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SIGNAL CONVERSION METHOD, SIGNAL
TRANSMISSION METHOD, SIGNAL
CONVERSION DEVICE, AND TRANSMITTER

TECHNICAL FIELD

[0001] The present invention relates to signal conversion
methods, signal transmission methods, signal conversion
devices, and transmitters.

BACKGROUND ART

[0002] Delta-sigma modulation is an example of a tech-
nique of generating a 1-bit pulse train representing an analog
waveform (refer to Non-Patent Literature 1).

[0003] Delta-sigma modulation is a kind of oversampling
modulation. A delta-sigma modulator is configured to include
a loop filter and a quantizer. The quantizer can output a 1-bit
pulse train as a quantized signal.

[0004] The 1-bit pulse train output from the delta-sigma
modulator is restored to the original analog waveform by
simply being passed through an analog filter. In other words,
the 1-bit pulse train output from the delta-sigma modulator is
adigital signal, but represents an analog waveform, and there-
fore, has properties of both a digital signal and an analog
signal.

CITATION LIST

Non Patent Literature

[0005] NON PATENT LITERATURE 1: Takao Waho and
Akira Yasuda (translation supervisors) (Original authors:
Richard Schreier, Gabor C. Temes), “Understanding Delta-
Sigma Data Converters”, Maruzen Co., Ltd., 2007, pp. 1-17
[0006] NON PATENT LITERATURE 2: Joon Hyung Kim,
Sung Jun Lee, Jae Ho Jung, and Chul Soon Park, “60%
High-Efficiency 3G LTE Power Amplifier with Three-level
Delta Sigma Modulation Assisted By Dual Supply Injection”,
Microwave Symposium Digest (MTT), 2011 IEEE MTT-S
International, June 2011

[0007] NON PATENT LITERATURE 3: Woo-Young Kim,
J.Rode, A. Scuderi, Hyuk-Su Son, Chul Soon Park, and Peter.
M. Asbeck, “An Efficient Voltage-Mode Class-D Power
Amplifier for Digital Transmitters with Delta-Sigma Modu-
lation”, Microwave Symposium Digest (MTT), 2011 IEEE
MTT-S International, June 2011

SUMMARY OF INVENTION

Technical Problem

[0008] Non-Patent Literatures 2 and 3 each disclose that an
adjacent channel leakage power ratio (ACLR) of a signal
output from a delta-sigma modulator is 30 [dB] and 43 [dB],
respectively.

[0009] For an analog waveform, reduction in adjacent
channel leakage power is often desired. The adjacent channel
leakage power is a power leaking outside an operating fre-
quency band. The lower the adjacent channel leakage power
is, the higher the ACLR is.

[0010] Asdescribed above, the 1-bit pulse train output from
the delta-sigma modulator is a digital signal, but represents an
analog waveform.

[0011] Accordingly, the 1-bit pulse train output from the
delta-sigma modulator is desired to have low adjacent chan-
nel leakage power of the 1-bit pulse train. In other words, the
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1-bit pulse train output from the delta-sigma modulator is
desired to have a high ACLR of the 1-bit pulse train.

[0012] However, Non-Patent Literatures 2 and 3 do not
describe the reason why the above-mentioned low ACLRs are
obtained.

[0013] The inventor of the present invention made a
hypothesis that a pulse waveform has an influence on an
ACLR, and executed numerical simulations. As a result, the
inventor confirmed that his hypothesis is right, that is, a pulse
waveform has an influence on an ACLR.

[0014] The present invention is based on a new knowledge
that a pulse waveform has an influence on signal characteris-
tics, such as an ACLR, of an analog signal. The present
invention has an object to improve signal characteristics of an
analog signal represented by a pulse.

Solution to Problem

[0015] (1) A pulse waveform and signal characteristics of
an analog signal represented by the pulse waveform have
never been considered. Generally, it is important for a digital
signal to represent “High” and “Low”. Therefore, a pulse of a
digital signal needs to have a stable magnitude in the vicinity
of'the center of the pulse in the time axis direction, and rising
and falling of the pulse are not very important.

[0016] However, the inventor of the present invention con-
sidered that, for a pulse also having a property of an analog
signal, rising and falling of the pulse must be important.

[0017] That is, the inventor considered that there is a rela-
tionship between a pulse waveform and degradation of per-
formance, and clarified the relationship through simulations.
As aresult, the inventor discovered that asymmetry of a rising
waveform and a falling wave causes degradation of signal
characteristics of an analog signal.

[0018] That is, an aspect of the present invention is a signal
conversion method including converting an input signal into
a 1-bit pulse train that represents an analog signal. The 1-bit
pulse train has a pulse rising waveform and a pulse falling
waveform. The pulse rising waveform includes a first distor-
tion component with respect to an ideal pulse rising wave-
form, and the pulse falling waveform includes a second dis-
tortion component with respect to an ideal pulse falling
waveform. The first distortion component and the second
distortion component are substantially line-symmetric with
respect to a time axis.

[0019] Since the first distortion component of the rising
waveform and the second distortion component of the falling
waveform are substantially line-symmetric with respect to the
time axis, degradation of signal characteristics can be pre-
vented.

[0020] (2) Preferably, line-asymmetry of the first distortion
component and the second distortion component is sup-
pressed to make the first distortion component and the second
distortion component substantially line-symmetric with
respect to the time axis. In this case, even when there is a
factor that causes line-asymmetry, such a factor can be sup-
pressed.

[0021] (3) The factor that causes line-asymmetry of the first
distortion component and the second distortion component
may include a factor inside a converter that converts an input
signal into a 1-bit pulse train representing an analog signal.
[0022] (4) The factor that causes line-asymmetry of the first
distortion component and the second distortion component
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may include a factor outside the converter that converts an
input signal into a 1-bit pulse train representing an analog
signal.

[0023] (5)Preferably, the input signal is input to a converter
that performs delta-sigma modulation, and the 1-bit pulse
train is output from the converter. In this case, the 1-bit pulse
train becomes a 1-bit pulse train as a delta-sigma modulated
signal.

[0024] (6) Preferably, the input signal is an RF signal. In
this case the RF signal is represented by the 1-bit pulse train.

[0025] (7) Another aspect of the present invention is a sig-
nal conversion method including converting an input signal
into a 1-bit pulse train that represents an analog signal. The
1-bit pulse train has a pulse rising waveform and a pulse
falling waveform. The pulse rising waveform includes a first
distortion component with respect to an ideal pulse rising
waveform, and the pulse falling waveform includes a second
distortion component with respect to an ideal pulse falling
waveform. The method further includes suppressing line-
asymmetry of the first distortion component and the second
distortion component.

[0026] According to the present invention, even when there
is a factor that causes line-asymmetry, such a factor can be
suppressed.

[0027] (8) Another aspect of the present invention is a sig-
nal transmission method including transmitting the 1-bit
pulse train obtained in the signal conversion method accord-
ing to any one of the above (1) to (7) to a signal transmission
line.

[0028] (9) Another aspect of the present invention is a sig-
nal conversion device including a converter configured to
convert an input signal into a 1-bit pulse train representing an
analog signal. The 1-bit pulse train has a pulse rising wave-
form and a pulse falling waveform. The pulse rising wave-
form includes a first distortion component with respect to an
ideal pulse rising waveform, and the pulse falling waveform
includes a second distortion component with respect to an
ideal pulse falling waveform. The first distortion component
and the second distortion component are substantially line-
symmetric with respect to a time axis.

[0029] (10) Another aspect of the present invention is a
signal conversion device including a converter configured to
convert an input signal into a 1-bit pulse train. The 1-bit pulse
train has a pulse rising waveform and a pulse falling wave-
form. The pulse rising waveform includes a first distortion
component with respect to an ideal pulse rising waveform,
and the pulse falling waveform includes a second distortion
component with respect to an ideal pulse falling waveform.
The device further includes a suppression section configured
to suppress line-asymmetry of the first distortion component
and the second distortion component.

[0030] (11) When the converter outputs a 1-bit pulse train,
the 1-bit pulse train may be reflected by an element connected
to a stage subsequent to the converter to cause a reflected
wave. This is because the 1-bit pulse train, which is a digital
signal, also has a property of an analog signal. Such an unnec-
essary reflected wave becomes a factor that causes asymme-
try of the first distortion component and the second distortion
component.

