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1
DELTA-SIGMA MODULATOR

This application claims the benefit of Japanese Patent
Application No. 2008-158251, filed Jun. 17, 2008, which is
hereby incorporated by reference herein in its entirety.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a delta-sigma modulator,
and more particularly to a 1-bit output type delta-sigma
modulator for converting an input signal to a 1-bit PDM
(Pulse Density Modulation) signal in proportion to the signal
level and for outputting it.

2. Description of Related Art

At first, in contrast to delta modulation in a voice commu-
nication field, which was unable to handle a DC component,
delta-sigma modulation was proposed as an efficient modu-
lation technique capable ot handling a DC component, that is,
as a technique capable of converting an analog signal to a
1-bit PDM signal during the 1960s. However, it had not yet
spread from a point of view of a signal bandwidth and an S/N
ratio of the LSI technique at that time (see Non-Patent Docu-
ment 1, for example).

[Non-Patent Document 1] H. Inose, Y. Yasuda and J.
Murakami, “A telemetering system by code modulation—
A-2Z modulation”, IRE Trans. Space Electron. Telemetry, vol.
8, pp. 204-209, September 1962.

Then, by the latter half of the 1980s, digital filters were able
to be built into LSIs at practical cost because of miniaturiza-
tion in LSI manufacturing processes, and had appeared as
A/D conversion and D/A conversion techniques in voice
communication or digital audio field. However, the common
sense in academia and industry at that time considered that
although telephone voice applications (4 kHz bandwidth, and
S/N ratio=70 dB-80 dB) were possible, it was nearly impos-
sible to implement A/D converters or D/A converters for hi-fi
audio applications (22 kHz bandwidth, and S/N ratio=90-96
dB) at low cost. This is because it was difficult for the delta-
sigma modulation technique to suppress the quantizing noise
in a signal bandwidth to about —100 dB or less, because the
delta-sigma modulation technique was the so-called over-
sampling noise shaping technique that carried out A/D con-
version to a digital signal with a small number of bits at a
sampling rate sufficiently higher than a target signal band-
width (SBW: Signal BandWidth), and distributed the quan-
tizing noise Qn, which was generated by the conversion to the
small number of bits, outside the target bandwidth while
repressing the distribution within the target signal bandwidth
(SBW).

To achieve this, it is conceivable to take a step of increasing
the oversampling ratio sufficiently, or of increasing the order
of'aloop filter for improving a noise shaping effect. However,
as for a loop filter with third order or higher beyond second
order, it was considered impossible to realize the delta-sigma
modulation constituting a feedback system because of oscil-
lation of the system. In addition, the L.SI manufacturing tech-
nique at that time, in which a 3 pm gate length process
enabling operation using a 5 V power supply was the main-
stream because analog applications required wide dynamic
ranges, did not have sufficient speed, and although a 1 um gate
length process aiming at higher speed existed for digital
applications, it was unable to provide sufficient analog accu-
racy because its withstand voltage was 5 V from a single
power supply and the dynamic range was narrow. Accord-
ingly, constructing a loop with a stable second order requires
to increase the oversampling ratio extremely, which presents

20

25

30

35

40

45

50

55

60

65

2

aproblem of exceeding the limit of the LS operating speed at
that time. Against such problems, there were roughly three
currents as the solutions in the latter half of the 1980s.

As afirst current, there was a method that limited the order
of the loop to a stable second order, and increased the over-
sampling ratio by a factor of 256, thereby improving the S/N
ratio. A typical example thereof was implemented in D/A
converters (see Non-Patent Document 2, for example).

[Non-Patent Document 2] P. J. A. Naus, et al. “A CMOS
Stereo 16-bit D/A Converter for Digital Audio”, IEEE J. of
Solid-State Circuits, Vol. SC-22, PP. 390-394, June 1987.

However, the method was for D/A conversion, and the
delta-sigma modulator was to be realized by a digital circuit,
which was unsuitable for A/D conversion considering the L.SI
manufacturing technique at that time. This is because in the
A/D conversion, the delta-sigma modulator had to be imple-
mented by an analog circuit such as a switched capacitor
circuit, and it was difficult for the process at that time to
achieve the 256 times oversampling operation while sup-
pressing analog noise such as thermal noise and kT/C noise.
Thus, it had declined as a lower oversampling ratio technique
appeared which will be described later.

As asecond current, there was the so-called MASH (Multi-
Stage Noise Shaping) system that cascaded a plurality of first
order delta-sigma modulators to implement higher-order
delta-sigma modulation in a stable and equivalent manner,
thereby reducing the oversampling ratio by a factor of 64 (see,
Non-Patent Document 3, for example).

[Non-Patent Document 3] Y. Matsuya, et al. “A 16-bit
Oversampling A-to-D Conversion Technology Using Tri-
plelntegration Noise Shaping”, IEEE J. of Solid-State Cir-
cuits, Vol. SC-22, No. 6, pp. 921-929, December 1987.

However, it is necessary for the present system to logically
combining a plurality of 1-bit delta-sigma modulation out-
puts. More specifically, it requires a correction operational
circuit, the so-called noise cancel operational circuit, for
obtaining desired noise shaping characteristics by combining
individual outputs of the modulators which are produced as a
result of the MASH modulation method carried out with an
analog circuit. The noise cancel operational circuit makes its
final output a PCM (Pulse Code Modulation) signal
expressed by a plurality of bits. The PCM signal output from
the noise cancel operational circuit is a signal with a high
sampling rate used by the modulator such as 64-Fs signal in
the case of 64-times oversampling. It is finally converted to a
16-bit PCM signal with 1 Fs=48 kHz with a digital decima-
tion filter located downstream and is output.

Although the present system can maintain loop stability
because it is a feedback system with first order, it has diffi-
culty in achieving sufficient audio analog characteristics, and
has been used only in the telephone voice band for a long
time. This is because although the coefficients formed by the
analog circuit are affected by manufacturing variation, the
downstream noise cancel operational circuit performs digital
operation that does not match the actual coefficients of the
upstream analog circuit, which remains as a mismatch factor
and deteriorates the linearity of the A/D conversion. Thus, it
increases harmonic distortion or floor noise, and is insuffi-
cient for A/D conversion of high quality music signals.

A third current was a trial of achieving a higher S/N ratio
with a lower oversampling ratio by solving higher-order
instability in a higher-order single loop delta-sigma modula-
tor with third order or higher (see Non-Patent Documents 4, 5
and 6, for example).
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[Non-Patent Document 4] D. R. Welland, K. Hamashita, et
al. “A Stereo 16-bit Delta-Sigma A/D Converter for Digital
Audio”, J. Audio Eng. Soc., Vol. 37, No. 6, pp. 476-486, June
1989.

[Non-Patent Document 5] I. Fujimori, K. Hamashita, et al.
“A Fifth-Order Delta-Sigma Modulator with 110 dB Audio-
Band Dynamic Range” Audio Eng. Soc. 93rd Convention,
3415(L-1), October 1992.

[Non-Patent Document 6] K. Hamashita, E. J. Swanson “A
Single-chip Stereo Audio CODEC” IEEE CICC’93, S28.4,
May 1993.

The present system is one that obtains a stable solution by
contriving a configuration of a higher-order loop filter in the
so-called single loop type higher-order delta-sigma modula-
tion system that outputs a 1-bit PDM signal. For example,
Non-Patent Document 4 achieves fourth-order 1-bit 64-times
oversampling, and performance of a 96-dB S/N ratio in an
audio band. In addition, Non-Patent Document 5 achieves a
110-dB S/N ratio by using fifth order, and Non-Patent Docu-
ment 6 discloses a CODEC including a fourth-order 1-bit
D/A converter in the same manner as the fourth-order 1-bit
A/D converter. The oversampling ratio is controlled at 64
times, and hence the LSI manufacturing technique at the time
canrealize sufficiently low cost, low power consumption A/D
converters or D/A converters. Thus, they have been developed
as mainstream techniques in various digital audio systems
from professional equipment for studio recording to home
audio equipment and portable recorder/players.

