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1. 

AX D/A CONVERTER, SIGNAL PROCESSING 
CIRCUIT INCLUDING THE SAME, AND 

ELECTRONIC APPARATUS 

CROSS-REFERENCE TO RELATED 
APPLICATION 

This application is based upon and claims the benefit of 
priority from Japanese Patent Application No. 2014-075757, 
filed on Apr. 1, 2014, the entire contents of which are 
incorporated herein by reference. 

TECHNICAL FIELD 

The present disclosure relates to a AXD/A converter. 

BACKGROUND 

AAX, D/A converter is known as an example of a D/A 
converter for converting a digital signal to an analog signal. 
FIG. 1A is a block diagram of a signal processing circuit 2r 
including a AX. D/A converter. The AX. D/A converter 100r 
includes a AE modulator 12, a dynamic element matching 
circuit 14 and a D/A converter 22. The AX modulator 12 
AX-modulates an input digital data D. The D/A converter 
22 converts a digital data output from the AX modulator 12, 
which has a gradation level from n+1 (0 to n) levels, to an 
analog Voltage V, having a corresponding gradation level 
from corresponding n+1 (0 to n) levels. 

FIG. 1B is a circuit diagram of the D/A converter 22 of a 
switched capacitor type, which is used in FIG. 1A. The D/A 
converter 22 includes in capacitors C1 to Cn, a plurality of 
switches CK1, CK2, SW1 to SWn and SWb1 to SWbn, an 
operational amplifier 26 and capacitors Cint and Cf. The n 
capacitors C1 to Cn have the same capacitance. 
The D/A converter 22 alternates between a first state (p1 

and a second State (p2 in Synchronization with a clock. The 
switch CK1 is turned on in the first state (p1 and turned off 
in the second state (p2. The switch CK2 is turned on in the 
second state p2 and turned off in the first state (p1. 
Assuming that an input value to the D/A converter 22 is 

x, among then switches SW1 to SWn, x switches are turned 
on and the remaining (n-x) switches are turned off. Ani" (1 
sisn) complementary Switch SWbi operates in a comple 
mentary fashion to the corresponding switch SWi. At this 
time, in the first state (p1, X capacitors C1 are charged at a 
high level voltage VH-VM and the remaining (n-X) capaci 
tors are charged at a low level voltage VL-VM. Subse 
quently, in the second state (p2, the n capacitors C1 to Cn are 
connected to the capacitors Cint and Cf. At this time, 
according to the conservation law of charge, an output 
Voltage V of the operational amplifier 26 is a Voltage 
proportional to the number X of selected switches SW. 

Returning to FIG. 1A, the dynamic element matching 
circuit 14 selects the X Switches SW, which are to be turned 
on, in accordance to data output from the AX modulator 12. 
In an actual D/A converter 22, capacitances and Switch 
impedances are not uniform. In order to eliminate this 
non-uniformity, the dynamic element matching circuit 14 
dynamically Switches cells (combinations of capacitors and 
Switches) used cyclically or randomly. The dynamic element 
matching contributes to prevention of heat from concentrat 
ing at a certain portion in the D/A converter 22 and also to 
noise reduction. 

Instead of the Switched capacitor type, a current segment 
type, which is illustrated in FIG. 1C, may be used as the D/A 
converter 22. In this case, the D/A converter 22 includes a 
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2 
plurality of switches SW1 to SWn, a plurality of current 
sources CS1 to CSn, resistors Ri and Rf, a capacitor Cfand 
an operational amplifier 26. Assuming that an input value to 
the D/A converter 22 is x, among the n switches SW1 to 
SWn, X Switches are turned on and the remaining (n-X) 
Switches are turned off. Assuming that a unit current gen 
erated by one current CS is Ic, a voltage drop of the resistor 
Ri is RixIcxx, which is in proportion to the input value X. 
The operational amplifier 26 inverts and amplifies the volt 
age of the resistor Ri. An output voltage V of the 
operational amplifier 26 is a Voltage proportional to the 
number X of selected switches SW. 
An analog signal processing circuit 24 Such as an ampli 