[0031] Therefore, preferably, the suppression section sup-
presses the reflected wave of the signal output from the con-
verter.
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[0032] In this case, signal reflection that may cause the
asymmetry can be suppressed, and thus degradation of signal
characteristics can be prevented.

[0033] (12) Preferably, the suppression section is an attenu-
ator connected between the converter and a reflection element
that causes the reflected wave. In this case, since the reflected
wave multiply reflects between the converter and the reflec-
tion element that causes the reflected wave, the reflected wave
is more attenuated than the quantized signal. Thus, influence
of the reflected wave can be reduced.

[0034] (13), (14) Preferably, the suppression section is con-
figured as a branching path connected between the converter
and a reflection element that causes the reflected wave when
a signal outside a predetermined frequency band arrives at the
reflection element, and the branching path guides and termi-
nates the signal outside the predetermined frequency band.
Further, preferably, the branching path includes: a branching
path side filter that blocks passing of a signal inside the
predetermined frequency band, and allows passing of the
signal outside the predetermined frequency band; and a ter-
minator that terminates the signal outside the predetermined
frequency band, which has passed through the branching path
side filter.

[0035] In this case, the signal within the predetermined
frequency band is guided to the reflection element side which
is the original route, while the signal outside the predeter-
mined frequency band is guided to the branching path by the
branching path side filter. Therefore, the signal outside the
predetermined frequency band, which may be reflected by the
analog filter, can be, without being reflected, guided to the
branching path side where the terminator is provided, and
terminated. As a result, signal reflection can be suppressed
while obtaining a necessary main signal.

[0036] (15) The suppression section and the reflection ele-
ment that causes the reflected wave may form a bridged-T
filter having a predetermined signal band as a passband. In
this case, a signal outside the passband can be terminated
without being reflected. Thus, signal reflection can be sup-
pressed.

[0037] (16) Preferably, the suppression section and the
reflection element that causes the reflected wave form a filter
processing section. The filter processing section includes: a
generator that generates a first signal and a second signal from
an output of the converter; and a synthesizer that synthesizes
the first signal and the second signal to generate a synthesis
signal, and output the synthesis signal as a signal in a prede-
termined signal band. The first signal and the second signal
are set at phases such that, when being synthesized with each
other, signals in the predetermined signal band, which are
respectively included in the first signal and the second signal,
are prevented from being canceled out while signals outside
the predetermined signal band, which are respectively
included in the first signal and the second signal, can be
canceled out.

[0038] In this case, the signal within the predetermined
signal band can be obtained while the signals outside the
predetermined signal band, which can be reflected, are can-
celed out without being reflected. As a result signal reflection
can be suppressed.

[0039] (17) In the above signal conversion device, prefer-
ably, the first signal and the second signal are in phase with
each other within the predetermined signal band, and are
opposite in phase to each other outside the predetermined
signal band.
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[0040] (18) When the generator generates, from an output
signal as the output of the converter, an inverted signal oppo-
site in phase to the output signal, the generator may further
generate, from one of the output signal and the inverted sig-
nal, a signal in which a portion thereof within the predeter-
mined signal band is opposite in phase to the one signal and a
portion thereof outside the signal band is in phase with the one
signal, as the first signal, and generate the other one of the
output signal and the inverted signal, as the second signal.
[0041] (19) Preferably, the converter outputs a differential
signal composed of a positive signal and a negative signal,
and the generator generates, from one of the positive signal
and the negative signal, a signal in which a portion thereof
within the predetermined signal band is opposite in phase to
the one signal and a portion thereof outside the signal band is
in phase with the one signal, as the first signal, and generates
the other one of the positive signal and the negative signal, as
the second signal.

[0042] (20) The signal conversion device may further
include a control section configured to control the converter.
The converter may convert the input signal into a 1-bit pulse
train by delta-sigma modulation, and a quantization noise
stop band of the delta-sigma modulation is variable. The
control section may perform, according to the input signal, a
control to change the quantization noise stop band.

[0043] (21) Another aspect of the present invention is a
transmitter. The transmitter includes the signal conversion
device according to the above (9) or (10), and the transmitter
transmits the 1-bit pulse train output from the signal conver-
sion device to a signal transmission line.

[0044] (22) Another aspect of the present invention is a
signal conversion method including converting an input sig-
nal into a 1-bit pulse train by delta-sigma modulation. The
1-bit pulse train has a pulse rising waveform and a pulse
falling waveform. The pulse rising waveform includes a first
distortion component with respect to an ideal pulse rising
waveform, and the pulse falling waveform includes a second
distortion component with respect to an ideal pulse falling
waveform. The first distortion component and the second
distortion component are substantially line-symmetric with
respect to a time axis.

BRIEF DESCRIPTION OF DRAWINGS

[0045] FIG.1 is a block diagram showing a system includ-
ing a signal conversion device according to a first embodi-
ment.

[0046] FIG. 2 is a block diagram showing a delta-sigma
modulator.

[0047] FIG. 3 shows a first-order low-pass delta-sigma
modulator.

[0048] FIG. 4 shows a second-order band-pass delta-sigma
modulator obtained through conversion of the first-order low-
pass delta-sigma modulator.

[0049] FIG.5 is a block diagram showing a device used for
simulation.

[0050] FIG. 6A shows an eye pattern of a symmetric wave-
form S, (1).

[0051] FIG. 6B shows a time axis waveform of the sym-
metric waveform S, ().

[0052] FIG. 6C shows an ideal waveform S, ,(t) with
respect to the symmetric waveform.

[0053] FIG. 6D shows a symmetric component f, (1) in
the rising waveform 1,,,,(t) and the falling waveform 1,,(t) in
the symmetric waveform.
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[0054] FIG. 6E shows an asymmetric componentf,, . (t) in
the rising waveform 1, (t) and the falling waveform f,,,(t) in
the symmetric waveform.

[0055] FIG. 7A shows an eye pattern of an asymmetric
waveform S, ().

[0056] FIG. 7B shows a time axis waveform of the asym-
metric waveform S, ().

[0057] FIG. 7C shows an ideal waveform S, ,(t) with
respect to the asymmetric waveform.

[0058] FIG. 7D shows a symmetric component f,,,(t) in
the rising waveform f,, (t) and the falling waveform 1, ,(t) in
the asymmetric waveform.

[0059] FIG. 75 shows an asymmetric component f,_ (1) in
the rising waveform 1, (t) and the falling waveform f,,,,(t) in
the asymmetric waveform.

[0060] FIG. 8 is a diagram for explaining simulation
parameters.
[0061] FIG. 9A shows a power spectrum of a symmetric

waveform and shows the power spectrum ofa 1-bit pulse train
S,..(t) in the case where a==0.2.

[0062] FIG. 9B shows a power spectrum of a symmetric
waveform and shows the power spectrum ofa 1-bit pulse train
S,...(D in the case where a=3=0 (ideal waveform).

[0063] FIG. 10A shows a power spectrum of an asymmetric
waveform and shows the power spectrum of the pulse wave-
form “exp(x)” in the case where a=0.2 and $=0.3.

[0064] FIG. 10B shows a power spectrum of an asymmetric
waveform and shows the power spectrum in the case where
the asymmetric component is eliminated from the pulse
waveform “exp(x)” in the case where 0=0.2 and =0.3.

[0065] FIG. 11A shows a measured eye pattern.
[0066] FIG. 11B shows a measured power spectrum.
[0067] FIG. 12 is a block diagram showing a system

according to a second embodiment.

[0068] FIG. 13A is a diagram for explaining Manchester
coding.
[0069] FIG. 13B is a diagram for explaining RZ coding.

FIG. 14 is a block diagram showing a system according to a
third embodiment.

[0070] FIG. 15A is a block diagram showing devices used
for verification of the effect of suppressing a reflected wave
by an attenuator and shows a configuration simulating an
actual system.

[0071] FIG. 15B shows a configuration for referring to
power when an analog filter that causes a reflected wave is
omitted.