The present system has, as single loop characteristics, only
one bit analog modulator output, and only a positive or nega-
tive reference potential as the feedback within the analog
modulator. Accordingly, the 1-bit PDM signal expresses posi-
tive full scale or negative full scale subjected to 64-times
oversampling, and a downstream Y64 decimation digital filter
converts the signal to an Fs=48 kHz, 16-bit PCM signal. The
present system can obviate the need for a noise cancel opera-
tional circuit for carrying out inverse conversion of the coef-
ficients of the analog section, which is required in the fore-
going MASH system. Accordingly, it is immune to the
manufacturing variation, thereby being able to offer substan-
tially linear A/D conversion characteristics.

However, to operate the higher-order single loop delta-
sigma modulators as a stable feedback loop, there are two
important factors. The method is described in detail on page
2 of Non-Patent Document 5: a first factor is a selecting
method of feedforward coefficients al-a5 from the individual
integrator outputs to the 1-bit quantizer in FIG. 2 of Non-
Patent Document 5; and a second factor is a gain scaling
method of carrying out the correction of the input gain with a
downstream digital filter while setting an input signal range
narrower than the full scale range of the delta-sigma modu-
lator (see Patent Document 1).

[Patent Document 1] Navdeep Sooch, “Gain Scaling of
Oversampled Analog to Digital Converters”, U.S. Pat. No.
4,851,841, filed October 1987.

The embodiments in Patent Document 1 are considered to
be a stable system that does not oscillate conventionally
because they include a second-order single loop configura-
tion for a voice band. In practice, however, an overload phe-
nomenon can occur in which the output of the integrator
constituting the loop filter swings greatly at a time of an
excessive input, thereby bringing about deterioration in the
S/N ratio and large harmonic distortion and producing oscil-
late in some cases. More specifically, as disclosed in FIG. 2 of
Patent Document 1, when assuming that the positive/negative
full scale values, which employ as a reference the feedback
value of the delta-sigma modulator, are =1, a sufficient S/N
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ratio is obtained when the input range is within +0.8. How-
ever, in the case of a large signal input of 0.8 or more, the
noise within the bandwidth increases and the S/N ratio dete-
riorates. Accordingly, to limit the input range within 80% of
the full scale range of the delta-sigma modulator, the input
gain is set at 0.8. This means that when considering contrari-
wise using the input full scale as the reference, the feedback
value of the delta-sigma modulator, that is, the feedback
gain=1/0.8=1.25. Thus, in FIG. 3 of Patent Document 1, an
embodiment is described under the assumption that when the
full scale ofthe analog input signal is 3 V, the feedback value
of the delta-sigma modulator is 1.25 times of that which is
equal to £3.75 V. Accordingly, as for the output from the 1-bit
quantizer in the embodiment, the positive full scale value +1
and the negative full scale value -1 are expressed in 1-bit data,
followed by assigning +1 to logic 1 and -1 to logic 0 to be
output. Consequently, it is output as the so-called 1-bit PDM
(pulse density modulation) signal in which when the input
signal level increases toward the positive direction, the ratio
of'1 increases, whereas when the input signal level increases
toward the negative direction, the ratio of 0 increases. How-
ever, as a result of the gain scaling, the duty ratio of the output
PDM signal does not become 0%-100%, but becomes 0.8
times, that is, 10%-90%. In other words, when the analog
input is the positive full scale, the duty becomes 50%+0.8x
50%=90%, whereas when the analog input is negative full
scale, the duty becomes 50%-0.8x50%=10%.

Originally, an A/D converter is a device for converting an
input analog signal within a predetermined +full scale range
to a digital signal while maintaining an accurate gain of 0 dB.
Thus, to correct the 0.8-times input gain, the Patent Docu-
ment 1 proposes a technique that multiplies, while eliminat-
ing high frequency noise from the 1-bit PDM signal through
a downstream digital filter, the 16-bit PCM signal by a gain
equal to the reciprocal of the input gain=1.25 when perform-
ing arithmetic processing on the 16-bit PCM signal, thereby
maintaining the gain of the entire A/D converter including the
digital filter to O dB. The technique is effective when it is
expected that the final output of the A/D converter is a 16-bit
PCM signal after the digital decimation filter.

On the other hand, the delta-sigma modulators shown in
the Non-Patent Documents 4-6 are applied to digital music
that demands higher performance than the telephone voice
band. Thus, they aim at implementing higher-order delta-
sigma modulations such as fourth-order or fifth-order modu-
lations stably without bringing about an overload. Accord-
ingly, they require gain scaling greater than the second-order
delta-sigma of Patent Document 1. Although the reference
materials do not mention any concrete numerical values, an
appropriate value as the input gain is about 0.5 times, for
example, which is smaller than 0.8 times of the second order.
Since the correction of the input gain is carried out by the
downstream digital filter, the 0 dB gain is exactly achieved as
the entire A/D converter including the digital filter.

Incidentally, the input gain of 0.5 times can be easily real-
ized using a switched capacitor circuit (SC circuit) shown in
Non-Patent Documents 4-6. For example, when setting the
full scale of the analog input signal at +3 V, the input gain of
0.5 is feasible by setting the capacitor value Cf of the SC
circuit for the full scale feedback at Cf=2Cs with respect to
the capacitor value Cs of the SC circuit for sampling the input
signal, and by setting the reference potential for the full scale
feedback at £3 V equal to the input full scale. Thus, the
amount of charge transferred in both the SC circuits is Qs=+3
V-Cs for the input full scale and Qf=+3 V-Cf=£3 V-2Cs for
the full scale feedback, thereby constituting a delta-sigma
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modulator with the input gain=0.5 times, which enables feed-
back of the amount of charge twice the input full scale.

In summary, the foregoing gain scaling methods maintain
the loop stability of the delta-sigma modulators by multiply-
ing the input signal by the input gain with a prescribed value
less than 0 dB, and multiply the fixed filter gain, which is the
reciprocal of the input gain, using the downstream digital
filter. In addition, the D/A converters have the digital delta-
sigma modulators set a fixed input gain, and have the down-
stream analog 1-bit D/A conversion or an analog post-filter
multiply the correction gain needed. However, although such
gain scaling can achieve a stable higher-order delta-sigma
type ADC or DAC, it is a defect from the viewpoint of the
analog performance versus power consumption. For
example, in the ADC, the S/N ratio is greatly deteriorated not
only by the quantizing noise, but by thermal noise caused by
an operational amplifier or SC circuit. For example, the ther-
mal noise due to the SC circuit can be calculated from the
capacitance C of the capacitor using kT/C (where k is the
Boltzmann constant and T is operating temperature), and to
improve the S/N ratio by 3 dB, twice the capacitor value is
necessary and the current for driving it becomes twice.
Accordingly, implementing the input gain scaling of -0.5
times=-6 dB in the higher-order delta-sigma corresponds to
the deterioration of S/N ratio of 6 dB in terms of the analog
noise, and both the capacitor value and driving current must
be increased four times to counteract the deterioration.

The greatest application of A/D converters to digital audio
equipment is A/D conversion of a voice or music signal input
from a microphone, and delivers to a digital medium. How-
ever, the output level of the microphone itself that converts air
vibration from a sound source to an analog electric signal is
very small, and the analog output signal level from the micro-
phone is a few tens of millivolts at most even by using elec-
trical amplifier. In contrast, the input full scale level of an A/D
converter having a sufficient dynamic range with an S/N ratio
ot 90 dB is generally several volts, and an amplifier of about
10 dB-40 dB is necessary between the microphone and the
A/D converter. In addition, since the distance between the
microphone and sound source is not fixed in common, it is
general to use for optimum recording a variable gain amplifier
capable of varying the gain in accordance with conditions as
the amplifier. The greatest problem here is disturbance noise
placed into analog wiring from the microphone to the variable
amplifier and A/D converter. Generally, the microphone is
placed near a sound source such as a man or musical instru-
ments, and the variable amplifier and A/D converter are
placed within digital audio equipment such as a recorder, and
the signal is transferred between them via the analog wiring.
Accordingly, if the disturbance noise is put into the analog
wiring, the downstream variable amplifier amplifies the dis-
turbance noise as well and inputs to the A/D converter,
thereby causing large sound quality deterioration. The fore-
going configuration is referred to as the so-called analog
microphone, and noise control measures of the analog signal
line are important.