fier or the like is provided in the subsequent stage of the D/A 
converter 22. In the signal processing circuit 2r, the AX 
modulator 12 and the dynamic element matching circuit 14 
form a digital part 10, and the D/A converter 22 and the 
analog signal processing circuit 24 form an analog part 20. 
The present inventor has studied the signal processing 

circuit 2r of FIG. 1A and has come to recognize the 
following problems. FIG. 2 is a graphical view showing 
noise characteristics of the AX. D/A converter 100r of FIG. 
1A. A solid line indicates a spectrum of the digital part 10. 
As for the spectrum of the digital part 10, a noise component 
is pushed away outside a signal band due to oversampling 
and noise shaping according to the AX modulation. 

FIG. 2 shows a noise floor level of the digital part 10 and 
a noise floor level of the analog part 20. A dashed line 
indicates a spectrum of the entire signal processing circuit 2r 
including the digital part 10 and the analog part 20. An S/N 
ratio (i) of the entire signal processing circuit 2r is worse 
than the theoretical S/N ratio (ii) of only the digital part 10 
by the noise floor of the analog part 20. 

SUMMARY 

The present disclosure provides some embodiments of a 
AX. D/A converter, which is capable of improving an S/N 
ratio of the entire signal processing circuit. 

According to an aspect of the present disclosure, there is 
provided a AX. D/A converter for converting a digital input 
data to an analog output signal. The AX. D/A converter 
includes a AX modulator configured to generate a first data 
by AX-modulating the digital input data; a digital filter 
configured to generate a second data by Smoothing the first 
data; and a D/A converter configured to convert the second 
data to the analog output signal. 
The first data generated by the AX modulator has a peak 

of a very high frequency component. The peak is removed 
from the first data by the digital filter and thus, the theo 
retical S/N ratio of a digital part is deteriorated. However, 
signal amplitude S of an analog part is magnified by mag 
nifying the amplitude of the second data. Accordingly, when 
a noise floor of the analog part is dominant, the S/N ratio of 
the entire signal processing circuit can be improved. 
The digital filter may be configured to be switchable 

between an active state and an inactive state. If the digital 
filer is switched to the inactive state, the digital filter may 
output the first data as the second data. The AX modulator 
may include a quantizer provided in an output stage of the 
AX modulator. The quantizer may be configured so that a 
number of gradation levels of the quantizer can be changed, 
depending on a state of the digital filter. The digital filter 
may be turned on if the noise level of the analog part in the 
Subsequent stage of the AX. D/A converter is large and may 
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be turned off if the noise level of the analog part is small so 
that a high S/N ratio can be achieved in various circumfer 
CCCS. 

The digital filter may include a FIR digital filter with k 
stages (k is a natural number), each of which has a coeffi 
cient of 1. 
The number of stages of the FIR digital filter may be 

changeable. 
A plurality of selectable analog signal paths may be 

provided in a Subsequent stage of the AX. D/A converter. An 
operation of the digital filter may vary depending on a 
selected path among the plurality of selectable analog signal 
paths. 
The AX. D/A converter may further include an amplitude 

fine adjusting unit that is provided in a front stage of the AX 
modulator and finely adjusts amplitude of the digital input 
data. With this configuration, the amplitude of the input data 
of the D/A converter 22 can be maximized within a range 
where no signal distortion is generated in the D/A converter 
22, which results in further improvement of the S/N ratio. 
The digital input data may be an audio signal. 
According to another aspect of the present disclosure, 

there is provided a signal processing circuit 2 including: the 
above-described AX. D/A converter configured to convert a 
digital audio signal to an analog audio signal; and an analog 
signal processing circuit configured to Subject an output 
signal of the AX. D/A converter to a predetermined signal 
processing. 