[0072] FIG. 16A is a diagram showing an example of mea-
surement results obtained by a measurement device in a veri-
fication test, and FIG. 16B is a graph showing variation of
power with respect to an adjustment value of the attenuator.

[0073] FIG. 17 is a block diagram showing a major part of
a system according to a fourth embodiment.

[0074] FIG. 18 is a block diagram showing a major part of
a system according to a modification of the fourth embodi-
ment.

[0075] FIG. 19 is a block diagram showing a major part of
a system according to a fifth embodiment.

[0076] FIG. 20 is a block diagram showing a major part of
a system according to a sixth embodiment.

[0077] FIG. 21A is a graph showing characteristic of phase
change with respect to a frequency of an input signal in a
phase conversion filter, and FIG. 21B is a graph showing an
example of phase conversion of a quantized signal by using
the phase conversion filter.
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[0078] FIG. 22 is a block diagram showing a major part of
a system according to a modification of the sixth embodi-
ment.

[0079] FIG. 23 is a block diagram showing a pulse con-
verter included in the delta-sigma modulator.

DESCRIPTION OF EMBODIMENTS

[0080] Hereinafter, preferred embodiments will be
described with reference to the drawings.

[0081] [1.System Configuration]

[0082] FIG. 1 shows a system 1 including a signal conver-
sion device (signal conversion unit) 70 according to a first
embodiment. The system 1 includes a digital signal process-
ing unit 21 including the signal conversion device 70, and an
analog filter 32.

[0083] The digital signal processing unit 21 outputs a digi-
tal signal (1-bit pulse train) representing an RF (Radio Fre-
quency) signal as an analog signal. The RF signal is a signal
to be emitted as a radio wave into space, and is, for example,
an RF signal for mobile communication or an RF signal for
broadcast services such as television/radio or the like.
[0084] The RF signal output from the digital signal pro-
cessing unit 21 is provided to the analog filter (a band-pass
filter or a low-pass filter) 32. The analog signal represented by
the 1-bit pulse train also includes a noise component other
than the RF signal. The noise component is removed by the
analog filter 32.

[0085] The 1-bit pulse train is restored to a pure analog
signal by simply being passed through the analog filter 32.
[0086] As described above, the digital signal processing
unit 21 can substantially generate an RF signal by generating
a 1-bit pulse train in digital signal processing. Therefore,
when the 1-bit pulse train representing the RF signal is pro-
vided to a circuit for processing an RF signal (e.g., an RF
signal receiver such as a radio communication device or a
television receiver), the circuit can process the 1-bit pulse
train as an analog signal. In this case, the analog filter 32 may
be included in the circuit for processing an RF signal.
[0087] Whether to use a band-pass filter or a low-pass filter
as the analog filter 32 is appropriately determined based on
the frequency of the RF signal.

[0088] A band-pass filter is used as the analog filter 32
when the signal conversion device 70 performs signal con-
version based on band-pass delta-sigma modulation, whereas
a low-pass filter is used as the analog filter 32 when the signal
conversion device 70 performs signal conversion based on
low-pass delta-sigma modulation.

[0089] A signal transmission line 4 provided between the
digital signal processing unit 21 and the analog filter 32 may
be a signal wiring formed on a circuit board, or a transmission
line such as an optical fiber or an electric cable. The signal
transmission line 4 need not be a dedicated line for transmit-
ting a 1-bit pulse train, and may be a communication network
that performs packet communication, such as the Internet.
When a communication network that performs packet com-
munication is used as the signal transmission line 4, the
transmitter side (the digital signal processing unit 21 side)
converts a 1-bit pulse train into a bit string and transmits the
bit string to the signal transmission line 4, and the receiver
side (analog filter 32 side) restores the received bit string to
the original 1-bit pulse train.

[0090] The digital signal processing unit 21 can be
regarded as a transmitter that transmits a 1-bit pulse train to
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the signal transmission line 4. In this case, a device including
the analog filter 32 is a receiver of an RF signal.

[0091] Alternatively, the entire system 1 may be a transmit-
ter 1. For example, the transmitter 1 may be configured to
amplify, with an amplifier, a signal output from the digital
signal processing unit 21, and output the signal from an
antenna. In this case, the analog filter 32 may be provided
between the digital signal processing unit 21 and the antenna,
or the antenna may act as the analog filter 32.

[0092] The digital signal processing unit 21 includes a
baseband section 23 that outputs a baseband signal (IQ sig-
nal) as a transmission signal, a modulator (quadrature modu-
lator) 24a that modulates the baseband signal, a processor
24b, and a signal conversion device (signal conversion unit)
70.

[0093] The baseband section 23 outputs the 1Q baseband
signal (each of I signal and Q signal) as digital data.

[0094] The modulator 24a converts the IQ baseband signal
into an intermediate frequency signal. The modulator 24q is
configured as a digital quadrature modulator that performs
quadrature modulation by digital signal processing. Accord-
ingly, from the quadrature modulator 24aq, a signal in a digital
signal format (digital IF signal) represented by multi-bit digi-
tal data (discrete values) is output.

[0095] The modulator 24a generating a modulated wave is
not limited to the quadrature modulator, and may be another
type of modulator for generating a modulated wave.

[0096] The IF signal output from the modulator 24a is
provided to the processor 245 in the digital signal processing
unit 21. The processor 245 subjects the IF signal to various
kinds of digital signal processing such as DPD (Digital Pre-
distortion), CFR (Crest Factor Reduction), DUC (Digital Up
Conversion), and the like. The processor 245 outputs an RF
signal generated through the various kinds of digital signal
processing.

[0097] The various kinds of digital processing to be per-
formed in the processor 245 may be performed at a stage
preceding the quadrature modulation by the quadrature
modulator 24a as long as the digital RF signal generated
through the various kinds of digital processing is provided to
the signal conversion unit 70.

[0098] The digital RF signal output from the processor 245
is provided to the signal conversion unit 70. The signal con-
version unit 70 of the present embodiment is configured to
have a band-pass delta-sigma modulator (converter) 25. The
converter 25 may be a low-pass delta-sigma modulator or a
PWM modulator.

[0099] The delta-sigma modulator 25 performs delta-
sigma modulation on the RF signal as an input signal, and
outputs a 1-bit quantized signal (1-bit pulse train). The 1-bit
pulse train output from the delta-sigma modulator 25 is a
digital signal, but represents an analog RF signal.

[0100] The 1-bit pulse train output from the delta-sigma
modulator 25 is output from the digital signal processing unit
21 to the signal transmission line 4, as an output signal of the
digital signal processing unit 21.

[0101] [2. Delta-Sigma Modulation]

[0102] As shown in FIG. 2, the delta-sigma modulator 25
includes a loop filter 27 and a quantizer 28 (refer to Non-
Patent Literature 1).

[0103] Inthedelta-sigma modulator 25 shown in FIG. 2, an
input (an RF signal in the present embodiment) U to the
delta-sigma modulator 25 is provided to the loop filter 27. An
output Y from the loop filter 27 is provided to the quantizer
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(1-bit quantizer) 28. An output (quantized signal) V from the
quantizer 28 is provided to the loop filter 27 as another input.

[0104] The characteristic of the delta-sigma modulator 25
can be expressed by a signal transfer function (STF) and a
noise transfer function (NTF).

[0105] That is, when an input to the delta-sigma modulator
25 is defined as U, an output from the delta-sigma modulator
25 is defined as V, and quantization noise is defined as E, the
characteristic of the delta-sigma modulator 25 expressed in
the z domain is as follows:

[Math. 1]
V(2)=STF(z)U(z)+NTF(z)E(z) (€8]
[0106] Therefore, when desired NTF and STF are given,

the transfer function of the loop filter 27 can be obtained.

[0107] FIG. 3 isablock diagram showing a linear z domain
model of a first-order low-pass delta-sigma modulator 125.
Reference numeral 127 denotes a part corresponding to a loop
filter, and reference numeral 128 denotes a quantizer. When
an input to the delta-sigma modulator 125 is defined as U(z),
an output therefrom is defined as V(z), and quantization noise
is defined as E(z), the characteristic of the delta-sigma modu-
lator 125 expressed in the z domain is as follows:

V(z)=U(z)+(1-z"HE(z)

[0108] That is, in the first-order low-pass delta-sigma
modulator 125 shown in FIG. 3, the signal transfer function
STF and the noise transfer function NTF are expressed as
follows:

signal transfer function STF(z)=1

noise transfer function NTF(z)=1-z"!