In contrast with the foregoing, the so-called digital micro-
phone has been spread recently which includes the variable
gain amplifier and A/D converter and transfers a digital signal
to a device. In this case, the adverse effect of the disturbance
noise can be greatly eliminated because of the digitized signal
transfer. However, it becomes an expensive system owing to
an increase of the number of signal lines because it transmits
and receives data, a clock signal and a control signal as a
digital interface. In addition, it is necessary to standardize an
interface between various microphones and recording equip-
ment, and thus there are many problems. One of the most
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effective example in this current is to employ the USB stan-
dard that has become common in the PC field. It is the so-
called USB microphone that has an A/D converter and a USB
interface function included on a microphone side, and is able
to be connected to a PC or game equipment having a USB
interface. However, since the USB interface has a large digital
circuit scale and is still expensive, and has large power con-
sumption, it is difficult to spread widely to general applica-
tions.

In the foregoing background, the so-called PDM micro-
phone utilizing characteristics of a single loop delta-sigma
modulator has been investigated as a new standardization
movement. More specifically, it is a method that places com-
ponents up to a delta-sigma modulator for converting the
analog signal to a 1-bit PDM signal on the microphone side,
and that transfers the 1-bit PDM signal output as it is to the
recording equipment side via a digital signal line as a single
digital signal. If it becomes possible, a system can be pro-
vided which has analog characteristics insensitive to distur-
bance noise to the digital signal line, has an interface consist-
ing of a simple logic buffer, and is low cost and has low power
consumption. As for the 1-bit PDM signal output from the
PDM microphone, the apparatus side can convert it simply to
a 1 Fs=48 kHz, 16-bit PCM signal with a conventional deci-
mation digital filter.

However, what is necessary here is the standardization of
an oversampling ratio. If the oversampling ratio varies from
64 to 256 times depending on various types of microphones,
the operation of the decimation filter cannot be executed
correctly. In addition, even if it employs the 1-bit transfer, to
aim at a system configuration with power consumption as low
as possible, a low transfer rate is preferable, and a lower
oversampling ratio should be selected as far as possible. How-
ever, as is clear from the foregoing conventional technique, to
enable the 1-bit PDM signal output with 64-times oversam-
pling ratio in audio applications (SBW=22 kHz, and S/N=90
dB or more), a higher-order single loop delta-sigma modula-
tor with a fourth-order or so is necessary. Accordingly, the
gain scaling of about —6 dB is essential, and the output duty of
the 1-bit PDM signal is limited to about 50%. This results in
reduction in efficiency of the total system, that is, reduction in
the efficiency in terms of a dynamic range, S/N ratio and
power consumption. To circumvent the gain scaling, a sec-
ond-order delta-sigma modulation is used. However, it has a
high oversampling ratio of 256 times, and is inefficiency as
well.

The present invention is implemented to solve the forego-
ing problems. It is therefore an object of the present invention
to provide a stable delta-sigma modulator with good
microlevel signal reproducibility capable of outputting a 1-bit
PDM signal of a low oversampling ratio of about 64-times at
a high duty ratio of 90% or more.

SUMMARY OF THE INVENTION

To solve the foregoing problems, a delta-sigma modulator
in accordance with the present invention comprises: a higher-
order loop filter having a plurality of internal stages and
receiving an analog input signal; a 1-bit quantizer for making
a decision as to whether output of the higher-order loop filter
is positive or negative with respect to an analog reference
potential, and for outputting a first output signal Y1; a first
feedback component for carrying out D/A conversion of the
first output signal Y1 to a negative or positive full scale level
of'the analog input signal, and for feeding it back to an input
stage of the higher-order loop filter; a 1.5-bit quantizer for
making a decision that an output value of a prescribed internal
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stage of the plurality of the internal stages, inclusive of the
polarity of the output value, exceeds a predetermined refer-
ence value, and for outputting a second output signal Y2; a
second feedback component for carrying out D/A conversion
of the second output signal Y2 to m times a negative or
positive full scale level of the analog input signal, and for
feeding it back to the input stage of the higher-order loop
filter; and an operational unit for generating a 1-bit PDM
signal Y by performing operations on the first output signal
Y1(+1, -1) and the second output signal Y2(+m, 0, -m).

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the higher-order
loop filter is a higher-order integrator constructed by connect-
ing two or more integrators in cascade, and wherein outputs of
the plurality of integrators correspond to the plurality of inter-
nal stages constituting the higher-order loop filter.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the higher-order
loop filter comprises an n-order integrator constructed by
connecting two or more integrators in cascade; and a compo-
nent for adding outputs of the n integrators in accordance with
prescribed ratios al-an, and for supplying an addition result to
the 1-bit quantizer, and wherein the outputs of the n integra-
tors correspond to n internal stages of the higher-order loop
filter.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the higher-order
loop filter has one of a low-pass characteristic, bandpass
characteristic and high-pass characteristic, each of which is
composed of a plurality of operational amplifiers, and
wherein outputs of the plurality of operational amplifiers
correspond to the plurality of internal stages constituting the
higher-order loop filter.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the 1.5-bit quan-
tizer is a window comparator composed of two comparators;
the decision reference value is a positive decision reference
value +Vth and a negative decision reference value —Vth with
respect to the analog reference potential when the higher-
order loop filter has a single end circuit configuration; the
decision reference value is a positive decision reference value
+Vth and a negative decision reference value —Vth as a full
differential signal when the higher-order loop filter has a full
differential circuit configuration; and as the second output
signal Y2, +m is output when the prescribed internal stage
output level is +Vth or more, -m is output when it is —=Vth or
less, and zero when it is between +Vth and -Vth.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the prescribed
internal stage in the higher-order loop filter is the most effec-
tive internal stage for a loop stability or for circumventing
overload, and is a single internal stage or a result of adding
outputs of the plurality of internal stages at prescribed ratios.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the first output
signal Y1 is a 1-bit PDM signal intended to take +1 or -1, and
the second output signal Y2 is a 1.5-bit PDM signal intended
to take +m or —m or 0, and wherein the second output signal
Y2 is temporarily stored in the operational unit, is added to
the first output signal Y1 in accordance with the polarity and
gain m of the second output signal Y2 when an opposite
polarity signal appears in the first output signal Y1, and is
output to the PDM signal Y.

The delta-sigma modulator in accordance with the present
invention can have a configuration wherein the feedback gain
m from the 1.5-bit quantizer is an integer normally, and unless
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it is an integer, the feedback gain m undergoes correction by
the operational unit before the 1-bit PDM signal Y is output.

As described above, according to the present invention, in
the delta-sigma modulator including the higher-order loop
filter of a second order or higher, a stable modulator can be
provided which eliminates the overload problem or oscilla-
tion at the time of excessive input by monitoring the internal
condition of the higher-order loop filter and by causing the
second feedback function to operate when necessary. It can
obviate the need for the conventional gain scaling method,
and obtain the 1-bit PDM signal outputY as the final output by
combining the two output signals. As for the duty ratio of the
1-bit PDM output signal Y, it is possible to implement the
output with the duty ratio close to 0%-100% which is impos-
sible by the gain scaling method, thereby being able to
achieve the wider output dynamic range.

In addition, according to the present invention, the stable
1-bit PDM signal output type delta-sigma modulator can be
provided not only for the low-pass type using a high-order
integrator, but also for the bandpass type or high-pass type
delta-sigma modulator with an order equivalent to or higher
by monitoring the internal condition necessary and by oper-
ating the second feedback function as needed.

Furthermore, the present invention is also applicable not
only to a discrete time delta-sigma modulator assuming a
switched capacitor circuit, but also to a continuous time delta-
sigma modulator easily by implementing the higher-order
loop filter with continuous time circuit components.

Besides, according to the present invention, a stable, higher
output duty ratio delta-sigma modulator for a variety of appli-
cations can be provided because of the great freedom of
choice of the method of monitoring the internal condition of
the higher-order loop filter, of the method for activating the
second feedback function only when necessary, and of the
method of' selecting the second feedback gain, and at the same
time because of the feasibility of'the 1-bit PDM signal Y as the
final output with a simple circuit.