According to still another aspect of the present disclosure, 
there is provided an electronic apparatus including the 
above-described signal processing circuit. 
Any combinations of the above-described elements or 

changes of the representations of the present disclosure 
between methods and apparatuses are effective as embodi 
ments of the present disclosure. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1A is a circuit block diagram of a signal processing 
circuit including a AX. D/A converter, FIG. 1B is a circuit 
diagram of the D/A converter of a Switched capacitor type 
used in 

FIG. 1A and FIG. 1C is a circuit diagram of the D/A 
converter of a current segment type used in FIG. 1A. 

FIG. 2 is a graphical view showing noise characteristics 
of the AX. D/A converter of FIG. 1A. 

FIG. 3 is a circuit block diagram of a signal processing 
circuit including a AX. D/A converter according to an 
embodiment. 

FIG. 4A is a view showing a configuration example of a 
AX modulator and FIG. 4B is a view showing a configuration 
example of a digital filter. 

FIG. 5A is a waveform diagram of an analog signal 
representing an input data to the D/A converter and FIG. 5B 
is a waveform diagram showing output characteristics of the 
digital filter. 

FIG. 6 is a waveform diagram of an output voltage of the 
signal processing circuit of FIG. 3. 

FIG. 7 is a graphical view showing noise characteristics 
of the signal processing circuit of FIG. 3. 

FIG. 8 is a block diagram of a signal processing circuit 
according to a first modification. 

FIG. 9 is a block diagram of an electronic apparatus 
including the signal processing circuit. 

DETAILED DESCRIPTION 

Embodiments of the present disclosure will now be 
described with reference to the drawings. Throughout the 
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4 
drawings, the same or equivalent components, members, 
and processes are denoted by the same reference numerals 
and a repeated description thereof will be properly omitted. 
Also, the disclosed embodiments are merely examples and 
do not limit the present disclosure, and any feature or 
combination thereof described in the embodiments may not 
necessarily be essential to the present disclosure. 

In the present disclosure, “a state in which a member A is 
connected to a member B' includes not only a case in which 
the member A and the member B are physically directly 
connected but also a case in which the member A and the 
member B are indirectly connected via any other member 
that does not affect an electrical connection state thereof. 

Similarly, “a state in which a member C is installed 
between a member A and a member B' includes not only a 
case in which the member A and the member C or the 
member B and the member C are directly connected but also 
a case in which the member A and the member C or the 
member B and the member C are indirectly connected 
through any other member that does not affect an electrical 
connection state therebetween. 

FIG. 3 is a block diagram of a signal processing circuit 2 
including a AX. D/A converter 100 according to an embodi 
ment. The signal processing circuit 2 includes the AX. D/A 
converter 100 and an analog signal processing circuit 24. 
The AX. D/A converter 100 converts digital input data D, 
input to an input terminal IN to an analog output voltage 
V. The analog signal processing circuit 24 subjects the 
output voltage V of the AX. D/A converter 100 to pre 
determined signal processing and outputs an analog signal 
S from an output terminal OUT. In the following 
description, for the purpose of easy understanding, it is 
assumed that the input data D, is an audio signal and the 
signal processing circuit 2 is an audio signal processing 
circuit. 
The input data Dry represents a 16 bit-audio waveform 

sampled at 48 kHz. 
The AX. D/A converter 100 includes a digital filter 16 and 

an amplitude fine adjusting unit 18, in addition to a AX 
modulator 12, a dynamic element matching circuit 14 and a 
D/A converter 22. The amplitude fine adjusting unit 18, the 
AX modulator 12, the digital filter 16 and the dynamic 
element matching circuit 14 form a digital part 10, and the 
D/A converter 22 and the analog signal processing circuit 24 
form an analog part 20. 
The AX modulator 12, the dynamic element matching 

circuit 14 and the D/A converter 22 are the same as 
described with reference to FIG. 1A. The D/A converter 22 
of a Switched capacitor type is provided with n input taps. In 
this embodiment, for example, n may be 16 or 32. 
The amplitude fine adjusting unit 18 receives the input 

digital data D, and finely adjusts an amplitude by multi 
plying a value of the data by a gain f3. The amplitude fine 
adjusting unit 18 will be described in more detail later. 
The AX modulator 12 generates a first data S1 by 

