted for a 1/N period of the sign interval T of the input data and "0" is
inputted for the rest of the period as the input data, so that even when the input data shape a rectangle wave pulse, a
resulting state becomes identical with the one when an impulse train is inputted, and therefore, the impulse response
characteristics of the roll-off filter can be utilized. Given these conditions, the digital filter of the present invention can be
realized by assembling a roll-off filter with optimal characteristics by adding the outputs from each pair of taps supplied
with the same coefficient due to symmetry of the impulse response characteristics, and multiplying each addition result
with the coefficient.
[0061] With a non-cyclic (FIR) type digital filter, the multiplying coefficients computed by Equation (2) above are those
obtained in a case where an impulse train is the input data. In contrast, the practical input data shape a rectangle wave
pulse, such as an NRZ (Non Return to Zero) pulse train, and in an actual filter, the transfer function of Equation (1)
above is multiplied with a reciprocal of sinc(fT), namely, , to obtain the waveform response of Equation (2)
above. However, if the input data are inputted for a 1/N period of the sign interval T of the input data and "0" are inputted
for the rest of the period as the input data in the above manner, even when the input data shape the rectangular wave
pulse, a resulting state is identical with the one when an impulse train is inputted. Hence, since the impulse response
characteristics of the roll-off filter can be utilized, a roll-off filter with optimal characteristics can be realized with an
arrangement such that outputs from each pair of taps supplied with the same coefficient due to symmetry of the impulse
response characteristics are added to each other, and each addition result is multiplied with their respective coeffi-
cients.
[0062] To be more specific, the data obtained by computation (as an interpolation sample) are inserted into actual
input data for each sign interval T in the following manner. That is, from the impulse response characteristics of the roll-
off filter of Figure 2, coefficients are computed, which correspond to the impulse response levels at a desired roll-off
ratio at the sampling cycle normalized with the sign interval, t/T (t: sampling cycle, T:sign interval). For example,
t/T=±0.5, ±1.5, ggg when N=2, and t/T=±0.33, ±0.67, ±1.33, ±1.67, ggg when N=3. The coefficients thus computed
are used as multiplying coefficients for the taps symmetrically corresponding to the t/T values with respect to the tap

πfT/sin(πfT)
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from which non-interpolated actual input data are taken out. Then, the outputs from each pair of the taps supplied with
the same multiplying coefficient are added to each other, and each sum is multiplied with their respective multiplying
coefficients.