In addition, according to the present invention, a wide
dynamic range, low power consumption delta-sigma modu-
lator can be provided because it can reduce the power wasted
by the gain scaling method and reduce the analog noise such
as the kT/C noise by activating the second feedback only
when necessary.

Furthermore, although it is desirable to make use of the
basic concept in accordance with the present invention in an
analog delta-sigma modulator serving as an A/D converter, it
is also applicable to a digital delta-sigma modulator whose
higher-order loop filter is realized by a digital adder and a
register. The 1-bit PDM signal output from the digital delta-
sigma modulator is also applicable to the so-called 1-bit
delta-sigma type D/A converter for performing 1-bit D/A
conversion.

According to the present invention, it becomes possible to
provide a higher-order delta-sigma modulator that can obvi-
ate the need for the gain scaling method essential for the
conventional technique, that is stable and can prevent the
overload condition using a low oversampling ratio of about
64-times, thathas good microlevel signal reproducibility, and
that is able to output the 1-bit PDM signal with an output duty
ratio of 90% or more. Furthermore, it is possible to provide a
product that can achieve higher analog performance inexpen-
sively and easily at power consumption lower than the con-
ventional technique by removing the conventional gain scal-
ing function, and at the same time that can achieve a wide
output dynamic range with the output duty ratio of 90% or
more as the 1-bit output type A/D converter with a low over-
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sampling ratio, which is particularly necessary for the PDM
microphone applications recently.

Further features of the present invention will become
apparent from the following description of exemplary
embodiments (with reference to the attached drawings).

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram showing a higher-order analog
delta-sigma modulator for converting an input analog signal
to a 1-bit PDM signal as a first embodiment in accordance
with the present invention;

FIG. 2 is a block diagram showing an example of an A/D
converter as a conventional technique, which is composed of
a 1-bit delta-sigma modulator and a digital decimation filter,
and employs a gain scaling technique;

FIG. 3 is a block diagram showing a fourth-order analog
delta-sigma modulator having its higher-order loop filter
composed of a fourth-order integrator as a second embodi-
ment in accordance with the present invention;

FIG. 4 is a block diagram showing a fourth-order analog
delta-sigma modulator using a plurality of integrator outputs
as an internal stage to be monitored within a higher-order loop
filter as a third embodiment in accordance with the present
invention;

FIGS.5A and 5B are diagram for explaining an example of
the operation of a 1.5-bit quantizer in accordance with the
present invention in detail;

FIG. 6 is a diagram showing an example of an operational
unit for combining first and second quantizer outputs into a
final 1-bit PDM signal in accordance with the present inven-
tion; and

FIG. 7 is a timing chart for explaining the operation of the
operational unit shown in FIG. 6.

DESCRIPTION OF THE EMBODIMENTS

The embodiments in accordance with the invention will
now be described with reference to the accompanying draw-
ings.

First, the first embodiment in accordance with the present
invention will be described.

FIG. 1 is a block diagram showing an analog delta-sigma
modulator for converting an input analog signal to a 1-bit
PDM signal as the first embodiment in accordance with the
present invention. In FIG. 1, the delta-sigma modulator is
composed of an input adder 110 for subtracting first and
second feedback values from an analog input signal X; a
higher-order loop filter 101 of a second order or higher, which
is supplied with the output of the input adder 110; a first 1-bit
quantizer 102 for making a 1-bit decision as to the output
from the higher-order loop filter; a first D/ A converter 104 and
a feedback component 111 for converting the 1-bit quantizer
output Y1 to an input full scale value +Vref, and feeding it
back to the input adder 110; a second 1.5-bit quantizer 106 for
comparing the level of an internal stage output 105 of the
higher-order loop filter with positive and negative decision
reference values +Vth designated by reference numerals 107
and 108 to make a decision; a second D/A converter 109 and
a feedback component 112 for converting the 1.5-bit quan-
tizer output Y2 to m-times the input full scale value +m-Vref,
and feeds it back to the input adder 110; and an operational
unit 115 for combining the two quantizer outputs Y1 and Y2
supplied thereto into a 1-bit PDM signal.

Next, a configuration of a conventional technique is shown
in FIG. 2 for comparison.
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FIG. 2 is a block diagram showing as a conventional tech-
nique an example of an A/D converter composed of a 1-bit
delta-sigma modulator using a gain scaling technique and a
digital decimation filter. In FIG. 2, the A/D converter is com-
posed of the 1-bit delta-sigma modulator which undergoes
the gain scaling in accordance with a DC gain g0, and a digital
decimation filter 212 with a DC gain of 1/g0. The 1-bit delta-
sigma modulator includes an input gain component 206 for
multiplying the analog input signal X by the gain g0 less than
one to attenuate it below a prescribed level; an input adder 208
for subtracting the feedback value £Vref from the output g0-X
of the input gain component; a higher-order loop filter 201
supplied with the output of the input adder 208; a 1-bit quan-
tizer 202 for making a 1-bit decision of the output from the
higher-order loop filter; and a D/A converter 204 and a feed-
back component 205 for converting the 1-bit quantizer output
Y to the input full scale value +Vref and for feeding it back to
the input adder 208. The digital decimation filter 212 converts
the oversampled 1-bit delta-sigma modulator output Y to a
PCM (pulse code modulation) signal with the sampling fre-
quency of 1-times (1fs) by eliminating high frequency quan-
tizing noise.

Next, the operation of the delta-sigma converter in the
present embodiment will be described.

As shown in FIG. 1, in the present embodiment, the analog
input signal X is input to the higher-order loop filter 101 via
the input adder 110. Although the input adder and higher-
order loop filter are feasible in either a continuous time sys-
tem or discrete time system, the following description will be
made by way of example of a discrete time system using a
switched capacitor circuit for the sake of simplification of
explanation. In this case, the input adder is composed of a
switched capacitor circuit, and is simply feasible by sharing
with a first stage input switched capacitor circuit of the
higher-order loop filter. At the same time, the input adder 110
performs subtraction of the first feedback value £Vref based
on the previous sampling decision result by the first 1-bit
quantizer 102 and of the second feedback value +m-Vref
based on the previous sampling decision result by the second
1.5-bit quantizer 106. The subtraction is also feasible simul-
taneously with the input function to the first stage of the
higher-order loop filter serving as the switched capacitor
circuit.

Accordingly, the input to the higher-order loop filter is:

X(m)—-(Y1(n-1)-Vref)—(Y2(n-1)-Vref)

where (n) represents nth sampling data in the discrete system,
and (n-1) represents the first previous sampling data in the
discrete system, that is, (n—1)th sampling data. In addition,
Y1(n-1)takes avalue +1 or -1, and Y2(n-1) takes a value +m
or 0 or —-m. As for the higher-order loop filter, it is composed
of'a switched capacitor circuit of a second order or higher, and
for ordinary audio applications, since its target signal band-
width is a rather low frequency range of up to about 22 kHz,
a loop filter with its gain increased in the range of 0-22 kHz is
preferable. Thus, a low-pass filter is used, but an integrator is
more preferable.

The greater the DC gain of the integrator in the range of
0-22 kHz, the greater the quantizing noise suppressing effect
is as the delta-sigma modulator. Accordingly, it is preferable
that the integrator have a higher order of a second order or
higher than a first order. The higher-order loop filter generates
the new output 117 and the internal stage output 105 from the
new input data and past stored data. The loop filter output 117
is supplied to the 1-bit quantizer 102 as in the conventional
single loop delta-sigma modulator, and is output as the new
data Y1(#) of the 1-bit PDM signal Y1. In addition, it is
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converted to the positive or negative full scale value £Vref by
the 1-bit D/A converter 104, and is fed back to the input adder
110 via the first feedback 111 to be subtracted from the next
input sampling value X(n+1).

Since the present embodiment does not employ the gain
scaling as the conventional technique shown in FIG. 2, when
the input X is large close to the positive or negative full scale,
the loop filter has a time delay of several sampling periods at
the higher order. Accordingly, the first feedback cannot fol-
low the large input sufficiently, and the internal stage 105 of
the higher-order loop filter swings greatly. Thus, the normal
analog operation becomes impossible, and particularly the
higher-order delta-sigma modulator is in danger of falling
into oscillation of the total system. The present embodiment
prepares the second feedback functioning effectively as mea-
sures against overload. It has a function of monitoring the
internal stage 105 of the higher-order loop filter, and of sub-
tracting, if the condition of the internal stage 105 swings
greatly, the second feedback value +m-Vref from the input X.

