
SIGNAL PROCESSING DEVICE BACKGROUND OF THE INVENTION Field of the Invention
The present invention relates to a signal processing device for performing
processing on, for example, audio signals etc. in the form of digital data.
Description of the Prior Art With, for example, various digital audio
playback equipment such as compact disc (CD) players or DAT (Digital Audio
Tape recorder) etc., when an audio signal read out from a disc as a digital
signal is converted to an analog audio signal, if the digital audio signal
is provided to a D/A converter without modification to obtain an analog
signal, it is known that a baseband component present in an audio band
component determined on the basis of the recording media sampling frequency
is then added to this analog audio signal. It can then be understood that a
so-called cyclic frequency component and a so-called mapping component for
a baseband component can be expressed in a band of a frequency which is an
integer number of times the sampling frequency. If this kind of cyclic
frequency component is left in the audio signal which is converted to an
analog signal, it is possible that intermodulation distortion will occur
at, for example, a power amplifier for amplifying an analog audio signal
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or a speaker for outputting the audio signal, with the audio signal then
not being provided in an appropriate manner. In reality, this kind of
cyclic frequency component can be removed. In one well-known method, a
digital filter having a low-pass band filter characteristic where baseband
bands only are allowed to pass but cyclic frequency component bands are
blocked is provided before the D/A converter. The filter characteristics
can then be improved by making the filter order large or making the
bit-length of the coefficient set for a coefficient unit large so that the
cyclic frequency component can be removed to as great an extent as possible
at this digital filter. The bit length of the digital audio signal
outputted from the digital filter is determined by the bit length of the
digital audio signal inputted to the digital filter and the coefficient bit
length. Therefore, if the bit length of the digital filter coefficient is
made large as described above, the bit length of the digital audio signal
outputted from the digital filter also becomes large but there is sometimes
a case in which the bit length of the output data of the digital filter
becomes larger than the bit length of a following D/A converter. In this
case, a so-called "rounding-off" process of making the bit length of the
output of the digital filter correspond to the bit length of the D/A
converter is carried out at the input stage of the D/A converter in such a
manner that for example,    



3 the lower-place bits of the output data of the digital filter are
discarded. However, the above-described method involves a problem that
information for the original digital audio signal data is missing,
resulting in the occurrence of re-quantization errors which is detrimental
to the quality of the audio playback. SUMMARY OF THE INVENTION In
consideration of the aforementioned prior art problems, it is an object of
the present invention to obtain a signal processing device which is capable
of improving the played-back audio in, for example, digital audio playback
devices and etc. by eliminating the occurrence of re-quantization errors.
According to one example of the present invention, in a signal processing
device provided with a digital filter for making an inputted digital signal
pass through a prescribed frequency band and a digital/analog converter for
converting an output of the digital filter to an analog signal, the
effective output bit length of the digital filter is set up to be equal to
or less than the processing bit length of the digital/analog converter
whereby a process known as "rounding off" where the bit length of the
output of the digital filter is made small is no longer necessary at the
stage preceding the digital/analog converter and re-quantization errors do
not occur. BRIEF DESCRIPTION OF THE DRAWINGS    



4 FIG. 1 is a block diagram showing an outline of the structure of a CD
player to which an embodiment of the present invention is applied; FIG. 2
is a circuit diagram showing an example of a digital filter forming a
signal processing device according to an embodiment of the present
invention; and FIG. 3A to FIG. 3C are illustrations of the bit length of
the output of a non-cyclic digital filter. DESCRIPTION OF THE PREFERRED
EMBODIMENT The following is a description with reference to FIG. 1 to FIG.
3B of an embodiment of a signal processing device of the present invention.
First, the relationship between the bit length of data inputted to the
digital filter and the bit length of data outputted by the digital filter
will be described with reference to FIG. 3A, FIG. 3B and FIG. 3C. FIG. 3A
shows a general non-cyclic digital filter, which in this case is a
secondary digital filter comprising two delay circuit stages Da and Db,
coefficient units Ca, Cb and Cc and an adder A. Further, the signals and
the coefficients are in two (2)'s complement form and determined according
to a positional representation system such that the maximum negative
coefficient value thereof becomes -1. For example, if the bit length m of
the input data x[err] inputted to the digital filter shown in FIG. 3A is
taken to be m   