[0063] Consequently, since the number of elements, particularly the number of elements forming the multipliers, can
be reduced, the number of components can be reduced, and the costs and power consumption can be saved while the
developing period can be shortened. Accordingly, the digital filter arranged in the above manner can be suitably used
for a data communication device adopting the spectrum diffusion communication.
[0064] As has been discussed, another digital filter of the present invention omits a multiplier and an adder for the
nN'th taps ahead and behind the tap from which the non-interpolated actual input data are taken out based on the fact
that the coefficient for the nN'th taps is invariably "0" at any roll-off ratio.
[0065] According to the above arrangement, as can be understood from the impulse response characteristics of the
roll-off filter set forth in Figure 2, the coefficient is invariably "0" at any roll-off ratio for the nN'th taps ahead and behind
the taps from which the actual input data at the timing t=0 are taken out (third, sixth, ggg, and N'th taps when N=3;
fourth, eighth, ggg taps, when N=4). Hence, the multipliers and adders for these taps can be omitted, thereby further
reducing the number of elements.
[0066] As has been discussed, still another digital filter of the present invention replaces the adders, when the over-
sampling multiple N is an odd number, with changeover switches capable of switching to selectively output one of the
outputs from two taps, based on the fact that, for the taps other than the nN'th taps supplied with the "0" coefficient, the
output data are "0" at least at one of the two taps supplied with the same coefficient.
[0067] According to the above arrangement, when the oversampling multiple N is an odd number, the output from at
least one of the taps supplied with the same coefficient is "0" for the taps other than the nN'th taps supplied with the "0"
coefficient. Thus, for these taps, the addition processing is not necessary, so that the adder can be replaced with the
changeover switch of a simple arrangement. Consequently, the arrangement can be further simplified.
[0068] As has been discussed, still another digital filter of the present invention replaces the adders, when the over-
sampling multiple N is an even number, with changeover switches capable of switching to selectively output one of the
outputs from two taps, based on the fact that, for the taps other than the nN'th taps supplied with the "0" coefficient and
the nN/2'th taps, the output data are "0" at least at one of the two taps supplied with the same coefficient.
[0069] According to the above arrangement, when the oversampling multiple N is an even number, the output from at
least one of the taps which are multiplied with the same coefficient is "0" for the taps other than the nN'th taps supplied
with the "0" coefficient and the nN/2'th taps (second, fourth, sixth, eighth, gggtaps, when N=4). Thus, for these taps,
the addition processing is not necessary, so that the adder can be replaced with the changeover switch of a simple
arrangement. Consequently, the arrangement can be further simplified.
[0070] As has been discussed, still another digital filter of the present invention controls the switching action of the
changeover switch by switching control means, which monitors an output from one of the taps supplied with the same
coefficient, and makes the changeover switch output the output from the tap which has been monitored when the mon-
itored output is not "0", and an output from the other tap otherwise.
[0071] According to the above arrangement, the switching control means controlling the changeover switch can be
realized by a simple arrangement, such as a NOR gate having as many input terminals as bits from all the taps.
[0072] As has been discussed, still another digital filter of the present invention converts the input data into a prede-
termined code or number by encoding means when the input data are a specific kind of data which take a plurality of
predetermined values alone, and decodes the code or number of the output data to the data of the same format as that
of the input data.
[0073] According to the above arrangement, when the input data are a specific kind of data which take only a plurality
of predetermined amplitude levels (for example, 6 different digital converted values for a signal modulated by means of
64 QAM technique), the amplitude level inputted as the input data is converted to a code or a number by the encoding
means at a preceding side of the delay means in the first stage, for example, at the preceding or succeeding stage of
the input data converting means. Then, the filtered output data are converted to the data of the same format as that of
the input data by the decoding means.
[0074] Thus, in case that the input data are the 36 QAM data represented by 8 bits, 6 different values are given as
the amplitude levels and these values can be represented by a 3-bit code or number. Consequently, the number of ele-
ments can be reduced further.
[0075] With an arrangement such that realizes operational processing, which is simpler and faster than an operation
using a computer, by reading out the store data from an address area designated by the input data used as the address
data from the ROM table, reducing the number of bits of the input data in the above manner is preferable because a
capacity of the ROM can be reduced drastically. Consequently, compared with the input data, the number of bits of the
data subject to filtering can be reduced, thereby further reducing the number of elements.
[0076] As has been discussed, still another digital filter of the present invention outputs the actual input data only
through a changeover switch which outputs the actual input data after the interpolation data are inserted therein, based
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on the fact that the tap from which the non-interpolated actual input data are taken out is invariably multiplied with the
"1" coefficient which is not added with any other coefficient.

[0077] According to the above arrangement, since the tap from which the non-interpolated actual input data at the
timing t=0 are taken out is invariably multiplied with the "1" coefficient which is not added to any other coefficient, the
multiplier and adder can be omitted.
[0078] The invention being thus described, it will be obvious that the same may be varied in many ways. Such varia-
tions are not to be regarded as a departure from the spirit and scope of the invention, and all such modifications as
would be obvious to one skilled in the art are intended to be included within the scope of the following claims.

Claims

1. A digital filter comprising:

delay means, cascaded in multiple stages and each having a tap, for sequentially delaying actual input data;
a plurality of first adding means for adding up outputs from the taps supplied with a same multiplying coefficient
among multiplying coefficients used to multiply an output from each tap;
a plurality of multiplying means for multiplying an output from each of said first adding means with their respec-
tive multiplying coefficients;
second adding means for adding up multiplication results from each of said multiplying means and outputting
an addition result as interpolation data; and
input data converting means for receiving a transfer clock having a frequency of Ngfs, and converting the
actual input data in such a manner that the actual input data are outputted to said delay means for a 1/N period
of a sign interval T of the actual input data and "0" is outputted to said delay means for a remaining period,
where N is a multiple of oversampling conducted by computing the interpolation data from the actual input data
obtained by sampling the actual input data for each sign interval T, and subsequently inserting the interpolation
data into the actual input data, and fs represents a sampling frequency of input data.