More specifically, when the input X is large, and hence the
mere subtraction of the first feedback cannot handle it, the
internal stage 105 of the higher-order loop filter 101 also
varies greatly. The internal stage is typified, for example, by
each integrator output in the case of an n-order integrator.
Although n stage outputs are present, the first stage output
closest to the input side has a least time delay, and hence is
preferable for monitoring the over-input condition. When
monitoring the internal stage condition and if its absolute
value reaches the prescribed reference value or more, the
1.5-bit quantizer 106 makes a decision of the condition
including the polarity, and outputs the decision value Y2.
According to the decision result, it feeds the second feedback
value +m-Vref back to the input adder 110 and subtracts it
from the next sampling X(n+1).

Accordingly, as the feedback value at the next sampling,
the sum total +(m+1)-Vref of the first and second feedback
values is applied, and the feedback gain of twice is obtained
dynamically when m=1, and of three times when m=2. Thus,
the overload condition of the internal stage is easily and
quickly eliminated, and the delta-sigma modulator continues
to function as a stable system. In addition, in the normal
condition, the input signal is sufficiently lower than the full
scale of the A/D converter and is usually —10 dB or less. In this
case, the output level of the internal stage 105 for monitoring
is also small enough, and the state 0of'Y2=0 continues, and the
second feedback +m-Vref does not get involved in the input
adder. Accordingly, the kKT/C noise, which is caused by the
switched capacitor circuit for carrying out the second feed-
back, does not contribute to the small signal characteristics as
noise. This makes it possible to eliminate the cause of the S/N
deterioration of the conventional technique using the input
gain scaling, thereby being able to achieve high analog per-
formance while reducing power consumption.

The two quantizer outputs Y1 and Y2 undergo the logic
operation of the operational unit 115, and are output as a 1-bit
PDM signal Y. As the logic operation method in this case,

Y()=Y1(m)+Y2(n)

is a fundamental form. However, since
Y1(n)==1 and

Y2(n)=0 or =m

a simple addition will give the following as the values the final
output Y(n) can take.

Y()==1, -14m, +1-m, +1+m, -1-m
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Thus, it can take values other than +1 which are the original
values of the 1-bit PDM signal.

Accordingly, focusing on events that Y2(») normally takes
zero continuously, and becomes +m or —m instantaneously,
and that since the second feedback operates immediately after
Y2(z)=+m occurs, expressing the sampling data after o sam-
pling times as (n+a), where « is an integer greater than one,

Y1 (n+a)y=—1 appears immediately after ¥2(x)=+m,
and

Y1(r+a)y=+1 appears immediately after ¥2(x)=—m,

the present embodiment delays Y2(») using a temporary stor-
age component, and adds it to Y1(n+a) that occurs afterward
without fail, thereby generating Y (n+ca)=+1 reliably.

For example, assume that m=2 is selected, and the a times
delay is represented as z~%, then the following expression is
given.

Y(n+o)=Y2(n)z~“+Y1(n+a)
Thus,
Y(n+a)=+2-1=+1, when Y2(x)=+2, and

Y(n+a)=-2+1=-1, when Y2(n)=-2

In summary, by storing Y2 in the temporary storage com-
ponent, and by adding after waiting for the Y1 output to
become the inverse polarity, the final output Y is produced as
the 1-bit PDM signal whose value is limited to +1 or -1.

Although the foregoing is the case of m=2, when m=1 is
selected, carrying out the same operation as described above
after waiting for the appearance of the same polarity data
twice in the time series data {Y2(»)} enables the final output
Y to be output as the 1-bit PDM signal whose value is limited
to +1 or -1 in the same manner as described above. It is
obvious from the foregoing description that although a simi-
lar 1-bit PDM signal can be generated even if m is a decimal
fraction rather than an integer, the real circuit becomes sim-
pler when an integer is selected as m.

FIG. 2 shows an example of the conventional technique
using the gain scaling method for reference purposes in com-
parison with FIG. 1. As described in Non-Patent Documents
4-6 and Patent Document 1, to operate the higher-order single
loop delta-sigma modulator stably and particularly to handle
the excessive input, the input signal X undergoes attenuation
by the DC gain smaller than one such as g0=0.5 through the
input gain component 206, and is supplied to the delta-sigma
modulator. Accordingly, when g0=0.5, the duty ratio of the
modulator outputY is limited to 25%-75% with respect to the
full scale input, and the downstream digital filter performs
gain processing of 1/g0=1/0.5=2, and outputs a 16-bit PCM
signal. The conventional system is unsuitable for the PDM
microphone applications, which output the 1-bit PDM signal
the present invention aims at, because the final output duty is
far from 100% and it cannot make full use of the effective
dynamic range. At the same time, because the feedback value
+Vref from the 1-bit DAC is always large as compared with
the input signal g0-X, the conventional system is disadvanta-
geous from the viewpoint of the analog characteristics versus
power consumption. More specifically, when g0=0.5, the
input signal S itself is made —6 dB so that if the k T/C noise due
to the switched capacitor circuit and the analog noise N due to
operational amplifiers and the like are the same, the S/N ratio,
which is the ratio between them, deteriorates by 6 dB.

Next, a second embodiment in accordance with the present
invention will be described.
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FIG. 3 is a block diagram showing a fourth-order analog
delta-sigma modulator that constructs the higher-order loop
filter in the first embodiment from a fourth-order integrator as
the second embodiment in accordance with the present inven-
tion. In the present embodiment, four integrators 131-134 are
connected in cascade, and individual integrator outputs 141-
144 are supplied to a feedforward adder 170 in accordance
with ratios between the four feedforward coefficients al-a4.
The feedforward adder output 171 is supplied to the first 1-bit
quantizer 102 as a higher-order loop filter output. As the
internal stage of the higher-order loop filter, the present
embodiment shows an example of selecting the output 141 of
the first integrator 131, and the output is input to the second
1.5-bit quantizer 106 as the internal stage output 105 of the
higher-order loop filter. For the sake of simplification of the
explanation, the configuration other than the higher-order
loop filter is assumed to be the same as the first embodiment.

The present embodiment configures the fourth-order delta-
sigma modulator that has the four integrators 131-134 con-
nected in cascade, inputs the individual integrator outputs
141-144 to the feedforward adder 170 in accordance with the
ratios between the four feedforward coefficients al-a4, and
inputs the feedforward adder output 171 to the first 1-bit
quantizer 102 as the higher-order loop filter output. In addi-
tion, the present embodiment has a feedback path provided
from the fourth integrator output 144 to the input of the third
integrator 133 via a feedback gain 155 that multiplies a coef-
ficient b0 and a path 165. This makes it possible to provide a
zero point in the distribution within the signal bandwidth of
the quantizing noise as described in Non-Patent Documents
4-6, thereby improving the signal to quantizing noise ratio.

The present embodiment shows an example that selects the
output 141 of the first integrator 131 as the internal stage of
the higher-order loop filter. The output 141 is input to the
second 1.5-bit quantizer 106 as the internal stage output 105
of'the higher-order loop filter. For the sake of simplification of
the explanation, the configuration other than the higher-order
loop filter is assumed to be the same as the first embodiment.

Although the present embodiment can be realized as a
continuous time system, the description here is made by way
of example configured as a discrete time system using the
switched capacitor circuit. Each of the integrators 131-134 is
the so-called switched capacitor type integrator, which is
composed of a switched capacitor circuit for sampling, an
operational amplifier and an integrating capacitor. The input
adder 110 can be realized simultaneously with the sampling
circuit of the first integrator 131. Accordingly, the sampling of
the input X, and the subtraction of the first feedback +Vref Y1
and the second feedback +m-Vref-Y2 can be realized simul-
taneously as part of the first integrator. More specifically, the
D/A conversion to the full scale reference values Vref and
m-Vrefin the first and second feedback can be easily achieved
by using a capacitor with the same size as the sampling
capacitor for the input X as the first feedback capacitor, and
by using a capacitor with the size m times the first feedback
capacitor as the second feedback capacitor. In addition, as for
the selection of the positive or negative polarity in accordance
with the feedback value Y1 or Y2, when realized by a fully
differential circuit, for example, the selection is easily
achieved by polarity selection of the two signal paths.

