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[57] ABSTRACT

A PWM digital-to-analog converter is disclosed in
which a value representing a differential between a first
pulse width modulated waveform based upon input
digital data and a second pulse width modulated wave-
form representing a 2’s complement version of the input
digital data is produced by a differential amplifier and
high frequency components thereof are attenuated to
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1
DIGITAL ANALOG CONVERTER

BACKGROUND OF THE INVENTION

1. Field of the Invention

This invention relates to a pulse width modulation
digital-to-analog converter for converting input digital
data into a pulse width modulated waveform for con-
version into corresponding analog signals.

2. Prior Art

10

Various types of digital-to-analog converters are .

known in the art for converting input digital signals into
corresponding analog signals, such as a pulse width
modulation or PWM system for converting input digital
data into a pulse width modulated waveform, or a pulse
amplitude modulation or PAM system for converting
input digital data into a pulse amplitude modulated
waveform, for conversion into corresponding analog
signals.

On the other hand, in digital audio signal processing
systems, such as CD or DAT, several techniques have
been proposed for reducing quantization noise at the
time of decoding analog audio signals from digital data.
These include an oversampling technique for convert-
ing digital data with a sampling frequency fs according
to Nyquist’s theorem into data having a sampling fre-
quency which is a multiple (n-fs) thereof, and a noise
shaping technique which changes the frequency distri-
bution characteristics of the noise for improving the
S/N ratio. For example, as disclosed in the Japanese
Patent Publication 61-177819 (1986), digital data which
have been subjected to oversampling or noise-shaping,
as mentioned above, are converted into analog form by
a digital-to-analog converter producing analog audio
signals having a reduced quantization noise level.

Meanwhile, although it is possible in principle with
the above mentioned PAM digital to analog converter
to produce analog output signals with excellent linear-
ity and reduced distortion, it has the drawback that high
accuracy resistance summation or current summation
circuits, accurately registered with the weights of the
input digital data bits, are required. If it is desired to
improve resolution, the circuit scale must be increased
and the circuit as a whole must be designed to provide
high accuracy. .

On the other hand, the above mentioned PWM digi-
tal-to-analog converters have a less complex circuit
organization. In a conventional PWM digital-to-analog
converter, as shown in FIG. 1, pulse width modulated
waveforms having pulse widths W, Wg, Ws, Wy, W3,
W, and W, corresponding with 3-bit 7-value input
digital data D7, D¢, D5, D4, D3, D and Dy are gener-
ated and freed of high frequency components in a low-
pass filter to produce analog output signals. However,
as shown in the spectral distribution diagram of FIG. 2,
which illustrates the results of an FFT analysis of a
pulse width modulated waveform generated with the
use of the conventional circuit from a 10kHz sinusoidal
signal, the even-number order distortion components,
and above all, the second order distortion components
HD, ;¢ large.

OBJECTS AND SUMMARY OF THE
INVENTION

It is therefore an object of the present invention to
provide a PWM digital-to-analog converter in which
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2
the even-number order distortion components are re-
duced. ’

It is another object of the present invention to pro-
vide a digital-to-analog converter having a simplified
circuit organization, which has a low distortion factor
and excellent conversion characteristics. _

It is a further object of the present invention to pro-
vide an arrangement in which a decoded output signal
with reduced distortion may be produced by a decoding
section of a digital audio signal processing system.

In accordance with the present invention, a digital-to-
analog converter comprises first pulse width modulated
waveform generating means for generating a first pulse
width modulated waveform based upon input digital
data, second pulse width modulated waveform generat-
ing means for generating a second pulse width modu-
lated waveform representing a 2’s complement version
of said input digital data, differential amplifying means
for producing a differential output waveform based
upon said first and second pulse width modulated wave-
forms generated by said first and second pulse width
modulated waveform generating means, and filter
means for attenuating high frequency components of
said differential output waveform obtained from said
differential amplifying means to produce an analog
output signal.

Thus, in the digital-to-analog converter according to
the present invention, a value representing a differential
between the pulse width modulated waveform gener-
‘ated by the first pulse width modulated waveform gen-
erating means based upon input digital data and the
pulse width modulated waveform representing a 2’s
complement version of the input digital data and gener-
ated by the second pulse width modulated waveform
generating means, is output by the differential amplify-
ing means, and high frequency components of the dif-
ferential output waveform thus produced are attenuated
by filter means to produce analog output signals. In this
manner, the even-number order distortion components
are reduced to improve the distortion factor.

The above and other objects and novel features of the
present invention will become apparent from the fol-
lowing description and the appended claims.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a waveform diagram showing a PWM
waveform produced in a conventional PWM digital-to-
analog converter.

FIG. 2 is a spectrum distribution showing the results
of an FFT analysis of the PWM waveform shown in
FIG. 1.

FIG. 3 is a block diagram of a digital data decoding
system including an embodiment of a digital-to-analog
converter according to the present invention.