5 bits and the bit lengths of the coefficients ka, kb and kc for the
coefficient units Ca, Cb and Cc are set to each be n bits, the effective
bit length of the output data y[err] of the digital filter obtained by
using the adder A to add the multiplication outputs y[err], y[err] and
y[err] of each of the coefficient units Ca, Cb and Cc can be known to be m
+ n - 1. Namely, the effective bit length of the output data for the
digital filter can be determined using the bit length of the data signal
inputted to the digital filter and the bit length of the coefficients of
the coefficient units for the digital filter. For example, if the bit
length of the input data x[err] is taken to be 6 bits as shown in FIG. 3B
and the coefficient kn (in FIG. 3B the coefficients ka, kb and kc are shown
together as the coefficient kn) for the coefficient units Ca, Cb and Cc is
taken to be 3 bits as shown in FIG. 3B, the multiplication output y[err]
(the multiplication outputs y[err], y[err] and y[err] are shown combined as
y[err]) is data having an eight-bit bit length. In this case, this is the
output data YOUT obtained by adding the multiplication outputs y[err],
y[err] and y[err] for the bit lengths of each of the bits. This data has an
effective bit length of 8 bits, which is the same as for the multiplication
output shown in FIG. 3C because the numerical value is expanded at the
lower order column by a summing operation. Namely, the bit length of the
output data y[err] can be calculated to be m + n - 1 = 6 + 3 - 1 = 8  



6 in this case. FIG. 1 is a block diagram showing the outline of the
structure of a playback device equipped with a signal processing device of
the embodiment. In this case, a description is given with the signal
processing device of the embodiment applied to a CD player taken as a
playback device. In FIG. 1, a disc 1 is rotatably driven by a spindle motor
(not shown), with recording data being read out by a pick-up 2. Necessary
processing such as EFM decoding and error correction are performed on data
read out from the disc 1 at a data playback processor 3, with the signal
then being provided to an oversampling/LPF (low pass filtering) area 4. In
this embodiment, a bit length of 16 bits is adopted for the digital audio
signal outputted from the playback data processor 3 based on a CD format,
with this being compatible with a sampling frequency of fs = 44.1 kHz. The
oversampling/LPF area 4 is constructed, for example, from a non-cyclic
digital filter. First, oversampling is performed on the inputted digital
audio signal, cyclic frequency components are removed from the digital
audio signal by the low- pass filtering operation and a process for
extracting source signal components of 20 kHz or less based on the CD
format is carried out. As is well known, oversampling means that when a
digital audio signal is played back, the width between the lower limit 



7 of the cyclic frequency component and the upper limit of the baseband
frequency component is expanded by multiplying the sampling frequency of
the original digital audio signal by a prescribed number of times. It is
therefore possible to extract the source signal component in an effective
manner using a low-pass filter of comparatively few stages having a flat
group delay characteristic with regards to the base band component and a
smooth stopping characteristic while the cyclic frequency component is
removed from the digital audio signal by a low pass filter at, for example,
the following stage. In this embodiment, two-times oversampling is carried
out. In this case, the upper band limit for the source signal is 20 kHz.
The cyclic frequency component band therefore becomes 88.2 kHz  20 kHz and
the lower limit becomes 68.2 kHz, so that in reality a band of 68.2 - 20 =
48.2 kHz is obtained. A source signal band of 20 kHz or less is adopted for
the digital audio signal outputted from the oversampling/LPF area 4 and the
sampling frequency can therefore be pulled-up to 2fs = 88.2 kHz. Further,
this output has an effective bit length of 22 bits based on the bit length
of the coefficient unit set up at the oversampling/LPF area 4. The D/A
converter 5 converts the digital audio signal outputted from the
oversampling/LPF area 4 into an analog audio 



signal and outputs this signal taking the processing bit number    8 as 22
bits. The conversion speed of the D/A converter 5 corresponds to a sampling
frequency of 88.2 kHz. When a 22 bit D/A converter is used in this
embodiment, the effective bit length of the digital audio signal outputted
from the oversampling/LPF area 4 is made to be 22 bits or less. Namely, the
effective bit length of the signal inputted to the D/A converter 5 from the
oversampling/LPF area 4 is made to not exceed the processing bit number of
the D/A converter 5. The kind of "rounding-off" processes necessary in, for
example, the related art when the bit length of audio data outputted from a
digital filter for removing cyclic frequency components exceeded the
processing bit length of the D/A converter for the following stage are no
longer necessary and quantization errors do not occur. Deterioration in the
analog audio signal outputted from the D/A converter 5 in this embodiment
due to these quantization errors therefore can be prevented and the audio
quality of the played-back audio signal can be improved accordingly. As
described in FIG. 3A to FIG. 3C, the effective bit length of the output of
the digital filter is determined by the bit length of the inputted data and
the coefficient bit length of the coefficient unit for the digital filter.
However, in the case of this embodiment, the bit length of the signal
inputted 