The feedforward coefficients al-a4 and the feedforward
adder 170 are realized as a single switched capacitor circuit
that represents the ratios between the coefficients al-a4 in
terms of the ratios of the four sampling capacitors. The
switched capacitor circuit simultaneously functions as a sam-
pling capacitor circuit for inputting to the first quantizer 102
which outputs the first decision value Y1. At the same time, it
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feeds the first decision value Y1 back to the input adder via the
first feedback path, which is realized by the foregoing
switched capacitor circuit, to be subtracted from the next
input sampling X.

Likewise, the internal stage output 105 is realized by shar-
ing the switched capacitor circuit for inputting to the second
1.5-bit quantizer 106. It samples the value of the output 141 of
the first integrator 131, compares it with the positive or nega-
tive decision reference value. If the output value is +Vth or
more, m-Vref is subtracted from the next input sampling X
and if it is —Vth or less, —m-Vref is subtracted therefrom.

When expressing the foregoing operation under the
assumption that the values of the individual integrator outputs
141-144 at a certain sampling point n are V1(n)-V4(n), the
input is X(n), and the two quantizer outputs are Y1(») and
Y2(n), then

V1(n)=V1(n-1)+X(n)-Y1(n-1)-Vref-Y2(n-1)-Vref
V2(n)=V2(n-1)+V1(#n)
V3(n)=V3(n-1)+V2(n)-b0-V4(n-1)

VA(n)=VA(n-1)+V3(n)

As forY1(n), assuming that the feedforward addition result
is Sum(n), and by using

Sum(r)=al-V1(r)+a2-V2(r)+a3-V3(n)+a4- Vi)
and placing the analog reference potential at zero, then

Y1(n)=1, if Sum(#)>0 and

Y1(n)=-1, if Sum(#)<0

As for Y2(n), comparing the first integrator output V1(n)
with the decision reference value £Vth, then

Y2(n)=m, if V1(n)>Vth,
Y2(n)=0, if Vth>V1(n)>-Vth

Y2(n)=-m, if -Vth>V1(n)

As in the first embodiment shown in FIG. 1, when the
absolute value of the input signal X(n) is sufficiently small
such as —6 dB or less in the present embodiment, the indi-
vidual integrator outputs V1(»)-V4(n) do not swing greatly,
and can achieve the same stable operation as the conventional
fourth-order delta-sigma modulator. More specifically, the
value ofthe internal stage V1(»2) monitored is within the range
of +Vth--Vth, as a result of which Y2(7)=0 and the second
feedback does not operate and the final output Y(n)=Y1(»). In
contrast, when the absolute value of the input signal X(n) is
large and keeps -6 dB or more, the first integrator output
V1(z) begins to swing greatly at first. In response to the value
of V1(n), the output of the 1.5-bit quantizer 106 becomes
Y2(7)=tm, and +m-Vrefis fed back to the input adder 110 via
the second feedback path 112 to be subtracted from the next
sampling data X(n+1).

The second feedback, contributing simultaneously with
the first feedback, enables the sufficiently large value to be
subtracted from the input full scale instantaneously, thereby
being able to suppress the next internal stage value V(n+1) to
a value small enough. In addition, monitoring the first stage
makes is possible to reduce the delay of the second feedback
to one sampling delay, which enables implementation of a
sufficiently stable system. Incidentally, when it occurs that
Y2(z)=tm, the operational unit 115 can calculate the final
output Y by adding Y1 and Y2 in the same manner as the
foregoing first embodiment.
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Incidentally, the decision reference value £Vth in the sec-
ond feedback is a value to be determined in accordance with
the selection of the individual integrator gains K1-K4 and the
coefficients al-a4 and b0 and the like, and can usually be
decided by the simulation inspection at the system level. In
addition, although the value £Vth is normally fixed to a pre-
scribed value, it is also possible to use a variable in accor-
dance with a purpose or input condition.

The present embodiment has been described by way of
example employing the discrete time delta-sigma modulator
using the switched capacitor circuit to simplify the explana-
tion. However, it is obvious that a continuous time delta-
sigma modulator can also be implemented easily by con-
structing each integrator in FIG. 3 from an input resistor, an
integrating capacitor and an operational amplifier, for
example; by forming each coefficient by an analog adder that
represents it by an input resistance ratio; and by expressing
the addition of the first and second feedback values and the
input X by input resistors to the first integrator. As could be
expected, it is also possible to use the so-called Gm cells
instead of the input resistors.

In any case, the fourth-order delta-sigma modulator shown
in FIG. 3 can suppress the quantizing noise in the signal
bandwidth below -100 dB by the oversampling ratio of
64-times. In addition, it can determine the analog character-
istics of the A/D converter such as the final S/N ratio and
dynamic range in such a manner that the analog noise of the
switched capacitor circuit such as the kT/C noise and opera-
tional amplifier noise becomes dominant. In this case, as
described in the first embodiment, good characteristics that
do not contribute to the second feedback are achieved at lower
power consumption when the input signal is small such as -6
dB or less. In contrast, when the input signal is large such as
-6 dB or more, the second feedback makes it possible to
maintain the stability equivalent to that of the gain scaling
method. In addition, as the final output Y, the 1-bit PDM
signal is obtained which has a wide dynamic range with a duty
ratio of 0%-100%.

Next, a third embodiment in accordance with the present
invention will be described.

FIG. 4 is a block diagram showing a fourth-order analog
delta-sigma modulator using a plurality of integrator outputs
as the internal stage of the higher-order loop filter as the third
embodiment in accordance with the present invention. For the
sake of simplification of the explanation, an example is shown
which has the higher-order loop filter with a fourth-order
configuration as in the second embodiment. To describe a
more general application example, the present embodiment
employs all the four integrator outputs 141-144, has the indi-
vidual integrator outputs 141-144 connected to four dynamic
feedback paths 181-184, and inputs the addition result of a
dynamic feedback adder 185 in accordance with the ratios
between coefficients b1-b4 to the second 1.5-bit quantizer
106 as the internal stage output 105. The configuration makes
it possible to monitor all the output conditions V1(r)-V4(r) in
the fourth-order integrator, thereby being able to increase the
flexibility in a real circuit design. The basic operation is as
follows. Assuming that the addition result of the dynamic
feedback adder 185 is Sum2(»), then comparing

Sum2(#)=b1-V1(m)+b2-V2(1)+b3-V3(n)+b4-VA(n)
with the decision reference value +Vth, Y2(») is given by
Y2(n)=m, if Sum2(»)>Vth

Y2(n)=0, if "th>Sum?2(»)>-Vth and

Y2(n)=-m, if —Vth>Sum2(»)
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The remaining operation is the same as that of the foregoing
second embodiment.

The present embodiment is generalization as an example of
the fourth-order integrator, and is generally usable by a sys-
tem of a second-order or higher. In addition, if it is not nec-
essary to monitor all the outputs of the integrators such as
monitoring only the first integrator output and second inte-
grator output, it is obvious that the third coefficients b3 and
fourth coefficients b4 should be placed at zero.

The foregoing description is made about an example that
employs a cascade connection configuration of the integra-
tors as a higher-order loop filter, that is, about a low-pass type
delta-sigma modulator. However, as the higher-order loop
filter, a similar configuration is also possible using the so-
called bandpass type delta-sigma modulator or high-pass type
delta-sigma modulator having bandpass characteristics or
high-pass characteristics.

Next, an embodiment of the 1.5-bit quantizer 106
described in the first to third embodiments will be described
briefly with reference to FIGS. 5A and 5B.