FIG. 4 is a waveform diagram showing pulse width
modulated waveforms produced by a first puise width
modulated waveform generator of the digital-to-analog
converter shown in FIG. 3.

FIG. 5 is a waveform diagram showing pulse width
modulated waveforms produced by a second pulse
width modulated waveform generator of the digital-to-
analog converter shown in FIG. 3.

FIG. 6 is a waveform diagram showing differential
output waveforms produced by a differential amplifier
of the digital-to-analog converter shown in FIG. 3.

FIG. 7 is a spectrum distribution showing the results
of an FFT analysis of a differential output waveform of
the differential amplifier shown in FIG. 6.
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FIG. 8 is a block diagram of a digital data decoding

system including a further embodiment of a digital-to-
analog converter according to the present invention.

DETAILED DESCRIPTION OF A PREFERRED
EMBODIMENT

A preferred embodiment of a digital-to-analog con-
verter in accordance with the present invention is ex-
plained herein in detait with reference to the accompa-
nying drawings.

FIG. 3 illustrates an embodiment of the present in-
vention incorporated in a decoding system of a digital
audio signal processing system wherein 16-bit playback
digital audio data Dyyare supplied via an input terminal
1 to an oversampling section 2.

The oversampling section 2 converts the playback
digital audio data Dyy into digital data having a fre-
quency 64-fs, which is 64 times the sampling frequency
fs, and transmits the oversampled digital data to a noise
shaping section 3.

The noise shaping section 3 performs noise shaping
on the oversampled 16-bit digital data from the over-
sampling section 2 for rounding it to 3-bit 7-value digital
data for removing the quantization error, and transmits
the noise shaped 3-bit 7-value digital data to a digital-to-
analog converter 4 of the present invention.

The digital-to-analog converter 4 includes a first
pulse width modulated waveform generator 41 for gen-
erating a pulse width modulated waveform PWM; cor-
responding to the noise-shaped 3-bit 7-valued input
digital data from the noise shaping section 3, a 2’s com-
plement converter 42 for converting the input digital
data into 2's complement data, and a second pulse width
modulated waveform generator 43 for generating a
pulse width modulated waveform PWMaj. Converter 4
further includes a differential amplifier 46 to the input of
which pulse width modulated waveform outputs from
the first and second pulse width modulated waveform
generators 41, 43 are supplied via low-pass filters 44, 45
respectively, and a low-pass filter 47 for eliminating
high frequency components of the differential output
waveform from the differential amplifier 46.

With reference also to FIG. 4, first pulse width mod-
ulated waveform generator 41 receives 3-bit 7-value
input digital data from the noise shaping section 3, and
generates, in synchronism with a master clock CKys, a
pulse width modulated waveform PWMy, haying puise
widths W17, W16, Wis, Wis, W13, W13 and Wy, which
correspond with respective values of the input digital
data (as shown in FIG. 4) and which are symmetrical
with respect to a central point ts of one sampling period
Ts.

Referring now to FIG. 5, the second pulse width
modulated waveform generator 43 generates, in syn-
chronism with the master clock CK s, a pulse width
modulated waveform PWM; having pulse widths W7,
Wi, Was, Was, Wa3, Wi and W2 which correspond
with respective 2’s complement values of the input
digital data D7, D¢, Ds, D4, D3, Dz and D) from the 2’s
complement converter 42 (as shown in FIG. 5) and
which are symmetrical with respect to the central point
ts of one sampling period Ts.

Thus the first and second pulse width modulating
waveform generators 41, 43 receive the input digital
data D7, Dg, Ds, D4, D3, D2 and Dy, and generate, in
synchronism with the master clock CK ys, pulse width
modulated waveforms PWM;, PWM; having pulse
widths defined by Wi7=Wa1, Wig=Wi2, Wis=W);,
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4 .
Wia=Way, Wi3=Wis, Wi3=Wjysand W11 =W>,7 and
symmetrical with respect to the central point ts of one
sampling period Ts.

The pulse width modulated waveform outputs
PWM,;, PWM; from the first and second pulse width
modulated waveform generators 41, 43 are supplied via
low-pass filters 44, 45 to respective inputs of the differ-
ential amplifier 46, from which a differential output
PWMg based on the input digital data D7, D¢, Ds, Da,
D3, D; and D; as shown in FIG. 6 is produced as a
differential output of the pulse width modulated wave-
form PWM{, PWM,.

The low-pass filters 44, 45 function to limit the slope
of the rising and falling edges of the pulse width modu-
lated waveform outputs PWM,, PWM,; from the first
and second pulse width modulated waveform genera-
tors 41, 43 to a slope which is consistent with the re-
sponse speed of the differential amplifier 46. These low-
pass filters 44, 45 may be omitted in principle if a differ-
ential amplifier having ideal operating characteristics is
employed as the amplifier 46.

