
TITLE OF THE INVENTION  Method for Muting a digital Signal and a Digital
Signal Recording  Apparatus and a Digital Signal Processing Apparatus
Employing the  Digital Signal Muting method  BACKGROUND OF THE INVENTION
Field of the Invention       This invention relates to a digital signal
processing  apparatus for muting a digital signal digitized with at least
one  bit, and a digital signal recording apparatus for recording the
digital signal or the muted signal on a recording medium.  Description of
the Related Art        As a method for digitizing audio signals, a method
known as   a sigma-delta ([err]) method has become known (see for example
Y.   Yamazaki, "AD/DA Converter and Digital Filter", Journal of Japan
Society of Acoustics, Vol.46, No.3 (1990), pp. 251-257).        The 1-bit
digital data, obtained by this [err] modulation, is   represented by a
sampling frequency significantly higher (such   as 44.1 kHz times 64) and a
data word length significantly   shorter (such as 1 bit) than those of the
data format hitherto   used for conventional digital audio (such as the
sampling   frequency of 64 kHz and the data word length of 16 bits) and is
characterized by a broad transmission frequency range. By this   [err]
modulation, a high dynamic range can be secured in an audio   range which
is an extremely low frequency range as compared to   the 64-tuple
oversampling frequency. This feature can be  



2  exploited for recording or data transmission with high sound  quality.
The [err] modulation circuit itself is not a new technique and  is
frequently used in an A/D converter since the circuit  structure can be
easily designed as an IC and lends itself easily  to high-precision of A/D
conversion.       In  case  of  1-bit  [err] modulation,  an  audio  signal
is  represented by bi-level pulse density modulation of "+1" and "-  1". At
this time, a [err] signal Xn at a point equivalent to a  neutral point
voltage (that is, 0 V) as a reference for an audio  signal is represented
by the equation (1):  [err]                                          (1)
As will be clear from the equation (1), a and b are selected   so that, if
the neutral point potential is to be represented, the   pulse density for
"+1" and that for "-1" will be equal to each   other.        If  the
i-bit  [err]   modulated   signal   is   actually    recorded/reproduced or
transmitted as a digital signal, "+1" is    converted into "1", while "-1"
is converted into "0". If an    unusual event occurs in the course of
recording and reproduction    or if the transmission path is ruptured such
that the signal is    lost, the signal is fixed at "1" or "0". Since a
series of   



3    contiguous "1"s or "O" s in [err] modulation is equivalent to a
positive maximum value or to a negative maximum value,  respectively, there
is a risk that, at a time moment of  occurrence  of  an  unusual   event
in  the  course   of  recording/reproduction or rupture of the transmission
path, the  noise of the maximum output is generated to destruct an
amplifier  for monitoring or a speaker.       The digital audio recorder
for recording the [err] modulated  digital audio signal and the peripheral
equipment are of a higher  dynamic range and of a broader transmission
frequency range than  before in order to realize high flexibility for
coping with a  variety of digital audio media which will be developed in
future.        Meanwhile, for realization of a digital audio recorder for
recording [err] modulated digital audio signals and the peripheral
equipment, the function of noise prevention and the muting   function for
protecting downstream side equipments in case of   occurrence of signal
interruption as a result of malfunction of   the equipment, damage to the
recording media or rupture of the   transmission path, are indispensable.
However, there has hitherto   lacked a method for muting in the digital
signal processing   system handling [err] modulation.   SUMMARY OF THE
INVENTION         It is therefore an object of the present invention to
provide a digital signal processing apparatus capable of muting    at least
a one-bit digital signal and a digital signal recording 



apparatus capable of recording at least the one-bit digital  signal or
muted signal.       In one aspect, the present invention provides a digital
signal processing apparatus for muting a digital signal obtained  on
digitizing in at least one bit. The apparatus includes muting  pattern
signal generating means for generating a pre-set muting  pattern, switching
means for selectively switching between the  digital signal digitized with
at least one bit and the muting  pattern signal generated by the muting
pattern signal generating  means, and an infinite response filter means for
converting an  output of the switching means  into an analog signal.   The
spectrum characteristics of the pre-set muting pattern signal are  selected
to coincide with the inhibiting frequencies of the  infinite response
filter means.        In another aspect, the present invention provides a
digital   signal recording apparatus for muting a digital signal obtained
on digitizing in at least one bit in a recording medium. The   apparatus
includes muting pattern signal generating means for   generating a pre-set
muting pattern, switching means for   selectively switching between the
digital signal digitized with   at least one bit and the muting pattern
signal generated by the   muting pattern signal generating means, infinite
response filter   means for converting an output of the switching means
into an   analog signal, and recording means for recording an output signal