AX-modulating the input digital data D, which is output 
from the amplitude fine adjusting unit 18. Specifically, the 
AX modulator 12 generates the first data S1 having a 
gradation level from m+1 (0 to m) levels, by oversampling 
and AX-modulating the input digital data Dr. While in the 
signal processing circuit 2r of FIG. 1A, m is equal to n, in 
this embodiment, m is Smaller than n. 
The digital filter 16 generates a second data S2 by 

smoothing the first data S1. An output of the digital filter 16 
is a gradation level from n+1 (0 to n) levels. 
The D/A converter 22 of the switched capacitor type 

converts the second data S2, which is output from the digital 
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filter 16, to the analog output voltage V having a gra 
dation level corresponding to the second data S2, from n+1 
levels. The dynamic element matching circuit 14 is inter 
posed between the D/A converter 22 and the digital filter 16 
and dynamically switches cells of the D/A converter 22. 
The D/A converter 22 may be configured as shown in 

FIG. 1B. In addition, the D/A converter 22 may be in a 
single-ended form or a differential form. 

FIG. 4A shows a configuration example of the AX modu 
lator 12 and FIG. 4B shows a configuration example of the 
digital filter 16. The AX modulator 12 includes adders 30 1 
to 30 4, integrators 32 1 to 32 3, a quantizer 34 and a D/A 
converter 36. The configuration of the AX modulator 12 is 
well known in the art and, therefore, detailed explanation of 
which is omitted. The quantizer 34 quantizes its input value 
to m+1 (0 to m) gradation levels. The order of the AX 
modulator 12 is not particularly limited. 
The digital filter 16 of FIG. 4B includes a plurality of 

delay elements d1 to dk and a plurality of adders 40 1 to 
40 k. The digital filter 16 of FIG. 4B is a FIR type low pass 
filter in which a coefficient of each stage is 1. An i' delay 
element di (1sisk) delays its input by one clock. Ani" adder 
40 i (1sisk) adds an output of an (i-1)" adder 40 (i-1) and 
an output of the i' delay element di. For example, k may be 
3 or 4. 
The number of gradation levels m of the quantizer 34 is 

set to have a relationship of CXmsn, where C. is a gain of the 
digital filter 16. In order to make the theoretical S/N ratio of 
the digital part 10 as high as possible, it is preferable to 
maximize k within a range satisfying the relationship of 
OXs. 

where max(x) represents the largest integer which does 
not exceed X. 
When the digital filter 16 is composed of k stages, the 

maximum value of the gain C. may he regarded as k. 
Therefore, th may be determined to be set to max(n/k). As 
one example, m=5 for 1=16 and k=3. 

FIG. 5A is a waveform diagram of an analog signal 
representing an input data of the D/A converter 22. FIG. 5B 
is a waveform diagram showing output characteristics of the 
digital filter 16. Vertical and horizontal axes of time charts 
and waveform diagrams in the drawings are appropriately 
extended or reduced for the purpose of easy understanding. 
In addition, the waveforms shown herein are simplified or 
emphasized for the purpose of easy understanding. Since the 
output voltage V of the D/A converter 22 is Smoothed by 
the capacitor Cf of the output stage of the D/A converter 22, 
it has a waveform smoother than the waveform shown in 
FIG.S.A. 
The upper part of FIG. 5B shows data S1' obtained by 

multiplying the first data S1 having a gradation level from 
(n+1) levels, which corresponds to the waveform sur 
rounded by dashed lines in FIG.5A and is input to the digital 
filter 16, by C. The lower part of FIG. 5B shows the second 
data S2. Sharp peaks included in the first data S1 are cut and 
smoothed by the digital filter 16. That is, the effective 
number of gradation levels of the second data S2 is 
decreased from (n+1) to (n+1-p) by the digital filter 16. 
Here, p is an integer. For example, for p=1, 17 gradation 
levels is decreased to 16 gradation levels. 