[0109] According to Non-Patent Literature 1, by perform-
ing the following conversion on a low-pass delta-sigma
modulator, the low-pass delta-sigma modulator can be con-
verted into a band-pass delta-sigma modulator.

[Math. 2]
Z—-7° )
[0110] According to the above conversion formula, by

replacing 7 in the z domain model of the low-pass delta-sigma
modulator 125 with z=-z>, a band-pass delta-sigma modu-
lator is obtained.

[0111] When the above conversion formula is used, an n-th
order low-pass delta-sigma modulator (n is an integer not
smaller than 1) can be converted into a 2n-th order band-pass
delta-sigma modulator.

[0112] The present inventor has discovered a conversion
formula for obtaining, from a low-pass delta-sigma modula-
tor, a band-pass delta-sigma modulator having a desired fre-
quency f, (6=0,) as the center frequency f,. This conversion
formula is, for example, formula (3) below:

[Math. 3]

z —cosfy 3)
N 0
< Z(cos@g)l -1
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[0113] where

[0114] O,=2mx(f,/fs), and

[0115] fsisasampling frequency of the delta-sigma modu-
lator.

[0116] The conversion formula (2) relates to a specific fre-

quency 8,=m/2. In contrast, the conversion formula (3) has
been generalized for any desired frequency (0,,).

[0117] FIG. 4 shows a second-order band-pass delta-sigma
modulator 25 obtained through conversion of the first-order
low-pass delta-sigma modulator 125 shown in FIG. 3 based
on the conversion formula (3).

[0118] Inthe conversion from FIG. 3 to FIG. 4, the follow-
ing conversion formula which is formula (3) where cos 0, is
replaced with a is used for convenience in expression.

Pl Math. 4]
az—1
[0119] The conversion to the band-pass delta-sigma modu-

lator is also applicable to other higher-order low-pass delta-
sigma modulators (e.g., CIFB structure, CRFF structure,
CIFF structure, and the like described in Non-Patent Litera-
ture 1).

[0120] [3. Relationship Between Signal Characteristic and
1-Bit Pulse Train Waveform]|

[0121] FIG. 5 shows a device configuration used for exam-
ining the relationship between the signal characteristic of the
RF signal represented by the 1-bit pulse train output from the
delta-sigma modulator (converter) 25, and the analog wave-
form of the 1-bit pulse train.

[0122] Since the actual band-pass delta-sigma modulator
25 shown in FIG. 1 outputs a quantized signal as a pulse, the
modulator 25 includes, in at least a part thereof, hardware
such as a flip-tlop.

[0123] However, as the delta-sigma modulator shown in
FIG. 5, aband-pass delta-sigma modulator 254 configured by
software was used. A quantized signal d, output from the
band-pass delta-sigma modulator 25a configured by software
is provided to a pulse pattern generator (PPG) 255. The pulse
pattern generator 255, based on the quantized signal d,, can
output a 1-bit pulse train S, (t) that is distorted in any shape
with respect to an ideal waveform (perfect square wave). The
distorted 1-bit pulse train S, (t) corresponds to a 1-bit pulse
train output from the actual band-pass delta-sigma modulator
25.

[0124] An output circuit of the pulse pattern generator 255
has fast response performance sufficient to generate a wave-
form that can be regarded as the ideal waveform. Accordingly,
the pulse pattern generator 255 is also able to output a 1-bit
pulse train S_(t) having the ideal waveform.

[0125] The signal output from the pulse pattern generator
25b passes through the analog band-pass filter 32, and is
provided to a measurement device 25¢.

[0126] TheoutputS,,,(t) of the pulse pattern generator 255
is defined as shown in the following formula (A):

[Math. 5]

S D=Spaeal D+ZfU-kD{ Ut=kT)-Ut-T-kT)} )

[0127] S,,../1), the first term of formula (A), expresses the
ideal square waveform of the quantized signal d, (=+1), and is
defined as shown in the following formula (B). The quantized
signal d, takes +1 as a value corresponding to a high level of
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the pulse, and takes -1 as a value corresponding to a low level
of the pulse. U(t) is a unit step function.

[Math. 6]
Staeat D=Zadi{ UGt=kT)-Ut=T-kT)} ®)
[0128] The second term of formula (A) indicates a differ-

ence between S_, (1) corresponding to the actual waveform
and the ideal waveform S,,,,(t). In addition, f(t-kt) in the
second term is defined as shown in the following formula (C).
Sing is a sign function.

[Math. 7]
Friselt —KT) ... Sing(di —dic) =1 (C-1) ©
=KD =1 fraut—kT) ... Sing(d—de-1)=-1 (C-2)
0 ... Sing(dy —dy_)=0 (C-3)
[Math. 8]
{ Frise(®) = fasym(@ + fsm(D) (D-1) D)
Fratt® = fasgm® = foym(®) (D-2)

[0129] In formula (C), (C-1) represents a case where the
sign of a value indicating a difference between a value d, of a
certain quantized signal and a value d,_, of a quantized signal
which is temporally one signal before the certain quantized
signal is plus, thatis, a case where the quantized signal d, is at
a rising edge of the pulse.

[0130] (C-2) represents a case where the sign of the value
indicating the difference between the value d, of the certain
quantized signal and the value d, ; of the quantized signal
which is temporally one signal before the certain quantized
signal is minus, that is, a case where the quantized signal d is
at a falling edge of the pulse.

[0131] (C-3) represents a case where the value indicating
the difference between the value d, of the certain quantized
signal and the value d,_, of the quantized signal which is
temporally one signal before the certain quantized signal is
zero, that is, a case where the value of the pulse does not

change.

[0132] Inaddition, f,, (t) and {,,,(t) indicate a rising wave-
form and a falling waveform, respectively. The rising wave-
form f,,(t) and the falling waveform f,(t) are set to any

shapes for simulation.

[0133] Further, each of f,,(t) and f,,,(t) can be decom-
posed to a symmetric component f,,,,(t) and an asymmetric
component f, () as shown in formula (D).

[0134] The asymmetric component f,, . (,) can be obtained
from formula (D) according to the following formula (E):

sym (

[Math. 9]
ise il E
From(D) = £ ([);ff nol (E)
[0135] Formula (E) indicates that the asymmetric compo-

nent f, (1) is eliminated when the rising waveform £, ()
and the falling waveform f,,(t) satisfy the relationship
expressed by the following formula (F):
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[Math. 10]
SriseO=~far?) ®)
[0136] When formula (F) is satisfied, the rising waveform

f,5(D) and the falling waveform f,(t) are line-symmetric
with respect to the time axis. That is, when a pulse waveform
satisfying formula (F) is shown as an eye pattern, the eye
pattern is line-symmetric with respect to the time axis.
[0137] FIG. 6 shows a pulse waveform (symmetric wave-
form) that satisfies formula (F). FIG. 6 A shows an eye pattern
of a symmetric waveform S_,(t). This eye pattern is line-
symmetric with respect to the time axis. It is assumed that the
time axis is in the middle (0) between the low level (-1) and
the high level (+1) of the pulse (the same applies hereinafter).
[0138] FIG. 6B shows a time axis waveform of the sym-
metric waveform S_, (1), FIG. 6C shows an ideal waveform
S 1zea:(D) With respect to the symmetric waveform, FIG. 6D
shows a symmetric component f, (1) in the rising waveform
f5.(t) and the falling waveform f,;,(t) in the symmetric wave-
form, and FIG. 6F shows an asymmetric component f (1)
in the rising waveform 1, (t) and the falling waveform f,,,(t)
in the symmetric waveform.

[0139] As shown in FIG. 6, the symmetric waveform is
distorted with respect to the ideal waveform S,,, (1), and has
distortion components. Specifically, the symmetric wave-
form has a distortion component (first distortion component)
in the rising waveform f,,..(t) of the pulse and a distortion
component (second distortion component) in the falling
waveform f,,(t) of the pulse.