to the oversampling/LPF area 4 is fixed at 16 bits in accordance with the
CD format. The bit length of the output of the    9 oversampling/LPF area 4
is therefore determined by the coefficient of the coefficient unit for the
oversampling/LPF area 4. An example of the detailed configuration of the
oversampling/LPF area 4 of the embodiment is shown in FIG. 2. The
oversampling/LPF area 4 shown in FIG. 2 uses the kind of non-cyclic digital
filter shown in the drawings and combines the functions of an oversampling
processor and a low-pass filter for removing cyclic frequency components.
The digital filter shown in FIG. 2 carries out calculations using the two's
complement method and is an eighth-order digital filter, as can be seen
from the filter equipped with delay circuits D[err] to D[err]. The
respective delay times Ts for these delay circuits D[err] to D[err] are set
by Ts = 1/fs (=1/44.1 kHz), as shown at the lower part of FIG. 2. Further,
eighteen coefficient units C[err] to C[err] are provided at the
oversampling/LPF area 4 of the instant embodiment and for these units,
there are set up coefficients of K[err] to K[err], respectively.   These
coefficients K[err] to K[err] are determined according to a positional
representation system such that the maximum negative value thereof is -1
and they are set up to appropriate values, respectively, so as to obtain
such 



characteristics of a low pass filter that can extract only a source signal
component of 20kHz or less and can remove cyclic frequency components.
10 The eight even-numbered coefficient units C[err], C[err], C[err],
C[err], C[err], C[err], C[err], C[err] and C[err] of the coefficient units
C[err] to C[err] are provided in such a manner as to multiply the input
data x [n] with the delay outputs of the delay circuits D[err] to D[err]
and then provide these multiplication outputs to an adder A[err]. The eight
odd-numbered coefficients C[err], C[err], C[err], C[err], C[err], C[err],
C[err], C[err] and C[err] multiply the respective input data x[n] and the
delay outputs of the delay circuits D[err] to D[err], and provide these
multiplication outputs to an adder A2. In this embodiment, the input data
x(n) shown in FIG. 2 is a digital audio signal outputted from the playback
data processor 3, as described using FIG. 1, has a bit length of six bits,
and has a sampling frequency of fs = 44.1 kHz. This input data x(n) is
provided to the delay circuits D[err] to D[err] and multiplied with seven
bit coefficients k[err] to k[err] at the coefficient units C[err] to
C[err]. In this way, as described in FIG. 3A to FIG. 3C, the multiplication
outputs of each of the coefficient units C[err] to C[err] can be expressed
as: m + n - 1 = 16 + 7 - 1 = 22 (m: input data bit length, n: bit lengths
of coefficients of coefficient units) 



and is taken as two's complement 22-bit data. The multiplication outputs of
the 22-bit coefficient units C[err] to C[err] are provided to the adders
A[err] and A[err] and added, as described above, with an addition output
y[n] [0] for adder A[err]    and an addition output y[n] [1] for the adder
A2 being obtained. These addition outputs y[n] [0] and y[n] [1] are the 22
bit data summing operation and are therefore made to have a bit length of
22 bits, as described in FIG. 3. Further, the cyclic frequency component is
removed and the source signal is extracted from these addition outputs y[n]
[0] and y[n] [1] and taken as data corresponding to a digital audio signal.
The addition outputs y[n] [0] and y[n] [1] can be expressed by: y[n] [0] =
ko.x[n] + k2.x[n - 1] + k4.x[n - 2] + k[rtt].x[n - 3] + . . . + k[err].x[n
- 8] y[n] [1] = k[err].x[n] + k[err].x[n - 1] + k[err].x[n - 2] +
k[err].x[n - 3] + . . . + k[err].x[n - 8]. The addition outputs y[n] [0],
y[n] [1] are supplied to terminals T[err] and T[err] of the switch SW,
respectively. At the switch SW, a terminal T[err] can be alternately
switched-over between terminal T[err] and terminal T[err]. Terminal T3 is
the output of the oversampling/LPF area 4 and is connected to the input of
the D/A converter shown in FIG. 1. Switching over of the switch SW is
controlled by selecting the side of the terminal T[err] on even-numbered
sample times and 