FIGS. 5A and 5B are diagram for explaining an example of
the operation of the 1.5-bit quantizer in detail. For the sake of
simplification of the explanation, FIGS. 5A and 5B shows a
single end type. The 1.5-bit quantizer 106 is normally com-
posed of a fully differential circuit when the higher-order loop
filter 101 is a fully differential circuit, but is composed of a
single end circuit when the higher-order loop filter 101 is a
single end circuit. Here, to simplify the explanation, the
description will be made by the single end circuit configura-
tion. As the 1.5-bit quantizer 106, the so-called window com-
parator basically composed of two quantizers 106a and 1065
is used, for example, and a logic circuit 106¢ is added as
needed. The quantizer 106a compares the internal stage out-
put So with the positive decision reference value +Vth to
make a decision and outputs Y2+, and the quantizer 1065
compares the internal stage output So with the negative deci-
sion reference value —Vth to make a decision and outputs
Y2-. According to the two outputs Y2+ and Y2-, the logic
circuit 106¢ outputs Y2 in accordance with a truth table. The
logic outputs of the two quantizers will be given as follows,
when expressing High=H and Low=L..

Y24=H, Y2-=L, and Y2=+m, if So>+Vth
Y2+=L, Y2-=L, and ¥2=0, if +Vth>So>-Vth
Y24=L, Y2-=H, and Y2=-m, if -Vth>So

Accordingly, the value Y2 takes one of the three values +m, 0,
and —m, and hence the circuit functions as the 1.5-bit quan-
tizer.

Incidentally, as for m in the present embodiment, which
represents the gain value in the second feedback, although it
is assumed to be an integer normally, it can be other than an
integer as described in the previous embodiment. In addition,
the logic circuit 106¢ is not essential, and can be removed if
the foregoing Y2+ and Y2- are directly used by the second
feedback path 112 and operational unit 115 in such a manner
that the function equivalent to the Y2 output in the truth table
is realized.

Next, the operation of the operational unit 115 explained in
the first to third embodiments will be described in more detail.

FIG. 6 is a block diagram showing an embodiment for
explaining the operation of the operational unit 115 by way of
example which employs an up/down counter as a component
for temporarily storing the foregoing Y2(z), and uses Y2+ and
Y2- directly as Y2; and FIG. 7 is a timing chart for explaining
the basic operation of the operational unit 115 shown in FIG.
6.
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The present embodiment shows a case where the second
feedback gain m=2. Besides, as the 1.5-bit quantizer output
Y2(n), the positive side decision result Y2+(n) and negative
side decision result Y2—(n) before combining them by the
logic circuit 106¢ shown in FIG. 5A are used. The up/down
counter 301 is initially reset via a reset terminal 318, and
operates at falling edges of an operation clock signal 317. It
has two up-signal input terminals 302 and 309 and two down-
signal input terminals 303 and 308. Its internal counter is
bipolar, which can handle both positive and negative values,
and cope with values from the positive maximum value
SP_max to the negative maximum value SM_max.

The positive decision result output Y2+(n) from the 1.5-bit
quantizer 106 is connected to UP1, the first up-signal input
terminal 302, and the negative decision result output Y2-(n)
is connected to DOWN1, the first down-signal input terminal
303. The two decision results are brought into the internal
counter at the falling edges of the operation clock signal so as
to up the counter by +1 or down by —1. More specifically,
when Y2+(n)=H, the internal counter value is made +1, and
when Y2-(n)=H, the internal counter value is made -1, and
when Y2+(n)=L. and Y2-(n)=L, the internal counter value is
maintained. Since the internal counter value undergoes
up/down operation by the falling edges of the operation clock
signal, the internal counter can accumulate Y2 results up to
the last sampling and store as its value. Accordingly, in the
sense that the internal counter value represents the result up to
the first previous sampling, by using a symbol (n-1), the
internal counter value is represented by S(n-1). As two output
terminals for producing the output signal only when the
counter value is positive or negative, a positive side output
SO+(n-1) designated by the reference numeral 304 and a
negative side output SO—(n-1) designated by 305 become as
follows.

SO+(n-1)=H, SO-(n-1)=L, if S(2-1)>0
SO+(n-1)=L, SO—(n-1)=H, if S(n-1)<0

SO+(n-1)=L, SO—(n-1)=L, if S(x-1)=0

When S(n-1)>0, the positive side output SO+(n-1) is sub-
jected to an AND decision between it and an inverted signal
314 of'the first quantizer output Y1(z) by an AND circuit 306,
and its AND result 308 is connected to a second down-signal
input terminal DOWN2 of the up/down counter. Accordingly,
when the internal counter value S(n-1) becomes positive,
SO+(n-1) becomes H, and after waiting until Y1(z)=L
appears, the AND circuit output 308 becomes H, and then the
falling edge of the next operation clock signal makes the
internal counter value —1. At the same time, the H state of the
AND circuit output 308 is transferred to the selection
instructing terminal 3158 of a selector 315 via an OR circuit
310 so that an inverted signal 314 of Y1(») is output to Y(n).
Incidentally, the selector 315 selects an H-selecting time
input terminal 315HI to enable output when the selection
instructing terminal 3158 is H, and selects an L-selecting time
input terminal 31501 to enable output when the selection
instructing terminal 3158 is L.

The foregoing operation is shown simply at locations
denoted by sampling numbers n=4-6 in the timing chart of
FIG. 7. At sampling number n=4, Y2+(n) becomes H. As a
result, the internal counter value S(n-1) changes from O to +1
at timing n=5. At the same time, it changes the positive side
output SO+(n-1) to H, and waits for Y1(z) to become L. Here,
since Y1(») becomes L. immediately at the timing of n=5, the
AND logic result 308 between SO+(n-1) and the inverted
signal 314 of Y1(») becomes H. Thus, the selector selection
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instructing terminal 315S becomes H so that the selector 315
selects the H-selecting time input terminal 315HI to select the
inverted signal 314 of Y1(») In other words, the level H, the
result of inverting Y1(z) is output as Y(n). The present
example, which sets the second feedback gain at m=2, outputs
the following addition result as the final output Y(n) as
described in detail in the foregoing first embodiment.

Y(n=5)=Y1 (1=5)+V2(n=A)=-1+2=+1

In addition, at the timing of n=6, the internal counter value
S(n-1) is returned from +1 to 0 because the H output of the
AND logic result 308 is connected to the DOWN2 terminal.

In contrast, when S(n-1)<0, the negative side output SO-
(n-1) is subjected to an AND decision between it and the
noninverted signal 313 of the first quantizer output Y1(») by
an AND circuit 307, and its AND result 309 is connected to a
second up-signal input terminal UP2 of the up/down counter.
Accordingly, when the internal counter value S(n-1)
becomes negative, SO-(n-1) becomes H, and after waiting
until Y1(z)=H appears, the AND circuit output 309 becomes
H, and then the falling edge of the next operation clock signal
makes the internal counter value +1. At the same time, the H
state of the AND output 309 is transferred to the selection
instructing terminal 3158 of the selector 315 via the OR logic
310 so that the inverted signal 314 of Y1(») is output to Y(n).

The foregoing operation is shown simply at locations
denoted by sampling numbers n=10-12 in the timing chart of
FIG. 7. At sampling number n=10, Y2-(n) becomes H. As a
result, the internal counter value S (n-1) changes from O to -1
attiming n=11. At the same time, it changes the negative side
output SO—(n-1) to H, and waits for Y1(») to become H.
Here, since Y1() becomes H immediately at the timing of
n=11, the AND logic result 309 between SO-(n-1) and the
noninverted signal 313 of Y1(») becomes H. Thus, the selec-
tor 315 selects the H-selecting time input terminal 315HI to
select the inverted signal 314 of Y1(»). In other words, the
level L, the result of inverting Y1(»), is output as Y(n). The
present example, which sets the second feedback gain atm=2,
outputs the following addition result as the final output Y(n)
as described in detail in the foregoing first embodiment.

Yn=11)=Y1(n=11)+¥2(2=10)=+1-2=—1

Inaddition, atthe timing of n=12, the internal counter value
S(n-1) is returned from -1 to 0 because the H output of the
AND logic result 309 is connected to the UP2 terminal.

Incidentally, as shown in FIG. 7, when neither Y2+(n)=H
or Y2-(n)=H occurs, and the state of the internal counter
value S(n-1)=0 continues, the selector selection instructing
terminal 3158 is always maintained at L. Thus, the selector
315 selects the L-selecting time input terminal 31501, and the
final output Y(n) continues to produce the same value as the
first quantizer output Y1(»).

