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DIGITAL-TO-ANALOG CONVERTER USING
PULSE-WIDTH MODULATION

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a digital-to-analog
converter utilizing a pulse-width modulation (PWM)
system. .

2. Description of Related Art

In the past, in digital audio disk (DAD) players or the
like, a digital-to-analog (D-A) converter utilizing a so-
called PAM system, or a stepped-wave system, in
which input digital data is converted to pulse-amplitude
modulated (PAM) signals and finally to an analog sig-
nal, was widely used.

Recently, a D-A converter utilizing a so-called PWM
system in which input digital data is converted to pulse-
width modulated (PWM) signals and finally to an ana-
log signal, has come into use.

In this case, in order to reduce quantization noise
within the audio frequency domain and obtain neces-
sary resolution, an over sampling method and a noise
shaping method, disclosed, for example, in the gazette
of Japanese Laid-open Patent Publication No.
61-177819, are used in combination and, thereby, 3-bit
7-value digital data D1 to D7 and PWM signals whose
pulse widths are TO to 7TO corresponding to the val-
ues [1] to [7] of the digital data, as shown in FIG. 1, are
generated.

The D-A converter utilizing the PAM system, from
the principle upon which it is based, has good linearity
and provides a converted analog output signal with
small distortion. However, it requires high precision
current adders functioning accurately corresponding to
the weights accorded the bits of the input digital data
and an electronic switch operating at accurate timing.
Hence, there is the difficulty that the circuit scale be-
comes large when it is attempted to increase its resolu-
tion, and, in addition, the overall circuit must be struc-
tured with high precision.

Although the conventional D-A converter has the
advantage that its circuit configuration is simple, the
disadvantage is that it generates even harmonic distor-
tion which degrades the analog signal.

Such distortion is remarkable when the signal fre-
quency is high or the pulse rate is low. For example, as
shown in FIG. 2, with respect to a fundamental wave at
10 kHz, relatively large distortion appears especially in
the second harmonic domain.

In order to overcome the above described difficulties,
the present applicant has already proposed a “digital-to-
analog converter” utilizing a PWM system, in which a
differential component between a pulse-width modu-
lated waveform corresponding to the input digital data
and a “complementary” pulse-width modulated wave-
form corresponding to the 2s-complement data of the
input digital data is output by a differential amplifier
means, and the high-frequency component of the differ-
ential output waveform is eliminated to thereby obtain
the analog output signal with its harmonic distortion
reduced (U.S. patent application Ser. No. 479,163, filed
Feb. 13, 1990, now U.S. Pat. No. 5,021,788).

The proposed digital-to-analog converter, however,
requires two PWM circuits because it generates a pair
of PWM signals complementary to each other and,
hence, its structure becomes rather complex.
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2

SUMMARY OF THE INVENTION

In view of the foregoing shortcomings and disadvan-
tages the present invention is directed to the provision
of a digital-to-analog converter which is simple in struc-
ture and capable of reducing harmonic distortion,
thereby providing a high quality analog signal.

According to the present invention, there is provided
a digital-to-analog converter comprising a pulse-width
modulated signal generation means for generating a
pulse-width moudulated signal with a pulse width cor-
responding to input digital data and a low-pass filter
means for eliminating high-frequency components of
the pulse-width modulated signal to thereby output an
analog signal, in which a sampling period Ts of the
input digital data is divided into an even number 2 m of
sampling periods, and the pulse-width modulated signal
generation means generates pulse-width modulated
signals with equal pulse widths n-Tu corresponding to
the input digital data such that each signal is generated
in each of the divided sampling period Ts/2m. Thus, it
is made possible by the present invention to reduce
harmonic distortion and obtain a high quality analog
signal with a simple structure.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is a waveform chart for explaining the opera-
tion of a prior art digital-to-analog converter;

FIG. 2 is a diagram showing a spectial characteristic
of a prior art example;

FIG. 3 is a block diagram of a first embodiment of a
digital-to-analog converter according to the present
invention;

FIG. 4 is a waveform chart for explaining the opera-
tion of the first embodiment of the invention;

FIG. 5 is a diagram showing a spectial characteristic
of the first embodiment of the invention; and

FIG. 6 is a block diagram showing another embodi-
ment of the present invention.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

A first embodiment of a digital-to-analog converter
according to the present invention will be described
below with reference to FIGS. 3 through 5.