selecting the terminal T2 on odd sampling times on the period of the
frequency 2fs (= 88.2 kHz) using an externally provided switching signal.
12 The addition output y[n] [0], y[n] [1] is then obtained as the output
data provided from the terminal T[err] of the switch SW using the period of
the frequency 2fs = 88.2 kHz. Two-times oversampling is carried out on
input data x[n] sampled at a sampling frequency of 44.1 kHz of a bit length
of 16 bits at the oversampling/LPF area 4 of the embodiment and a sampling
frequency of 2fs = 88.2 kHz, equivalent  to twice the original sampling
frequency, is adopted. The cyclic frequency component can be removed, the
source signal can be extracted and 22-bit data can be obtained by using
this low-pass filter. Data of a sampling frequency of 88.2 kHz with the
22-bit source signal extracted is provided to the D/A converter 5 as a
digital audio signal. In this way, an audio signal having no re-
quantization errors is possible. In this embodiment, the bit lengths of the
coefficients ko to k[err] for the coefficient units Co to C17 are
respectively taken as seven bits. However, it is sufficient if only the bit
length of the data output of the oversampling/LPF 4 does not exceed the
processing bit length of the following D/A converter 5 as a natural
consequence and therefore, if, in the case of this embodiment, the cyclic
frequency component can be removed in an 



appropriate manner, the coefficient bit-length can be set to be smaller
than 7 bits. Further, in the above embodiment, the digital filter circuit
block before the D/A converter 5 is an oversampling/LPF    13 area 4
combining the function of a low pass filter for removing the cyclic
frequency component and the function of oversampling. However, it is also
possible to apply the present invention in such a manner that this circuit
block is simply a digital filter functioning as a low-pass filter for
removing cyclic frequency components. Quantization errors will then not
occur providing that the bit length of the output of the digital filter
does not exceed the processing bit length of the following D/A converter,
in the same way as for the above embodiment. Moreover, the present
invention is by no means limited to applications with the digital audio
equipment such as the CD players or DATs etc. shown in the above
embodiments and can also be applied to signal processing devices used in
the playing-back of various kinds of digital data. As described above, the
signal processing device of the present invention is constructed in such a
manner that the bit length of the digital filter removing the cyclic
frequency component of the playback data and extracting the source signal
component does not exceed the processing bit length of the D/A converter
connected to the following stage. It is therefore 



possible to eliminate re-quantization errors and improve the audio quality
of played-back audio when the present invention is applied to digital audio
equipment.    14 WHAT IS CLAIMED IS: 1. A signal processing device
comprising: digital filter means which includes a plurality of coefficient
units and which makes an inputted digital signal pass through a prescribed
frequency band; and digital/analog converting means for converting an
output of said digital filter means to an analog signal, wherein the
effective output bit length of said digital filter means is set up to be
equal to, or less than, the processing bit length of said digital/analog
converting means. 2.   A signal processing device according to Claim 1,
wherein when the input bit length of said digital filter is m and the
coefficient bit length of each of said coefficient units is n, the
effective output bit length of said digital filter is expressed by m + n -
1. 3.   A signal processing device according to Claim 2, wherein the input
bit length of said digital filter and the coefficient bit length of each of
said coefficient units are selected to be m = 16 and n = 7, respectively.
4.   A signal processing device according to Claim 1, wherein said digital
filter means is provided with sampling 



frequency converting means for multiplying the sampling frequency of said
inputted digital signal by a prescribed number of times.    15 5.   A
signal processing device according to Claim 4, wherein the number of times
by which the sampling frequency of said inputted digital signal is
multiplied is selected to be two. 6.   A signal processing device according
to Claim 4, wherein said digital filter means comprises: sampling frequency
converting means for converting the sampling frequency of said inputted
digital signal by multiplying it by a predetermined number; and a low-pass
filter for removing a cyclic frequency component from said inputted digital
signal. 7.   A signal processing device according to Claim 6, wherein said
sampling frequency converting means for converting the sampling frequency
of said inputted digital signal by multiplying said sampling frequency by a
prescribed number of times and said low-pass filter for removing the cyclic
frequency component are constructed by a non-cyclic digital filter.    