In addition, although FIG. 7 shows only examples in which
the internal counter value S(n-1) is +1 or -1, the internal
counter value S(n-1) can be +2 or more or -2 or less depend-
ing on the input conditions. In this case, the operation is the
same as described above.

Furthermore, as the upper limit values of the internal
counter value, the present example sets the positive maximum
value SP_max and the negative maximum value SM_max so
that the internal counter value does not exceed the two limit
values. This is because the basic operation of the up/down
counter is the same as an accumulator, and hence aiming at
circumventing the phenomenon that the counter value
changes to the opposite polarity when an overflow occurs in
the case of lacking the limits at both the limit values. The
limits do not have any adverse effect on the characteristics of
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the delta-sigma modulator if necessary and sufficient values
are set as both the maximum values.

Although the present embodiment shows a concrete
example for m=2, in the case of the foregoing m=1, the same
circuit as in the case of m=2 becomes feasible by setting, for
example, the decision reference for the internal counter value
at +2 or more and at -2 or less to produce two outputs SO+
and SO-, and by setting at +2 or -2 the up/down value of the
counter in response to the second up/down signals UP2 and
DOWN2 based on the outputs. Likewise, when m is a decimal
fraction rather than an integer, various components can be
devised. For the sake of simplicity, when m=%5=0.666 . . . , it
is enough for the foregoing operation to be executed while
outputting Y2 three times. Accordingly, the same circuit as in
the case of m=2 becomes feasible by setting the decision
reference for the internal counter value at +3 or more and at -3
or less to produce two outputs SO+ and SO-, and by setting at
+3 or -3 the up/down value of the counter value in response to
the second up/down signals UP2 and DOWN2 based on the
outputs.

As described above as to the plurality of embodiments,
according to the present invention, in the delta-sigma modu-
lator including the higher-order loop filter of a second order or
higher, a stable modulator can be provided which eliminates
the overload problem or oscillation at the time of excessive
input by monitoring the internal condition of the higher-order
loop filter and by causing the second feedback function to
operate when necessary. It can obviate the need for the con-
ventional gain scaling method, and obtain the 1-bit PDM
signal output Y as the final output by combining the two
output signals. As for the duty ratio of the 1-bit PDM output
signal Y, it is possible to implement the output with the duty
ratio close to 0%-100% which is impossible by the gain
scaling method, thereby being able to achieve the wider out-
put dynamic range.

In addition, according to the present invention, the stable
1-bit PDM signal output type delta-sigma modulator can be
provided not only for the low-pass type using a high-order
integrator, but also for the bandpass type or high-pass type
delta-sigma modulator with an order equivalent to or higher
by monitoring the internal condition necessary and by oper-
ating the second feedback function as needed.

Furthermore, the present invention is also applicable not
only to a discrete time delta-sigma modulator assuming a
switched capacitor circuit, but also to a continuous time delta-
sigma modulator easily by implementing the higher-order
loop filter with continuous time circuit components.

Besides, according to the present invention, a stable, higher
output duty ratio delta-sigma modulator for a variety of appli-
cations can be provided because of the great freedom of
choice of the method of monitoring the internal condition of
the higher-order loop filter, of the method for activating the
second feedback function only when necessary, and of the
method of selecting the second feedback gain, and at the same
time because of the feasibility of the 1-bit PDM signal Y as the
final output with a simple circuit.

In addition, according to the present invention, a wide
dynamic range, low power consumption delta-sigma modu-
lator can be provided because it can reduce the power wasted
by the gain scaling method and reduce the analog noise such
as the kT/C noise by activating the second feedback only
when necessary.

Furthermore, although it is desirable to make use of the
basic concept in accordance with the present invention in an
analog delta-sigma modulator serving as an A/D converter, it
is also applicable to a digital delta-sigma modulator whose
higher-order loop filter is realized by a digital adder and a
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register. It is obvious that the 1-bit PDM signal output from
the digital delta-sigma modulator is also applicable to the
so-called 1-bit delta-sigma type D/A converter for perform-
ing 1-bit D/A conversion.

While the present invention has been described with refer-
ence to exemplary embodiments, it is to be understood that
the invention is not limited to the disclosed exemplary
embodiments. The scope of the following claims is to be
accorded the broadest interpretation so as to encompass all
such modifications and equivalent structures and functions.

What is claimed is:

1. A delta-sigma modulator comprising:

a higher-order loop filter having a plurality of internal
stages and receiving an analog input signal;

a 1-bit quantizer for making a decision as to whether output
ofthe higher-order loop filter is positive or negative with
respect to an analog reference potential, and for output-
ting a first output signal Y1;

a first feedback component for carrying out D/A conver-
sion of the first output signal Y1 to a negative or positive
full scale level of the analog input signal, and for feeding
it back to an input stage of the higher-order loop filter;

a 1.5-bit quantizer for making a decision that an output
value of a prescribed internal stage of the plurality of the
internal stages, inclusive of the polarity of the output
value, exceeds a predetermined reference value, and for
outputting a second output signal Y2;

a second feedback component for carrying out D/A con-
version of the second output signal Y2 to m times a
negative or positive full scale level of the analog input
signal, and for feeding it back to the input stage of the
higher-order loop filter; and

an operational unit for generating a 1-bit PDM signal Y by
performing operations on the first output signal Y1(+1,
-1) and the second output signal Y2(+m, 0, -m).

2. The delta-sigma modulator as claimed in claim 1,

wherein

the higher-order loop filter is a higher-order integrator con-
structed by connecting two or more integrators in cas-
cade, and wherein outputs of the plurality of integrators
correspond to the plurality of internal stages constituting
the higher-order loop filter.

3. The delta-sigma modulator as claimed in claim 1,

wherein

the higher-order loop filter comprises an n-order integrator
constructed by connecting two or more integrators in
cascade; and a component for adding outputs of the n
integrators in accordance with prescribed ratios al - an,
and for supplying an addition result to the 1-bit quan-
tizer, and wherein the outputs of the n integrators corre-
spond to n internal stages of the higher-order loop filter.

4. The delta-sigma modulator as claimed in claim 1,

wherein

the higher-order loop filter has one of a low-pass charac-
teristic, bandpass characteristic and high-pass character-
istic, each of which is composed of a plurality of opera-
tional amplifiers, and wherein outputs of the plurality of
operational amplifiers correspond to the plurality of
internal stages constituting the higher-order loop filter.

5. The delta-sigma modulator as claimed in claim 1,

wherein

the 1.5-bit quantizer is a window comparator composed of
two comparators;

the decision reference value is a positive decision reference
value +Vth and a negative decision reference value -Vth
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with respect to the analog reference potential when the
higher-order loop filter has a single end circuit configu-
ration;

the decision reference value is a positive decision reference
value +Vth and a negative decision reference value -Vth
as a fully differential signal when the higher-order loop
filter has a fully differential circuit configuration; and

as the second output signal Y2, +m is output when the
prescribed internal stage output level is +Vth or more,
—-m is output when it is —Vth or less, and zero when it is
between +Vth and —Vth.

6. The delta-sigma modulator as claimed in claim 1,

wherein

the prescribed internal stage in the higher-order loop filter
is the most effective internal stage for a loop stability or
for circumventing overload, and is a single internal stage
or a result of adding outputs of the plurality of internal
stages at prescribed ratios.
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7. The delta-sigma modulator as claimed in claim 1,
wherein
the first output signal Y1 is a 1-bit PDM signal intended to
take +1 or -1, and the second output signal Y2 is a 1.5-bit
PDM signal intended to take +m or —m or 0, and wherein
the second output signal Y2 is temporarily stored in the
operational unit, is added to the first output signal Y1 in
accordance with the polarity and gain m of the second
output signal Y2 when an opposite polarity signal
appears in the first output signal Y1, and is output to the
PDM signal Y.
8. The delta-sigma modulator as claimed in claim 7,
wherein
the feedback gain m from the 1.5-bit quantizer is an integer
normally, and unless it is an integer, the feedback gain m
undergoes correction by the operational unit before the
1-bit PDM signal Y is output.

#* #* #* #* #*