2. The digital filter of claim 1, wherein said input data converting means includes:

a base N number counter which receives the transfer clock; and
an AND circuit for conducting an AND operation of an output from said base N number counter and said input
data, and outputting an operation result to said delay means as converted input data, said AND circuit output-
ting said input data for a period of T/N during which "1" is inputted to said delay means from said base N coun-
ter, and "0" for a remaining period.

3. The digital filter of Claim 1 or 2, wherein said multiplying means and first adding means are omitted for the taps
which are nN'th taps ahead and behind the tap from which the actual input data are taken out.

4. The digital filter of any of the preceding claims, further comprising:

switching control means for outputting a switching control signal based on an output from the tap from which
the actual input data are taken out; and
switching means for switching to selectively output one of the interpolation data outputted from said second
adding means and the actual input data outputted from the tap.

5. The digital filter of Claim 4, wherein:

the switching control means is a NOR circuit which outputs a result of a NOR operation as said switching con-
trol signal; and
said switching means outputs the interpolation data when said switching control signal is "1", and the actual
input data when said switching control signal is "0".

6. The digital filter of Claim 3, wherein, when said multiple N of the oversampling is an odd number, said first adding
means associated with the taps other than said nN'th taps include:

switching control means for outputting a switching control signal based on outputs from the taps; and
switching means for switching to selectively output one of outputs from correlated two taps based on said
switching control signal.
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7. The digital filter of Claim 3, wherein, when said multiple N of the oversampling is an even number, said first adding
means associated with the taps other than said nN'th taps and nN/2'th taps include:

switching control means for outputting a switching control signal based on outputs from the taps; and
switching means for switching to selectively output one of outputs from correlated two taps based on said
switching control signal.

8. The digital filter of Claim 6 or 7, wherein:

said switching control means is a NOR circuit which outputs a result of a NOR operation as said switching con-
trol signal; and
said switching control means monitors an output from one of two taps supplied with a same coefficient, and
controls said switching means to output the output from the tap which has been monitored when the output
which has been monitored is not "0", and an output from the other tap when the output which has been moni-
tored is "0".

9. The digital filter of Claim 4 or 5, wherein, when the actual input data take a plurality of predetermined values alone,
the actual input data are inputted into said input data converting means through encoding means which encodes
the actual input data to one of a code and a number, said digital filter further comprising decoding means which
decodes an output from said switching means to the actual input data.

10. The digital filter of any of the preceding claims, wherein the actual input data are outputted only through a change-
over switch which outputs the actual input data while the interpolation data are inserted therein.

11. A non-cyclic digital filter for obtaining filtering data by (1) sequentially delaying input data by delay means cascaded
in multiple stages and each equipped with a tap, (2) multiplying an output from each tap with a predetermined coef-
ficient, and (3) adding up multiplication results, comprising input data converting means for inputting input data to
said delay means for 1/N period of a sign interval T of the input data and inputting "0" as the input data for a remain-
ing period, where N is a oversampling multiple and Ngfs is a frequency of a transfer clock of each of said delay
means with respect to a sampling frequency fs of the input data.

12. The digital filter of Claim 11, wherein a multiplier and an adder are omitted for the taps which are nN'th (n is an inte-
ger) taps ahead and behind the tap from which non-interpolated actual input data are taken out.

13. The digital filter of Claim 12, wherein, when the oversampling multiple N is an odd number, the adders associated
with the taps other than said nN'th taps are replaced with changeover switches capable of switching to selectively
output one of outputs from two taps.

14. The digital filter of Claim 12, wherein, when the oversampling multiple N is an even number, the adders associated
with the taps other than said nN'th taps and nN/2'th taps are replaced with changeover switches capable of switch-
ing to selectively output one of outputs from two taps.

15. The digital filter of Claim 13 or 14, further comprising switching control means which monitors an output from one
of two taps supplied with a same coefficient, and controls said changeover switches to output the output from the
tap which has been monitored when the output which has been monitored is not "0", and an output from the other
tap when the output which has been monitored is "0".

16. The digital filter of any of Claims 11 through 15, further comprising:

encoding means, when the input data are a specific kind of data which take a plurality of predetermined values
alone, being provided at a preceding stage side of the delay means in a first stage to encode the input data into
one of predetermined code and number; and
decoding means for decoding said code or number of output data into data of a format identical with a format
of the input data.

17. The digital filter of any of Claims 11 through 15, wherein actually inputted data are outputted only through a change-
over switch which outputs the actual input data while interpolation data are inserted therein.
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