Returning to FIG. 3, the amplitude fine adjusting unit 18 
multiplies the input digital data Dry by a coefficient (or gain) 
B. The coefficient B is set to be as large as possible such that 
the maximum value of the second data S2 output from the 
digital filter 16 does not exceed then level. The gain C. of the 
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6 
digital filter 16 has substantially a precision of integer, 
whereas the gain B of the amplitude fine adjusting unit 18 
has a precision of decimal. 
The configuration of the signal processing circuit 2 has 

been described above. Subsequently, an operation thereof 
will be described. 

FIG. 6 is a waveform diagram of an output voltage of the 
signal processing circuit 2 of FIG. 3. FIG. 6 also shows the 
output Voltage of the signal processing circuit 2r of FIG. 1A, 
which is indicated by a dashed-dotted line (ii), for the 
purpose of comparison. 

Referring first to the dashed-dotted line (ii), in the signal 
processing circuit 2r of FIG. 1A, the input of the D/A 
converter 22 has a peak. Therefore, the signal amplitude is 
so limited to fit this peak within the maximum gradation 
level n of the D/A converter 22. 

In contrast, according to the signal processing circuit of 
FIG. 3, by providing the digital filter 16, the peak is removed 
from the input of the D/A converter 22, as indicated by a 
solid line (i). By optimizing the gain C. of the digital filter 16 
and the gain B of the amplitude fine adjusting unit 18 as 
much as the peak was removed, the amplitude of the input 
of the D/A converter 22 is magnified within a range which 
does not exceed the maximum gradation level n, thereby 
magnifying a signal component propagating in the analog 
part 20. 

If the peak corresponding to one gradation level is cut by 
the digital filter 16, the amplitude of the signal component 
may be magnified up to n/(n-1) times. Thus, when a noise 
component in the analog part 20 is the same, the signal 
component relative to the noise component can be magni 
fied, thereby increasing a S/N ratio. 

FIG. 7 is a graphical view showing noise characteristics 
of the signal processing circuit 2 of FIG. 3. A solid line (i) 
indicates noise characteristics of the signal processing cir 
cuit 2 of FIG. 3 and a dashed line (ii) indicates noise 
characteristics of the signal processing circuit 2r of FIG. 1A. 
As can be seen from the Solid line (i), as the signal 
component is magnified, the S/N ratio for the same noise 
level may be increased. 
As one example, assume that the theoretical S/N ratio of 

the digital part 10 is 102 dB and the noise level is -98.1 
dB. In this case, if the signal level input to the analog part 
20 in the signal processing circuit 2r of FIG. 1A is -2.1 
dBV), the S/N ratio is 96 dB. In this regard, the theoretical 
S/N ratio of the digital part 10 in the signal processing circuit 
2 of FIG.3 is worsened to 98 dB. However, the signal level 
input to the analog part 20 is increased to -0.8 dBV and 
thus, the S/N ratio for the entire signal processing circuit 2 
is 97.3 dB, which is larger by 1.3 dB than that of FIG. 1A. 
The present disclosure has been described above by way 

of embodiments. The disclosed embodiments are illustrative 
only. It should be understood by those skilled in the art that 
various modifications to combinations of elements or pro 
cesses may be made and Such modifications fall within the 
scope of the present disclosure. Such modifications will be 
described below. 
(First Modification) 

FIG. 8 is a block diagram of a signal processing circuit 2a 
according to a first modification. In the signal processing 
circuit 2a, an analog signal processing circuit 24a of analog 
part 20 in the subsequent stage of a AX. D/A converter 100a 
has a plurality of switchable paths. 