[0140] When formula (F) is satisfied, the distortion com-
ponents include the symmetric component {,,, (t) (refer to
FIG. 6D) but do not include the asymmetric component f,
(t) (refer to FIG. 6E).

[0141] In the symmetric waveform, when the rising wave-
form 1,,.(t) and the falling waveform f,,(t) are overlapped
such that a rising start point and a falling start point coincide
with each other on the time axis, like an eye pattern, the rising
waveform f,(t) and the falling waveform {,,(t) are line-
symmetric with respect to the time axis because the transition
time (rising time) of the rising waveform f,, (1) is equal to the
transition time (falling time) of the falling waveform £ ,(t).
[0142] In other words, the distortion component (first dis-
tortion component) in the rising waveform f,, (t) and the
distortion component (second distortion component) in the
falling waveform f,,,(t) are line-symmetric with respect to
the time axis, and the asymmetric component f,,,,,,(t) is zero.
[0143] FIG. 7 shows a pulse waveform (asymmetric wave-
form) that does not satisfy formula (F). FIG. 7A shows an eye
pattern of an asymmetric waveform S, ,(t). This eye patternis
asymmetric with respect to the time axis. Specifically, in the
asymmetric waveform shown in FIG. 7, the pulse falling time
is longer than the pulse rising time.

[0144] FIG. 7B shows a time axis waveform of the asym-
metric waveform S_, (1), FIG. 7C shows an ideal waveform
S 70a(t) with respect to the asymmetric waveform, FIG. 7D
shows a symmetric component f, (1) in the rising waveform
f,5() and the falling waveform f,,(t) in the asymmetric
waveform, and FIG. 7E shows an asymmetric component
{45,m(D) in the rising waveform . (t) and the falling wave-
form 1,,,(t) in the asymmetric waveform.

[0145] As shown in FIG. 7, the asymmetric waveform is
also distorted with respect to the ideal waveform S, (1), and
has distortion components. Specifically, the asymmetric
waveform has a distortion component (first distortion com-

sym
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ponent) in the rising waveform f,_(t) of the pulse, and a
distortion component (second distortion component) in the
falling waveform f,,(t) of the pulse.

[0146] When formula (F) is not satisfied, the distortion
components include the asymmetric component f, (1) as
well as the symmetric component f__ (1) (referto FIG. 7D and
FIG. 7E).

[0147] [3.2 Influence of Asymmetric Component f,,,,(t)
on Signal Characteristic|

[0148] A simulation was performed in order to examine
influences of pulse waveforms on signal characteristic
(ACLR) of an analog signal. The result of the simulation is
described hereinafter.

[0149] In the simulation, a sixth-order CRFB band-pass
delta-sigma modulator was adopted as the delta-sigma modu-
lator 25. A test signal to be input to the band-pass delta-sigma
modulator 25 is an RF signal based on L'TE (Long Term
Evolution). The carrier frequency is 800 MHz, the bandwidth
is 5 MHz, and four carriers are used. That is, the total band-
width of the RF signal is 20 MHz.

fs Ty

TABLE 1

Apr. 28,2016

[0155] The transition times o and [} are each expressed as a
ratio to a unit interval (UI). The unit interval is an interval of
one pulse corresponding one quantized signal, and has a
length of 1/fs.

[0156] Therisingtime is a time period during which a pulse
at a low level (~1) reaches a high level (+1), and the falling
time is a time period during which the pulse at the high level
(+1) reaches the low level (-1).

[0157] With reference to the simulation results shown in
Table 1, ACLR1 indicates an adjacent channel leakage power
ratio, and ACLR2 indicates a next adjacent channel leakage
power ratio. In addition, ACLR1"' and ACLR2' indicate an
adjacent channel leakage power ratio and a next adjacent
channel leakage power ratio, respectively, in the case where
the asymmetric component f,,(t) is eliminated from the
asymmetric waveform (Asymm.).

[0158] According to the simulation results shown in Table
1, as for the symmetric waveform (Symm.), ACLR1 and
ACRL2 similar to those of the ideal waveform were obtained
for both the exp(x) and the tan h(x) which are not ideal

Parameter Transition Result ACLR[dB]

time [UI] Sout Removal of
Symm./ Rising  Falling Sout asymmetric waveform
Waveform Asymm. timea timef ACLRlI ACLR2 ACLR1' ACLRY
Ideal Symm. 0 0 64.4 62.6
exp(x) 0.2 0.2 64.4 62.6
0.4 04 644  62.6
tanh(x) 0.2 0.2 644 62.6
0.4 04 644  62.6
exp(x) Asymm. 0.2 0.4 43.1 42.6 64.4 62.6
0.4 0.2 43.2 42.6 64.4 62.6
tanh(x) 0.2 0.4 349 34.9 64.4 62.6
0.4 0.2 344 34.2 64.4 62.6
[0150] Pulse waveforms used in the simulation were as waveforms. In addition, in the symmetric waveform

follows: an ideal waveform “Ideal” having transition times
(rising time a and falling time ) of zero; a waveform “exp(x)”
having a rising waveform and a falling waveform expressed
by exponential functions; and a waveform “tan h(x)” having
a rising waveform and a falling waveform expressed by
hyperbolic tangent functions.

[0151] As forthe exp(x) and the tanh(x), a symmetric wave-
form (Symm.) in which a rising waveform and a falling wave-
form are line-symmetric with respect to the time axis and an
asymmetric waveform (Asymm.) in which a rising waveform
and a falling waveform are line-asymmetric with respect to
the time axis, were used.

[0152] As for the line-symmetric waveform, the rising time
a and the falling time § were made equal to each other (a=),
and simulations were performed for two cases where
a=p=0.2 and where a==0.4.

[0153] As for the line-asymmetric waveform, the rising
time a and the falling time [} were made different from each
other (= ), and simulations were performed for two cases
where 0=0.2 and $=0.4, and where 0=0.4 and $=0.2.
[0154] FIG. 8 shows definitions of simulation parameters
(the waveforms and the transition times « and p3). In FIG. 8,
the rising waveform and the falling waveform of the exp(x)
are shown by solid lines, and the rising waveform and the
falling waveform of the tan h(x) are shown by dotted lines.

(Symm.), the ACLR1 and the ACRIL.2 were not influenced by
the difference between the transition times o and f3.

[0159] Therefore, it is considered that the lengths of the
transition times o and {3 are not important to the signal char-
acteristic (ACLR1 and ACLR2). That is, even if the pulse
waveform is distorted with respect to the ideal waveform, the
ACLR1 and the ACRL2 are not reduced as long as the pulse
waveform is a symmetric waveform. Therefore, it is consid-
ered that the distortion component itself included in the pulse
waveform does not adversely affect the signal characteristic.
[0160] On the other hand, as for the asymmetric waveform
(Asymm.), for both the exp(x) and the tan h(x), the ACLR1
and the ACLLR2 were reduced as compared to those in the
symmetric waveform (Symm.). However, when the asym-
metric component f,, () was eliminated from each asym-
metric waveform (Asymm.), the ACLR1' and the ACLR2'
were equal to the ACLR1 and the ACLR2 of the symmetric
waveform (Symm.).

[0161] Thus, it is found that degradation of the ACLR1 and
the ACLR2 is caused by the asymmetric component f,,,,(1).
[0162] FIG.9 shows a power spectrum in the case where the
pulse waveform “exp(x)” is a symmetric waveform (Symm.),
and FIG. 10 shows a power spectrum in the case where the
pulse waveform “exp(x)” is an asymmetric waveform
(Asymm.).
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[0163] FIG. 9A shows a power spectrum of a 1-bit pulse
train S,,,(t) in the case where ==0.2, and FIG. 9B shows a
power spectrum of a 1-bit pulse train S_,,,(t) in the case where
a=p=0 (ideal waveform). According to FIG. 9, the power
spectrum in the case where a=p=0.2 and the power spectrum
in the case where a=p=0 (ideal waveform) are almost the
same. That is, even in the case where a==0.2, degradation
from the case where a=p=0 (ideal waveform) is not recog-
nized.