FIG. 3 shows the structure of the first embodiment of
the present invention.

Referring to FIG. 3, reference numeral 11 denotes an
over sampling circuit, which receives, through an input
terminal 1, 16-bit reproduced digital audio data having
a sampling frequency fs of 44.1 kHz, and performs an
over sampling process for converting the received data
to digital data whose sampling frequency is 64-fs.

Reference numeral 12 denotes a noise shaping circuit,
which performs a noise shaping process for rounding
the 16-bit digital data output from the over sampling
circuit 11 into, for example, 3-bit 7-value digital data
thereby reducing the quantization noise.

Reference numeral 20 denotes a pulse-width modula-
tion (PWM) circuit, which is formed, in the present
embodiment, of a read-only memory (ROM) 21 and a
parallel-to-serial converter 22. The output data from the
noise shaping circuit 12 is supplied as a read address to
the ROM 21 and parallel data read out of the ROM 21
are converted into serial data in the parallel-to-serial
converter 22.

The serial data is commonly supplied to a buffer 23
and an inverter 24 and the outputs of the buffer 23 and
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the inverter 24 are respectively supplied to the nonin-
verting input terminal and the inverting input terminal
of a differential amplifier 27 through low-pass filters 25
and 26 for suitably limiting the slew rate. The output
level of the differential amplifier 27 is two times greater
than that of one of the input signals and is free of com-
mon mode noise. This output is supplied to an output
terminal 2 through a low-pass filter 28.

Now, operation of the first embodiment of the pres-
ent invention will be described below with reference
also to FIG. 4.

In this embodiment, parallel data as shown in the
following Table 1 are written in the ROM 21 in ad-
vance.

TABLE 1

10

4
(M), while the time base is compressed as the reciprocal
of the number of times that the signals are read out.

Now, referring to F1G. 6, another embodiment of a
digital-to-analog converter according to the present
invention is described below.

FIG. 6 shows the structure of another embodiment of
the invention. The parts in FIG. 6 corresponding to
those in FIG. 3 are denoted by like reference numerals
and repeated explanation of the same is omitted.

Referring to FIG. 6, reference numeral 30 denotes
two PWM circuits, each of which in the present em-
bodiment is formed of a ROM 31, 32 and a parallel-to-
serial converter 33, 34. One ROM 31 stores the parallel
data as shown in Table 1 written therein in advance and

Address Paralle] Data

NV B NN -
RO OO
——_Do0o0oQ
- O OO
—— e e et O
——
- OO
—_——OO0O0O0
00000 QOO
OO0 OO
—_ 0000 O0Q
—_——_- 0000
- OO
—

[P S P )

— OO
—_——_0 0000

An address in the ROM 21 is selected according to
the input data supplied from the noise shaping circuit
12, and thus, a set of parallel data is read out from the
ROM 21 according to the value of the input data. The
parallel data read from the ROM 21 is converted into a
set of series data in the parallel-to-serial converter 22
and thereby a PWM signal as shown in FIG. 4 is gener-
ated.

As understood from FIG. 4, each of the odd-num-
bered PWM signals has the same PWM signal wave-
forms with a pulse width n. Tu (Tu being the unit pulse
width) corresponding to the input data value, repeated
in the first half and the second half of the sampling
period Ts. As to the even-numbered signals, although
each signal has the same PWM signal waveforms with a
pulse width corresponding to the input data value, that
in the second half is shifted backward by the unit pulse
width Tu.

Therefore, in the middle of each even numbered
PWM signal, there is formed a low level portion at the
same interval as the immediately preceding odd-num-
bered PWM signal. Thus, the waveforms of each signal
are symmetrically divided about the center of the low
level portion, which center is delayed from the center
of the sampling period Ts by Tu/2.
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Further, in the first half and the second half of each of 50

the PWM signals, the information of the input data is
preserved in the form of equal pulse widths. Therefore,
even if the clock frequency is fixed, the pulse rate be-
comes substantially higher and, accordingly, the second
harmonic distortion can be greatly reduced as shown in
FIG. § and a high quality analog signal can be obtained.

Even if the right and left waveforms of FIG. 4 are
exchanged, the same effects as above can be obtained.