of the switching means on a recording medium. The spectrum
5    characteristics of the pre-set muting pattern signal are selected  to
coincide with the inhibiting frequencies of the infinite  response filter
means.       In yet another aspect, the present invention provides a
digital signal muting method for muting a digital signal  digitized with at
least one bit, based on a muting command, at  the time of transmission of
said digital signal.   The method  includes the steps of selecting a muting
signal generated by the  muting command so that the spectrum distribution
of the muting  signal will coincide with the inhibiting frequencies of an
infinite response filter configured for converting the digital  signal into
an analog signal.        With the digital signal processing apparatus
according to   the present invention, the switcher switches between the
muting   pattern signal generated by the muting pattern generating means
and at least one-bit digital signal, and the output selected by   this
switching is converted by an FIR filter into an analog   signal. Since the
muting pattern signal has plural inhibiting   frequencies corresponding to
the inhibiting frequencies of the   FIR filter so that the analog signal
will be at a neutral point   potential after analog modulation, the 1-bit
digital signal can   be muted when the muting pattern signal is selected by
the   switcher.  



With the digital signal recording apparatus according to the    present
invention, the switcher switches between the muting
pattern signal generated by the muting pattern generating means  and at
least one-bit digital signal, and the output selected by  this switching is
recorded on the recording means, at the same  time as it is converted by an
FIR filter into an analog signal.  Since the muting pattern signal has
plural inhibiting frequencies  corresponding to the inhibiting frequencies
of the FIR filter so  that the analog signal will be at a neutral point
potential after  analog modulation,  the muted  1-bit  digital  signal
can be  recorded when  the muting patten signal  is selected by the
switcher.  BRIEF DESCRIPTION OF THE DRAWINGS        Fig.1 is block, view of
a digital signal recording device   according to the present invention.
Fig.2 is a bock diagram showing a [err] modulator according to   the
present invention.        Fig.3 is a detailed bloc diagram of an FIR filter
according   to the present invention.        Fig.4 is a graph showing the
frequency response of muted   signals in a first embodiment.        Fig.5
shows the frequency response of the muted signal in   the first embodiment.
Fig.6 is a waveform diagram showing the muted signal output.  



Fig.7 shows the muting signal after passage through the FIR    filter.
Fig.8 is a graph showing the frequency response of the muted
7    signal in a second embodiment.  DESCRIPTION OF THE PREFERRED
EMBODIMENTS       Referring to the drawings, preferred embodiments of the
digital signal processing device and the recording device will  be
explained in detail.       Fig.l shows an arrangement comprised of a
digital signal  processing device 1 for muting a digital signal digitized
with  one bit by [err] modulation, a muting pattern signal generator 2 for
generating a muting pattern signal for the 1-bit digital signal,  a
changeover switch 4 for selection between the 1-bit digital  signal and the
muting pattern signal and for outputting the  selected signal, and an
analog FIR filter 5 for converting the  selected output from the changeover
switch 4 into an analog  signal. The selected output of the changeover
switch 4 is  recorded in a recording unit 7.        The changeover switch 4
has its switching operation   controlled by a muting control changeover
signal from a control   unit 8. The control unit 8 generates the muting
control switching   signal for digitally muting the 1-bit digital signal
from the   input terminal 3 for a pre-set time period. The changeover
switch   4 is responsive to this signal to switch between a fixed terminal
b, fed with the 1-bit digital signal, and a fixed terminal a, fed 



with the 1-bit muting signal from the muting pattern signal from   the
muting pattern signal generator 2.         The muting pattern signal
generated by the muting pattern
8   signal generator 2 has plural components associated with the
inhibition frequencies of the analog FIR filter 5 so that the  analog
signal following analog demodulation will be at a neutral  point potential.
The selection output of the changeover switch 4, controlled  by the control
unit 8, is fed to the analog FIR filter 5 for  analog demodulation for
digital-to-analog conversion. The  resulting analog signal is outputted at
an output terminal 6. The  selection output, selected by the changeover
switch 4, may be  recorded in the recording unit 7.       A 1-bit digital
signal, entering the input terminal 3, is   outputted at a [err] modulation
circuit shown in Fig.2. This [err]   modulation circuit is now explained.
An input signal entering an input terminal 21 is supplied   via an adder 22
to an integrator 23, an output of which is sent   to a comparator 25 for
comparison of a neutral point potential   of the input signal with the
output signal of the integrator 23.   The comparator 23 thus performs
one-bit quantization every   sampling period to output 1-bit digital data.
This 1-bit digital data, which is the quantized data, is    sent to a
1-sample delay unit 25 so as to be delayed one sampling  