[0164] FIG. 10A shows a power spectrum of the pulse
waveform “exp(x)” in the case where 0=0.2 and f=0.3, and
FIG. 10B shows a power spectrum in the case where the
asymmetric component is eliminated from the pulse wave-
form “exp(x)” in the case where a=0.2 and $=0.3.

[0165] Before the elimination of the asymmetric compo-
nent (the power spectrum shown in FIG. 10A), leakage power
is recognized outside the frequency band of the RF signal
(790 MHz to 810 MHz). On the other hand, after the elimi-
nation of the asymmetric component (the power spectrum
shown in FIG. 10B), the leakage power outside the frequency
band of the RF signal is reduced, resulting in a power spec-
trum similar to that shown in FIG. 9B.

[0166] Also for the tahn(x), measurement results similar to
those shown in FIG. 9 and FIG. 10 are obtained.

[0167] Further, similar results were obtained for wave-
forms other than the exp(x) and the tah n(x).

[0168] According to the simulation results, when a pulse
has an ideal waveform which is a complete square wave,
satisfactory values of ACLR1 and ACLR2 are obtained. How-
ever, an attempt to generate more complete square wave
causes an increase in the device cost. In addition, such a
square wave is not desirable because of many harmonic com-
ponents contained therein, and causes an increase in power
consumption.

[0169] Accordingly, the actual signal conversion unit 70
(delta-sigma modulator 25) is preferably configured to out-
put, not an ideal waveform which is a complete rectangle
wave, but a pulse waveform including distortion components.

[0170] Regarding this point, according to the simulation
results, even if a pulse waveform includes distortion compo-
nents, the distortion components do not cause degradation of
signal characteristic as long as the pulse waveform is line-
symmetric with respect to the time axis, that is, as long as the
pulse waveform does not include an asymmetric component.

[0171] Accordingly, the signal conversion unit 70 (delta-
sigma modulator 25) can be configured to output a pulse
waveform including distortion components. In this case, even
if the pulse waveform output from the signal conversion unit
70 (delta-sigma modulator 25) includes distortion compo-
nents, degradation of signal characteristic can be suppressed
as long as the distortion components in the rising waveform
and the falling waveform are substantially line-symmetric
with respect to the time axis, that is, as long as the rising
waveform and the falling waveform have substantially no
asymmetric component.

[0172] Here, “the distortion components are substantially
line-symmetric with respect to the time axis” means “the
distortion components need not be completely line-symmet-
ric with respect to the time axis”. For example, the distortion
components may have line symmetry such that the ACLR
(adjacent channel leakage power ratio) is 45 [dB] or more.
Preferably, the distortion components may have line symme-
try such that the ACLR is 46 [dB] or more, more preferably,
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48 [dB] or more, still more preferably, 50 [dB] or more, yet
more preferably, 55 [dB] or more, and further preferably, 60
[dB] or more.

[0173] Further, the symmetry of the distortion components
need not be considered regarding each pulse corresponding to
the unit interval (UI), and may be considered regarding an
average of distortion components in many unit intervals (UI).
[0174] FIG. 11 shows a result of measurement of a 1-bit
pulse train output from the delta-sigma modulator 25 shown
in FIG. 1. FIG. 11 A shows a measured eye pattern, and FIG.
11B shows a measured power spectrum. The measured pulse
waveform (the eye pattern shown in FIG. 11A) includes an
asymmetric component, and the ACLR is 46.1 [dB].

[0175] The trajectory of the eye pattern shown in FIG. 11A
was digitized, and a rising waveform f,,_(t) and a falling
waveform f,,(t) were extracted. Based on the extracted rising
waveform 1, (t) and falling waveform f, ,,(t) an asymmetric
component f, ., (t) was calculated by using formula (E).
[0176] The calculated asymmetric component £, ,,(t) was
eliminated from the measured pulse waveform, and the
ACLR was calculated again. Then, the ACLR was improved
to 52.3 [dB].

[0177] [4. Suppression of Distortion Components)]

[0178] FIG. 12 is a block diagram showing a system 1
according to a second embodiment. The present embodiment
describes a configuration for suppressing asymmetry of dis-
tortion components in a rising waveform £, and a falling
waveform f;,, in a case where the distortion components
cannot be made substantially line-symmetric with respect to
the time axis by means of the signal conversion unit 70 (delta-
sigma modulator 25) alone.

[0179] In FIG. 12, the signal conversion device (signal
conversion unit) 70 includes, in addition to the delta-sigma
modulator 25, a coding section 71 and a terminator 72. The
coding section 71 is configured to encode a 1-bit pulse train
output from the delta-sigma modulator (converter) 25, and
forms a part of the digital signal processing unit 21. The
terminator (e.g., a resistor of 50Q) 72 is configured to termi-
nate the output side of the coding section 71. The analog filter
32 is connected to the coding section 71 via the terminator 72.
[0180] Both the coding section 71 and the terminator 72 act
as a suppressing section for suppressing distortion compo-
nents and asymmetry of the distortion components. Either
one of the coding section 71 and the te finator 72 may be
omitted. When the coding section 71 is omitted, the termina-
tor 72 is provided so as to terminate the output side of the
delta-sigma modulator 25, and the analog filter 32 is con-
nected to the delta-sigma modulator 25 via the terminator 72.

[0181] The coding section 71 encodes the 1-bit pulse train
output from the delta-sigma modulator 25. The coding sec-
tion 71 prevents fluctuation of the transition time, which is
caused by that High (1) continuously occurs in the 1-bit pulse
train output from the delta-sigma modulator 25.

[0182] In a circuit (e.g., a flip-flop) included in the delta-
sigma modulator 25 for the purpose of pulse output, a switch-
ing element (e.g., MOS-FET) for outputting High (1) is
always in its on state while High (1) continues, and the current
that flows in the switching element causes an increase in
temperature. Even if the switching element is turned off in
this state, transition from High (1) to Low (-1) takes time, and
thereby the falling time 3 increases. Thus, the falling time 3
becomes longer than the rising time o, resulting in an asym-
metric component.
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[0183] Therefore, the coding section 71 shown in FIG. 12
performs coding by using a transmission line code that pre-
vents High (1) from continuing in the 1-bit pulse train.
[0184] The coding section 71 performs coding by using a
Manchester code or an RZ (Return Zero) code. The present
inventor has experimentally discovered that these two coding
schemes enable preservation of the spectrum of an RF signal
represented by a 1-bit pulse train, by simply converting the
frequency of the RF signal represented by the 1-bit pulse
train.

[0185] In the coding using a Manchester code, as shown in
FIG. 13A, 0 (Low) is converted into “01” and 1 (High) is
converted into “10”. Even when 1 (High) continues in the
output (1-bit pulse train) of the delta-sigma modulator 25,
since the 1-bit pulse train is coded with the Manchester code,
the continuous 1s (High) are converted into alternate 1 (High)
and 0 (Low) in the Manchester code.

[0186] Therefore, even when 1 (High) continues in the
output (1-bit pulse train) of the delta-sigma modulator 25,
occurrence of continuous 1s (High) is suppressed in the out-
put (1-bit pulse train) of the coding section 71.

[0187] As a result, in the delta-sigma modulator 25, even
when the distortion components are made asymmetric due to
the internal factor of the delta-sigma modulator 25, i.e., heat
generated in the flip-flop due to the continuous 1s (High),
since the continuous 1s (High) are reduced in the 1-bit pulse
train output from the coding section 71, the asymmetry of the
distortion components is also suppressed.

[0188] In the coding using the RZ code, as shown in FIG.
13B, 0 (Low) is converted into “00 and 1 (High) is converted
into “10”. Even when 1 (High) continues in the output (1-bit
pulse train) of the delta-sigma modulator 25, since the 1-bit
pulse train is coded with the RZ code, the continuous 1s
(High) are converted into alternate 1 (High) and 0 (Low) in
the RZ code.