For example, the analog signal processing circuit 24a 
includes a mixer circuit 27, a selector 28 and a driver 29. The 
mixer circuit 27 mixes an analog audio signal Sir to an 
output signal of the AX. D/A converter 100a. The selector 28 
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selects one of a signal output from the mixer circuit 27 and 
an output of the D/A converter 22. The driver 29 processes 
an output signal of the selector 28. 
A signal path which does not include the mixer circuit 27 

and a signal path which includes the mixer circuit 27 have 
different noise levels. Specifically, the noise level of the 
former is decreased. When the noise level of the analog 
signal processing circuit 24a is Small, deterioration of the 
theoretical S/N ratio due to the peak cut by the digital filter 
16 becomes remarkable. 

Then, the signal processing circuit 2a is configured to 
Switch between a state of the signal processing circuit 2 of 
FIG.3 and a state of the signal processing circuit 2r of FIG. 
1A. Specifically, a digital filter 16a may switch between an 
active state and an inactive state. In the inactive state, the 
digital filter 16a may output the first data S1 intact as the 
second data S2. For example, the digital filter 16a includes 
the above-described digital filter 16 and a selector 17. The 
selector 17 selects an output of the digital filter 16 in the 
active state and selects an output of the AX modulator 12 in 
the inactive state. 

The configuration of the digital filter 16a is not limited to 
that shown in FIG.8. For example, the number of stages of 
the FIR filter shown in FIG. 4B may be changed. When the 
number of stages is 1, the digital filter 16a may be config 
ured to be inactive. 

In addition, the quantizer 34 at the output stage of the AX 
modulator 12 is configured so that the number of gradation 
levels thereof may be changed in association with the state 
of the digital filter 16a. That is, the gradation levels of the 
quantizer 34 range from 0 to n when the digital filter 16a is 
inactive, while ranging from 0 to m when the digital filter 
16a is active. 
The gain B of the amplitude fine adjusting unit 18 may be 

also changed in association with the state of the digital filter 
16a. For example, the gain B may be 1 when the digital filter 
16a is inactive. 
The configuration of the signal processing circuit 2a has 

been described above. Here, it is assumed that a noise level 
of the path which includes the mixer circuit 27 is -98.1 
dBV and a noise level of the path which does not include 
the mixer circuit 27 is -101.1 dBv. 
When the path which includes the mixer circuit 27 is 

selected, the digital filter 16a becomes active and the num 
ber of gradation levels of the quantizer 34 becomes m. 
Accordingly, the S/N ratio of the entire signal processing 
circuit 2a is 97.3 dB, which is larger than the S/N ratio of 
96 dB when the digital filter 16a is inactive, like the 
embodiment. 
On the other hand, when the path which does not include 

the mixer circuit 27 is selected, if the signal processing 
circuit 2a operates with the digital filter 16a in the active 
state and the number of gradation levels of the quantizer 34 
as m, as shown in FIG. 3, the S/N ratio of the entire signal 
processing circuit 2a is 98 dB. In contrast, if the signal 
processing circuit 2a operates with the digital filter 16a in 
the inactive state and the number of gradation levels of the 
quantizer 34 as n, as shown in FIG. 1A, the S/N ratio of the 
entire signal processing circuit 2a is 99 dB. 

According to this modification, by Switching the opera 
tions of the digital filter 16 and the AX modulator 12, it is 
possible to realize a high S/N ratio in various circumferences 
where noise levels of the analog part 20 are different. 
(Second Modification) 

Although it has been described in the above embodiment 
that the gain a of the digital filter 16 has substantially the 
precision of integer and the gain B of the amplitude fine 
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8 
adjusting unit 18 has the precision of decimal, the present 
disclosure is not limit thereto. When the digital filter 16 is a 
FIR filter, the gain C. may have a precision of decimal by 
setting a coefficient of each stage with a precision of 
decimal. In this case, the amplitude fine adjusting unit 18 
may be omitted. In addition, the digital filter 16 is not limited 
to the FIR filter, but may be other types of filters. 
(Third Modification) 
The gain C. of the digital filter 16, in other words, the 

numberk of stages of the FIR filter, may be configured to be 
Switchable among multiple values, according to which the 
number m of gradation levels of the quantizer 34 of the AX 
modulator 12 may be also configured to be switchable. Thus, 
it is allowed to improve the S/N ratio in a more flexible 
a. 