period.  This delay data is converted by a 1-bit digital-to-    analog
converter 26 into an analog signal which is supplied to    the adder 22 so
as to be summed to the input signal from the    input terminal 21. A 1-bit
output digital signal from the
9    comparator 24 is sent via an output terminal 27 to the input  terminal
3.       Referring to Fig.3, the analog FIR filter 5 is explained.  This
analog FIR filter 5 can be fabricated in accordance with a
digital-to-analog conversion system disclosed by the present  Assignee in
our Japanese Patent Laid-Open No.HEI-5-145423.       The analog FIR filter
5, shown in Fig.3, is made up of eight  cascade-connected  D-flipflops
f[err],  f[err],  f[err],  ... f[err]  and  eight  resistors R[err],
R[err], R[err] ...R[err], connected to these flip-flops f[err], f[err]
f[err], ... f[err], respectively. The currents from these eight resistors
R[err], R[err], R[err], ...R[err] are summed together to form an analog FIR
filter, an output of which is smoothed by a capacitor C and  outputted at
an output terminal 11.        An input terminal 9, fed with the 1-bit
digital signal, is   connected to a data input terminal D of the D-flipflop
f[err], an   output terminal Q of which is connected to a data input
terminal   D of the D-flip-flop f[err].  An output terminal Q of the
D-flipflop   f[err] is connected to a data input terminal D of the
D-flipflop f[err],   an output terminal Q of which is connected to a data
input   terminal D of the D-flip-flop f[err].  An output terminal Q of the
D-   flipflop f[err] is connected to a data input terminal D of the D- 



flipflop f[err], an output terminal Q of which is connected to a data
input terminal D of the D-flip-flop f[err].  An output terminal Q of   the
D-flipflop f[err] is connected to a data input terminal D of the
D-flipflop f[err], an output terminal Q of which is connected to a
10    data input terminal D of the D-flip-flop f[err].       An input
terminal 10, fed with clock signals, is connected  to a clock input
terminal CK of each of the D-flipflops f[err], f[err],  f[err] . . .
f[err].       The resistor R[err] has its one end connected to the output
terminal Q of the D-flipflop f[err], while the resistor R[err] has its  one
end connected to the output terminal Q of the D-flipf lop f[err].  The
resistor R[err] has its one end connected to the output terminal  Q of the
D-flipflop f[err], while the resistor R[err] has its one end  connected to
the output terminal Q of the D-flipflop f[err].  The  resistor R[err] has
its one end connected to the output terminal Q of  the D-flipflop f[err],
while the resistor R[err] has its one end  connected  to  the output
terminal  Q of  the D-flipflop  f[err].  Similarly, the resistor R[err] has
its one end connected to the  output terminal Q of the D-flipflop f[err],
while the resistor R[err] has  its one end connected to the output terminal
Q of the D-flipflop  f[err].         The opposite ends of the resistors
R[err], R[err], R[err], ...R[err] are    connected together and the output
terminal 11 is derived from the    junction point, while the analog output
is smoothed by the 



capacitor C connected between the junction point and the ground.
Since the analog FIR filter 5 is configured for smoothing    an output for
producing an analog signal, digital-to-analog    conversion can be realized
with a high precision and a high S/N    ratio by removing the noise outside
the passband produced by                   noise shaping in the course of
the digital-to-analog conversion.  In addition, since it suffices to secure
relative precision of  resistance weighting corresponding to the
coefficients, the  filter circuit can be easily designed as an IC circuit.
The number of taps N of the analog FIR filter 5 is 8, with  the output
resistance values of the D-flipflops f[err], f[err] f[err]  . . f[err]
being all equal. This analog FIR filter 5 has frequency versus  amplitude
characteristics as shown in Fig.4. As will be seen from  Fig.4, the gain of
the analog FIR filter 5 is lowered in the high  frequency  range.
Moreover,   there  are  plural   inhibiting  frequencies corresponding to
the so-called dip of the amplitude  characteristics. The numbers and the
magnitudes of these  inhibiting frequencies depend on the number of taps N
of the  analog FIR filter 5. Since N = 8, the inhibition frequencies are
represented by FS n/8, where FS is the sampling frequency and  n = 1 to 8.
Since there are plural inhibiting frequencies corresponding   to the
so-called dip of the amplitude characteristics in the   analog FIR filter
5, as stated above, if 1-bit pattern signals 