According to the embodiment as described above,
the pulse rate can be substantially increased by the use
of a simple structure. Therefore, it can be advanta-
geously applied in an IC when the clock frequency is
close to the operational upper limit.

Although, in the above embodiment, the case where
the waveform of the PWM signal is divided into two
waveforms was described, the waveform can be divided
by another even number by repeatedly reading out the
PWM signals illustrated in FIG. 4 a plurality of times
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the other ROM 32 stores inverted parallel data obtained
by exchanging the “1” and *“0” values in Table 1 with
each other written therein in advance. The outputs of
the parallel-to-serial converters 33 and 34 are respec-
tively supplied to the noninverting input terminal and
the inverting input terminal of a differential amplifier 37
through low-pass filters 35 and 36, and the output of the
differential amplifier 37 is supplied to an output terminal
2 through a low-pass filter 38. Otherwise, the structure
is the same as that of FIG. 3.

The embodiment of FIG. 6 operates the same as the
above described embodiment and provides the same
effects and, further, has the advantage that it can be
easily adapted to various changes in specifications and
the like.

According to the present invention, since it is
adapted, as described above in detail, such that the
sampling period of the input digital data is divided in an
even number and PWM signals of the same pulse width
corresponding to the input digital data are each gener-
ated in each divided sampling period, a digital-to-analog
converter utilizing a PWM system capable of providing
a high quality analog signal with reduced harmonic
distortion can be provided having a simple structure.

‘What is claimed is:

1. A digital-to-analog converter for converting input
digital data having a predetermined sampling period
into an analog signal, comprising:

pulse-width modulated signal generation means for

generating a pulse-width modulated signal having a
pulse width corresponding to said input digital
data; and

low-pass filter means for eliminating high-frequency

components of said pulse-width- modulated signal
to thereby output said analog signal; wherein

said pulse-width modulated signal generation means

is operative to divide the sampling period of said
input digital data into an integral even number of
divided sampling periods and to generate a pulse-
width modulated signal in each divided sampling
period, said sampling period including at least two
pulses having equal pulse widths symmetrically
arranged about a point a predetermined interval
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from the center of said sampling period and corre-
sponding to said input digital data.

2. A digital-to-analog converter according to claim 1,
wherein said pulse-width modulated signal generation
means comprises:

ROM means coupled to receive the input digital data
as address data for outputting parallel data repre-
senting the at least two pulses of said pulse-width
modulated signal in a respective one of said sam-
pling periods; and '

parallel-to-serial converter means for converting said
parallel data to a serial data signal corresponding to
the at least two pulses of said pulse-width modu-
lated signal.

3. A digital-to-analog converter according to claim 2,
wherein said pulse-width modulated signal generation
means further comprises:

buffer means and inverter means arranged in paraliel
and having inputs commonly coupied with the
parallel-to-serial converter means for providing

5
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said serial data signal and an inverted version of 25

said serial data signal, respectively, at correspond-
ing outputs thereof; and

differential amplifier means for providing said pulse-
width modulated signal at an output thereof by
producing said pulse-width modulated signal as a
difference between said serial data signal and said
inverted version of said serial data signal;
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6

the output of said differential amplifier means being
coupled to said low-pass filter means to supply said
pulse-width modulated signal thereto.

4. A digital-to-analog converter according to claim 1,
wherein said pulse-width modulated signal generation
means comprises:

first ROM means coupled to receive said input digital

data as address data for outputting first parallel
data representing said pulse-width modulated sig-
nal;

second ROM means coupled to receive said input

digital data as address data for outputting second
parallel data representing an inverted version of
said first parallel data;

first paraliel-to-serial converter means for converting

said first paraliel data to serial data supplied at an
output thereof and representing said pulse-width
modulated signal;

second parallel-to-serial converter means for convert-

ing said second parallel data to serial data supplied
at an output thereof and representing an inverted
version thereof; and

differential amplifier means having a noninverting

input and an inverting input coupled with respec-
tive ones of the output of said first parallel-to-serial
converter means and the output of said second
.parallel-to-serial converter means for providing
said pulse-width modulated signal at an output
thereof, wherein '

the output of said differential amplifier means is cou-

pled with said low-pass filter means to supply said

pulse-width modulated signal thereto.
¥ *x % ¥ %