(Fourth Modification) 
Although it has been described in the above embodiment 

that the D/A converter 22 is of a switched capacitor type, the 
present disclosure is not limited thereto. For example, the 
D/A converter 22 may be a D/A converter of a current 
segment type shown in FIG. 1C. That is, the D/A converter 
22 may be a type that includes a plurality of equally 
weighted circuit elements and outputs a Voltage or a current 
corresponding to a number of selected circuit elements. 

INDUSTRIAL APPLICABILITY 

Finally, an application of the signal processing circuit 2 
will be described. FIG. 9 is a block diagram of an electronic 
apparatus 500 including the signal processing circuit 2. The 
electronic apparatus 500 is an apparatus with an audio 
playback function, such as a mobile phone, a tablet terminal, 
an audio player, an audio component, a car audio system or 
the like. The electronic apparatus 500 includes an audio 
source 502 and an electro-acoustic transducer 504 in addi 
tion to the signal processing circuit 2. The audio source 502 
generates a digital audio signal Div. 
The signal processing circuit 2 includes a AX. D/A con 

verter 100 and an analog signal processing circuit 24. The 
analog signal processing circuit 24 includes a driver 29 and 
an analog filter 506. The AX, D/A converter 100 receives the 
digital audio signal D, and converts it to an analog audio 
signal V. The driver 29 of the analog signal processing 
circuit 24 drives the electro-acoustic transducer 504, such as 
a speaker, a headphone or the like, based on the analog audio 
signal V. The filter 506 removes noises from an output 
signal of the driver 29. 
By applying the signal processing circuit 2 to the elec 

tronic apparatus 500, it is possible to achieve high quality 
audio playback with a higher S/N ratio. 
The object to be processed by the signal processing circuit 

2 is not limited to the audio signal and its application is not 
limited to the electronic apparatus with the audio playback 
function. For example, the signal processing circuit 2 may 
be applied not only to an apparatus providing a signal 
processing with a higher S/N ratio, but also to a measuring 
instrument and the like requiring a high precision. 

According to the present disclosure in some embodi 
ments, it is possible to improve an S/N ratio. 

While certain embodiments have been described, these 
embodiments have been presented by way of example only, 
and are not intended to limit the scope of the disclosures. 
Indeed, the novel methods and apparatuses described herein 
may be embodied in a variety of other forms; furthermore, 
various omissions, Substitutions and changes in the form of 
the embodiments described herein may be made without 
departing from the spirit of the disclosures. The accompa 
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nying claims and their equivalents are intended to cover 
such forms or modifications as would fall within the scope 
and spirit of the disclosures. 
What is claimed is: 
1. AAX, D/A converter for converting a digital input data 

to an analog output signal, comprising: 
a AX modulator configured to generate a first data by 

AX-modulating the digital input data; 
a digital filter configured to generate a second data by 

Smoothing the first data, wherein the smoothing 
includes removing a peak of the first data: 

a D/A converter configured to convert the second data to 
the analog output signal; and 

an amplitude fine adjusting unit, provided in a front stage 
of the AX modulator, configured to finely adjust an 
amplitude of the digital input data by multiplying the 
digital input data by a gain of the amplitude fine 
adjusting unit, 

wherein the digital filter is configured to be switchable 
between an active state and an inactive state and, if the 
digital filter is switched to the inactive state, the digital 
filter outputs the first data as the second data, 

wherein the AX modulator includes a quantizer provided 
in an output stage of the AX modulator, the quantizer 
being configured so that a number of gradation levels of 
the quantizer is changed, depending on a state of the 
digital filter, and 

wherein, when the digital filter is switched to the active 
State, the amplitude fine adjusting unit magnifies the 
gain of the amplitude fine adjusting unit in accordance 
with the peak removed by the digital filter. 