[0189] Accordingly, similar to the case of the Manchester
code, the asymmetry of the distortion components in the 1-bit
pulse train output from the coding section 71 is suppressed.
[0190] The terminator 72 terminates the output of the cod-
ing section 71 (or the delta-sigma modulator 25) to prevent
unnecessary multiply-reflected wave from the analog filter
32. Ifthe coding section 71 (or the delta-sigma modulator 25)
is subjected to unnecessary multiply-reflected wave from the
analog filter 32, the output of the coding section 71 (or the
delta-sigma modulator 25) is irregularly distorted due to the
reflected wave, which makes it easy to cause asymmetry of
distortion components.

[0191] With the terminator 72, occurrence of such unnec-
essary reflected waves can be suppressed.

[0192] Accordingly, it is possible to suppress the asymme-
try of distortion components, which might occur due to the
external factor of the delta-sigma modulator 25, i.e., the
unnecessary reflection from the analog filter 32.

[0193] An analog filter 32 configured so as not to cause
reflection may be used to prevent reflection due to the analog
filter 32.

[0194] By suppressing the asymmetry of distortion compo-
nents as described above, the pulse waveform can be made
substantially line-symmetric with respect to the time axis,
thereby preventing degradation of the signal characteristic.
[0195] Ifthere are other factors that might cause asymme-
try of distortion components, appropriate measures against
those factors may be taken.
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[0196] [5. Suppression of Reflected Wave]
[0197] [5.1 Suppression by Attenuator]|
[0198] FIG. 14 is a block diagram showing a system 1

according to a third embodiment.

[0199] The third embodiment is different from the first
embodiment in that a controller 35 for controlling a processor
24, the delta-sigma modulator 25, and the analog filter 32 is
provided, and an attenuator 36 is provided between the signal
conversion unit 70 and the analog filter 32.

[0200] The processor 24, to which an IQ baseband signal
output from the baseband section 23 is provided, performs
processing such as digital quadrature modulation on the 1Q
baseband signal. Thus, from the processor 24, a signal in a
digital signal format expressed by multi-bit digital data (dis-
crete values) is output.

[0201] Themodulation performed in the processor 24 is not
limited to quadrature modulation, and may be another type of
modulation for generating a modulated wave.

[0202] The processor 24 can perform various kinds of digi-
tal signal processing such as DPD (Digital Pre-distortion),
CFR (Crest Factor Reduction), DUC (Digital Up Conver-
sion), and the like in addition to quadrature modulation. From
the processor 24, a digital RF signal generated through the
various kinds of digital signal processing is output.

[0203] The controller 35 controls the processor 24 to con-
vert the frequency of the digital RF signal to be output from
the processor 24 to any desired frequency, and provide the
digital RF signal to the delta-sigma modulator 25.

[0204] The delta-sigma modulator 25 performs delta-
sigma modulation on the digital RF signal provided from the
processor 24 to generate a 1-bit quantized signal (pulse sig-
nal). In the quantized signal generated by the delta-sigma
modulator 25, quantization noise in the frequency band of the
input RF signal is subjected to noise-shaping.

[0205] The band-pass delta-sigma modulator 25 is config-
ured to change the quantization noise stop band (the center
frequency of the band-pass delta-sigma modulator 25) in
which quantization noise is subjected to noise-shaping.
[0206] The controller 35 controls the delta-sigma modula-
tor 25 to adjust the quantization noise stop band. The control-
ler 35 controls the band-pass delta-sigma modulator 25 such
that the quantization noise stop band of the band-pass delta-
sigma modulator 25 includes the frequency band of the RF
signal (the signal band of the RF signal) to be input to the
band-pass delta-sigma modulator 25.

[0207] In the delta-sigma modulator 25, the value of z can
be changed based on the above formula (3). That is, the center
frequency of the quantization noise stop band can be changed.
In other words, the quantization noise stop band can be
changed.

[0208] The controller 35 converts the value of z of the
delta-sigma modulator 25 based on the above formula (3) in
accordance with the center frequency (the carrier frequency f,,
described above) of the RF signal input to the delta-sigma
modulator 25, thereby allowing band-pass delta-sigma
modulation to be performed on the RF signal of the desired
frequency.

[0209] As described above, by changing cos 0, (coefficient
a)in the above conversion formula (3) according to the carrier
frequency {, of the RF signal, band-pass delta-sigma modu-
lation corresponding to the desired frequency f, can be per-
formed without changing the sampling frequency fs. If cos 6,
is changed, the coefficient of the NTF shown in formula (1) is
changed, but the order of the formula is maintained. Thus,
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even if the configuration of the band-pass delta-sigma modu-
lator 25 is changed in accordance with the carrier frequency f,
of'the RF signal, the complexity (order) of the formula is not
changed, and therefore, signal processing load in the band-
pass delta-sigma modulator 25 is not changed either.

[0210] As described above, in the present embodiment,
advantageously, even if the carrier frequency f, is changed,
signal processing load in the band-pass delta-sigma modula-
tor 25 is not changed. In the present embodiment, the signal
processing load in the band-pass delta-sigma modulator 25
depends on the sampling frequency fs determined based on
the signal bandwidth, in accordance with the Nyquist’s theo-
rem. However, even if the carrier frequency f, is changed, the
signal bandwidth is not changed, and thus, the sampling fre-
quency fs need not be changed. When the delta-sigma modu-
lator is a low-pass type, in order to cope with a change of the
carrier frequency f,, the sampling frequency fs needs to be
changed. In this point, a band-pass type is advantageous.
[0211] Further, use of formula (3) allows the delta-sigma
modulator 25 to be used not only as a band-pass delta-sigma
modulator corresponding to the desired frequency (f,) but
also as a low-pass delta-sigma modulator. That is, the delta-
sigma modulator 25 can be switched between the low-pass
type and the band-pass type.

[0212] Further, the controller 35 can control the passband
of the analog filter 32 which is a filter for removing quanti-
zation noise included in the quantized signal to obtain a signal
in the frequency band of the RF signal. More specifically, the
controller 35 sets the center frequency of the analog filter 32
to the frequency of the RF signal which is set in the processor
24 and the delta-sigma modulator 25, thereby controlling the
analog filter 32 such that the passband of the analog filter 32
is equal to the quantization noise stop band of the delta-sigma
modulator 25.

[0213] Thereby, the analog filter 32 is set such that the
passband thereof is equal to the frequency band of the RF
signal represented by the quantized signal. The analog filter
32 can separate the signal within the frequency band of the RF
signal in the quantized signal, and output the analog RF
signal.

[0214] Information such as the frequency of the RF signal,
which is needed by the controller 35 for setting of the respec-
tive sections, may be provided as desired according to exter-
nal instructions, or may be previously stored in a storage unit
or the like (not shown).

[0215] The controller 35 is also applicable to the systems 1
according to the first embodiment and the second embodi-
ment.

[0216] As described above, the controller 35 controls and
sets the frequency of the analog RF signal to be output from
the system 1.

[0217] The attenuator 36 is provided on the signal trans-
mission line 4 connecting the delta-sigma modulator 25 and
the analog filter 32, and has a function to attenuate a signal
transmitted through the signal transmission line 4.

[0218] When the delta-sigma modulator 25 outputs a quan-
tized signal which is a 1-bit pulse train (1-bit pulse train
signal), the quantized signal may be reflected at the analog
filter 32 to cause a reflected wave.

[0219] Thatis, if impedance matching is not made between
the signal transmission line 4 extending from the delta-sigma
modulator 25 side and the analog filter 32, the quantized
signal may cause a reflected wave. Since the quantized signal
is a digital signal but has both digital and analog characteris-
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tics, it may cause a reflected wave if impedance matching is
not made when the quantized signal is input to the analog
filter 32.

[0220] As described above, when such unnecessary
reflected wave is generated, the quantized signal is distorted
due to influence of the reflected wave, which may cause
asymmetry of distortion components.

[0221] InFIG. 14, the reflected wave is caused by the ana-
log filter 32 for removing quantization noise. When the quan-
tized signal reaches the analog filter 32 via the signal trans-
mission line 4, a portion corresponding to the frequency band
of the RF signal included in the quantized signal passes
through the filter 32 because the passband of the analog filter
32 is adjusted to the frequency band of the RF signal, whereas
a portion corresponding to quantization noise included in a
band outside the passband is reflected by the analog filter 32
to be returned as a reflected wave to the delta-sigma modula-
tor 25 as a signal source. That is, the analog filter 32 forms a
reflection element that causes a reflected wave of the signal
output from the delta-sigma modulator 25.