each having a component only in each of these frequencies are   generated
by the muting pattern signal generator 2, these 1-bit   pattern signals
represent 1-bit muting pattern signals.         By way of examples, a 1-bit
pattern signal which is    "10010110" in binary notation and "$96" in
hexadecimal notation    is considered. The 1-bit muting pattern signal is
generated by                                               12    repeating
this "$96" pattern by the muting pattern signal  generator 2.       Fig.5
shows the distribution of frequency components of the  pattern "$96". The
pattern frequency components are FS 1/8 and  FS   3/8 thus coinciding with
the inhibiting frequencies shown  in Fig.5. Consequently, this pattern
"$96" may be fed to the  analog FIR filter 5 and eliminated, as a result of
which an  analog signal which is a neutral point voltage (Usually 0 V)
equivalent to the absence of a signal may be reproduced.       Figs.6 and 7
show a time waveform of the pattern "$96" and   a time waveform after
entrance of the pattern "$96" to the analog   FIR filter 5, respectively.
Thus, an effect may be achieved which   is equivalent to digitally muting
audio data.        It is also possible for the muting pattern signal
generator   2 to repeat the pattern of "$96" in hexadecimal notation,
having   the state of frequency distribution shown in Fig.8, for
generating the 1-bit muting pattern. These pattern frequency   components
are FS  1/8, FS   2/8 and FS   3/8, coincident with 



the inhibiting frequencies shown in Fig.4. Consequently, this   pattern
"$93" may be fed to the analog FIR filter 5 and   eliminated, as a result
of which an analog signal which is a   neutral point voltage (usually 0 V)
equivalent to the absence of   a signal may be reproduced.         The
processing for analog demodulation mainly has been    explained above,
however, if the number of taps of the analog FIR
13    filter used at the time of analog demodulation is known,  processing
may be done in a similar manner during recording for  recording a digitally
muted signal.       If the analog FIR filter is not used at the time of
analog  demodulation, a high-precision analog filter may be used for
eliminating the frequency components which are in a high  frequency range
for reducing the effect on the audible range.              Although the
1-bit digital signal obtained on [err]  modulation has been discussed
above, multi-bit [err] modulation may  be dealt with by a similar
constitution for implementing the  muting function.            



14   WHAT IS CLAIMED IS:  1. A digital signal processing apparatus for
muting a digital  signal obtained on digitizing in at least one bit,
comprising:       muting pattern signal generating means for generating a
pre-  set muting pattern;       switching means for selectively switching
between the  digital signal digitized with at least one bit and the muting
pattern signal generated by the muting pattern signal generating  means;
and        an infinite response filter means for converting an output   of
said switching means into an analog signal; wherein the   improvement
resides in that        spectrum characteristics of said pre-set muting
pattern   signal are selected to coincide with the inhibiting frequencies
of said infinite response filter means.   2. The digital signal processing
apparatus as claimed in claim   1 wherein said digital signal is a 1-bit
digital signal obtained   by a [err] modulator.   3. A digital signal
recording apparatus for muting a digital   signal obtained on digitizing in
at least one bit in a recording   medium, comprising:         muting
pattern signal generating means for generating a pre-    set muting
pattern;          switching means for selectively switching between the
digital signal digitized with at least one bit and the muting           



15    pattern signal generated by the muting pattern signal generating
means;       infinite response filter means for converting an output of
said switching means into an analog signal; and       recording means for
recording an output signal of said  switching means on a recording medium;
wherein the improvement  resides in that       spectrum characteristics of
said pre-set muting pattern  signal are selected to coincide with the
inhibiting frequencies  of said infinite response filter means.  4. The
digital signal recording apparatus as claimed in claim  3 wherein said
digital signal is a 1-bit digital signal obtained  by a [err] modulator.
5. A digital signal muting method for muting a digital signal  digitized
with at least one bit, based on a muting command, at  the time of
transmission of said digital signal, comprising:        selecting a muting
signal generated by said muting command   so that the spectrum distribution
of said muting signal will   coincide with said inhibiting frequencies of
an infinite response   filter configured for converting the digital signal
into an   analog signal.    