2. The AX. D/A converter of claim 1, wherein the digital 
filter includes a FIR digital filter with k stages, each of which 
has a coefficient of 1. 

3. The AX. D/A converter of claim 2, wherein a number of 
stages of the FIR digital filter is changeable. 

4. The AX. D/A converter of claim 1, wherein a plurality 
of selectable analog signal paths is provided in a subsequent 
stage of the AX. D/A converter, and 

wherein an operation of the digital filter varies depending 
on a selected path among the plurality of selectable 
analog signal paths. 

5. The AX. D/A converter of claim 1, wherein the digital 
input data is an audio signal. 

6. A signal processing circuit comprising: 
a AX converter configured to convert a digital audio signal 

to an analog audio signal, and 
an analog signal processing circuit configured to subject 

an output signal of the AX. D/A converter to a prede 
termined signal processing. 

wherein the AX. D/A converter includes: 
a AX modulator configured to generate a first data by 

AX-modulating the digital input data; 
a digital filter configured to generate a second data by 

Smoothing the first data, wherein the smoothing 
includes removing a peak of the first data; 

a D/A converter configured to convert the second data to 
the analog output signal; and 
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10 
an amplitude fine adjusting unit, provided in a front stage 

of the AX modulator, configured to finely adjust an 
amplitude of the digital input data by multiplying the 
digital input data by a gain of the amplitude fine 
adjusting unit, 

wherein the digital filter is configured to be switchable 
between an active state and an inactive state and, if the 
digital filter is switched to the inactive state, the digital 
filter outputs the first data as the second data, 

wherein the AX modulator includes a quantizer provided 
in an output stage of the AX modulator, the quantizer 
being configured so that a number of gradation levels of 
the quantizer is changed, depending on a state of the 
digital filter, and 

wherein, when the digital filter is switched to the active 
state, the amplitude fine adjusting unit magnifies the 
gain of the amplitude fine adjusting unit in accordance 
with the peak removed by the digital filter. 

7. The signal processing circuit of claim 6, comprising a 
plurality of selectable analog signal paths, 

wherein an operation of the AX. D/A converter varies 
depending on a selected path among the plurality of 
Selectable analog signal paths. 

8. An electronic apparatus comprising a signal processing 
circuit, the signal processing circuit comprising: 

a AX. D/A converter configured to convert a digital audio 
signal to an analog audio signal, and 

an analog signal processing circuit configured to subject 
an output signal of the AX. D/A converter to a prede 
termined signal processing, 

wherein the AX. D/A converter includes: 
a AX modulator configured to generate a first data by 

AX-modulating the digital input data; 
a digital filter configured to generate a second data by 

Smoothing the first data, wherein the smoothing 
includes removing a peak of the first data; 

a D/A converter configured to convert the second data to 
the analog output signal; and 

an amplitude fine adjusting unit, provided in a front stage 
of the AX modulator, configured to finely adjust an 
amplitude of the digital input data by multiplying the 
digital input data by a gain of the amplitude fine 
adjusting unit, 

wherein the digital filter is configured to be switchable 
between an active state and an inactive state and, if the 
digital filter is switched to the inactive state, the digital 
filter outputs the first data as the second data, 

wherein the AX modulator includes a quantizer provided 
in an output stage of the AX modulator, the quantizer 
being configured so that a number of gradation levels of 
the quantizer is changed, depending on a state of the 
digital filter, and 

wherein, when the digital filter is switched to the active 
state, the amplitude fine adjusting unit magnifies the 
gain of the amplitude fine adjusting unit in accordance 
with the peak removed by the digital filter. 
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