The digital-to-analog converter 4 eliminates the high
frequency components of the differential output wave-
form PWMg from the differential amplifier 46, by means
of the low-pass filter 47 to output an analog output
signal Sour, consistent with the input digital data D7,
D¢, Ds, D4, D3, D2 and D; that is, the 16-bit playback
digital audio data Dy supplied to the input terminal 1,
at signal output terminal 5.

The spectrum distribution diagram of FIG. 7 illus-
trates the results of an FFT analysis of a differential
output waveform PWMj obtained by the differential
amplifier 45 from 10kHz sinusoidal digital data. It will
be seen from the diagram of FIG. 7 that waveform
distortion of even number order, especially of the sec-
ond order, may be reduced for realizing a digital-to-
analog converter having a simplified structure which
possesses a low distortion factor and provides superior
conversion characteristics.

In the digital-to-analog converter 4 of the present
illustrative embodiment, the input digital data are sup-
plied via the 2’s complement circuit 42 to the second
pulse width modulated waveform generator 43. How-
ever, in the alternative, and with reference to FIG. 8,
each of the first and second pulse width modulated
waveform generators 41, 43 may be constituted by a
look-up table memory (designated 50 and 51, respec-
tively, in FIG. 8) in which pulse width modulated
waveform data PWM;, PWM,; of the various pulse
widths to be generated, are stored at addresses corre-
sponding to the input digital data D7, Ds, Ds, Dy, D3,
D; and Dy, as shown in Table 1. In this manner, the
pulse width modulated waveforms PWMi, PWM; may
be directly formed from the input digital data D7, D,
Ds, D4, D3, D3 and D by the first and second pulse
width modulated waveform generators 41, 43, without
the use of a 2’s complement circuit.

TABLE 1
Pulse width
modulation output

ADDRESS PWM, PWMa

Ds Wi7 Wa1

D¢ Wie Wi

Ds Wis W3

D4 Wiy Wy

D3 Wi3 Was

D; Wi Wie
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TABLE 1-continued
Pulse width
modulation output
ADDRESS PWM, PWM;
D, Wi Wiy

What is claimed is:
1. A digital-to-analog converter comprising:
input means for supplying input digital data,
first waveform generating means coupled with the
input means to receive said input digital data for
generating a first pulse width modulated waveform
corresponding with said input digital data,
second waveform generating means coupled with the
input means to receive said input digital data for
generating a second pulse width modulated wave-
form corresponding with a 2’s complement version
of said input digital data,
first low pass filter means for attenuating high fre-
quency components of said first waveform to pro-
duce a first filtered waveform,
second low pass filter means for attenuating high
frequency components of said second waveform to
produce a second filtered waveform,
differential amplifying means coupled with the first
low pass filter means to receive the first filtered
waveform therefrom and with the second low pass
filter means to receive the second filtered wave-
form therefrom, for producing a differential output
waveform based upon said first filtered waveform
and said second filtered waveform, and
filter means for attenuating high frequency compo-
nents of said differential output waveform obtained
from said differential amplifying means to produce
an analog output signal.
2. The digital-to-analog converter according to claim
1, wherein said second waveform generating means
comprises 2’s complement converting means for con-
verting said input digital data into a 2's complement
data format of said input digital data and pulse width
modulated waveform generating means for generating a
pulse width modulated waveform based upon said 2's
complement data format of said input digital data.
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3. The digital-to-analog converter according to claim
1, wherein said input means is operative to receive re-
produced digital data, said input means comprising:

oversampling means for subjecting said reproduced

digital data to an oversampling operation to pro-
duce oversampled data, and

noise shaping means for eliminating quantization er-

rors in said oversampled data from said oversam-
pling means, and further wherein,

the first and second waveform generating means are

coupled with said noise shaping means to receive
the oversampled data from which quantization
errors have been eliminated as said input digital
data.

4. A digital-to-analog converter comprising:

input means for supplying input digital data,

waveform generating means coupled with the input

means to receive said input digital data for generat-
ing a first pulse width modulated waveform corre-
sponding with said input digital data,
lookup table memory means having an address input
coupled with said input means to receive said input
digital data for outputting stored values each in the
form of a pulse width modulated waveform corre-
sponding with a 2’s complement of said input digi-
tal data received at the address input thereof,

differential amplifying means for producing a differ-
ential output waveform based upon said first wave-
form produced by said waveform generating
means and said stored values output by said lookup
table memory means, and

filter means for attenuating high frequency compo-

nents of said differential output waveform obtained
from said differential amplifying means to produce
an analog output signal.

5. The digital-to-analog converter according to claim
4, wherein said waveform generating means comprises a
further lookup table memory means having an address
input coupled with said input means to receive said
input digital data for outputting as said first waveform
stored values each in the form of a pulse width modu-
lated waveform corresponding with said input digital

data.
* * * * *