[0222] The reflected wave from the analog filter 32 is mul-
tiply reflected between the delta-sigma modulator 25 and the
analog filter 32 through the signal transmission line 4.
[0223] The attenuator 36 can attenuate the reflected wave
that is multiply reflected through the signal transmission line
4. Since the attenuator 36 is provided on the signal transmis-
sion line 4, the attenuator 36 also attenuates the quantized
signal. However, since the reflected wave is multiply
reflected, the number of times the reflected wave passes the
attenuator 36 is larger than the number of times the quantized
signal passes the attenuator 36. As a result, the reflected wave
is more attenuated than the quantized signal, and thus influ-
ence of the reflected wave on the quantized signal can be
reduced.

[0224] According to the present embodiment, since the sig-
nal reflection from the analog filter 32 to the delta-sigma
modulator 25, which is a factor causing asymmetry, can be
suppressed by the attenuator 36, degradation of the signal
characteristic of the quantized signal can be prevented. Thus,
the attenuator 36 constitutes a suppression section that sup-
presses the reflected wave of the signal output from the delta-
sigma modulator 25.

[0225] In the present embodiment, the analog filter 32 is
provided as a reflection element that causes a reflected wave
of'the signal output from the delta-sigma modulator 25. How-
ever, the reflection element is not limited to the analog filter
32, and may be an element, such as an antenna, having a
predetermined impedance which causes a reflected wave of
the signal output from the delta-sigma modulator 25.

[0226] Hereinafter, a test executed by the present inventor
to verify the effect of suppressing a reflected wave by the
above attenuator will be described.

[0227] FIG. 151s ablock diagram showing devices used for
verifying the effect of suppressing a reflected wave by the
attenuator. FIG. 15A shows a configuration that simulates an
actual system, and FIG. 15B shows a configuration for refer-
ring to power when the analog filter 32 that causes a reflected
wave is omitted.

[0228] The device (hereinafter referred to as “device A”)
shown in FIG. 15A includes a band-pass delta-sigma modu-
lator 25a configured by software, and a pulse pattern genera-
tor 254, like in FIG. 5. The pulse pattern generator 255 is
connected to a stage subsequent to the delta-sigma modulator
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25, and appropriately adjusts the signal waveform of the
quantized signal output from the delta-sigma modulator 25.
[0229] The device A further includes an attenuator 36 to
which the adjusted quantized signal output from the pulse
pattern generator 256 is input, an analog filter 32, and a
measurement device 25¢.

[0230] The device (hereinafter referred to as “device B”)
shown in FIG. 15B is identical to the device A except that the
analog filter 32 is omitted.

[0231] Using the devices A and B, a pseudo quantized
signal was provided to the attenuator 36, and the relationship
between an adjustment value of the attenuator 36 and output
power of the quantized signal was verified.

[0232] FIG. 16A is a diagram showing an example of a
measurement result obtained by the measurement device 25¢
in the verification test. In FIG. 16 A, the vertical axis indicates
the power, and the horizontal axis indicates the frequency,
namely, the frequency spectrum around the passband of the
analog filter 32. As shown in FIG. 16 A, a signal component
having a power higher than powers of neighboring noise
components is included with a predetermined bandwidth in
the passband of the analog filter 32 through which the quan-
tized signal has passed.

[0233] In this test, using the device A, a power Pout of the
signal component and a power ACP (Adjacent Channel
Power) of adjacent bands adjacent to the band of the signal
component were measured, and changes of these powers with
respect to an adjustment value of the attenuator 36 were
verified. Further, the device B was used to measure an ACP in
the case where there is no influence of a reflected wave, and a
Pout and an ACP thereof were measured.

[0234] FIG. 16B is a graph showing changes of the powers
with respect to the adjustment value of the attenuator 36. In
FIG. 16B, the horizontal axis indicates the adjustment value
of the attenuator 36. The larger the adjustment value is, the
smaller the set attenuation amount is. The vertical axis indi-
cates the values of the measured powers.

[0235] In FIG. 16B, a line M1 indicates the measurement
result of the Pout. As shown in FIG. 16B, the Pout is in a linear
relation with the adjustment value of the attenuator 36. It was
confirmed that, for the Pout, almost the same measurement
results were obtained in both cases of using the devices A and
B.

[0236] A line M2 indicates the measurement result of the
ACP obtained by using the device A, and a line M3 indicates
the measurement result of ACP obtained by using the device
B. In FIG. 16B, the power values equal to and lower than —30
dB are outside the measurable range of the measurement
device 25¢. Therefore, a portion of the line M3 indicating the
power value of -30 dB actually has the power values equal to
and lower than -30 dB.

[0237] In the device B, since the attenuator 36 and the
measurement device 25¢ are directly connected to the pulse
pattern generator 255 without an intervening analog filter 32,
almost no reflected wave of the quantized signal occurs.
Therefore, influence of a reflected wave is not included in the
line M3.

[0238] The line M2 indicates relatively large values over
the entire region measured, as compared to the line M3
including no influence of a reflected wave. In this regard, it is
confirmed that the ACP indicated by the line M2 includes
influence of a reflected wave caused by the analog filter 32,
whereby ACPR (Adjacent Channel Power Ratio: a value
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obtained by dividing Pout by ACP) is reduced, and the signal
quality is degraded as compared to the case where the analog
filter 32 is absent.

[0239] The line M2 indicates the power value lower than a
straight line S1 which passes a point, in the line M2, where the
adjustment value of the attenuator 36 is 0, and is parallel to the
Pout, and the amount of attenuation is relatively large as
compared to the Pout with the same adjustment value of the
attenuator 36.

[0240] Ifno influence of a reflected wave is included in the
value of ACP of the device A, it is considered that the line M2
will be parallel to the straight line S1 and the line M1, and the
ACP will be in a linear relation with the adjustment value of
the attenuator 36. However, the line M2 representing the
measurement result of the ACP of the device A actually indi-
cates the power value smaller than the straight line S1, and the
attenuation amount is relatively large as compared to the Pout
with the same adjustment amount of the attenuator 36. In this
regard, it is found that a reflected wave caused by the analog
filter 32 is attenuated by the attenuator 36 greatly relative to
the signal wave. Thus, the device A including the attenuator
36 can increase the ACRP because the reflected wave is
suppressed, resulting in improved signal quality.

[0241] As described above, it is confirmed that the reflected
light is suppressed and influence of the reflected light is
reduced by providing the attenuator 36.

[0242] [5.2 Suppression by Filter]|

[0243] FIG. 17 is a block diagram showing a major part of
a system 1 according to a fourth embodiment.

[0244] The fourth embodiment is different from the third
embodiment in that a branching path 40 is provided instead of
the attenuator 36.

[0245] The branching path 40 is connected between the
delta-sigma modulator 25 and the analog filter 32 (reflection
element). The branching path 40 includes an analog band
elimination filter 41, and a terminator 42. The analog band
elimination filter 41 blocks passing of a signal within the
passband of the analog filter 32, and allows passing ofa signal
outside the passband. The terminator 42 terminates the signal
outside the passband, which has passed through the band
elimination filter 41.

[0246] Like the analog filter 32, the band elimination filter
41 is also controlled by the controller 35. The controller 35
can adjustably control the block band of the band elimination
filter 41.

[0247] The band elimination filter 41 is controlled by the
controller 35 such that the block band thereof is equal to the
passband of the analog filter 32.

[0248] The analog filter 32 allows, in the quantized signal,
the signal within the frequency band of the RF signal to pass
therethrough, thereby separating the analog RF signal.
[0249] On the other hand, the band elimination filter 41
blocks passing of a signal within the passband of the analog
filter 32, and allows passing of a signal outside the passband.
Thus, quantization noise included in a band outside the fre-
quency band of the RF signal, which can be reflected by the
analog filter 32, is not reflected but is guided to the branching
path 40 connected to the band elimination filter 41.

[0250] The terminator 42 provided at a stage subsequent to
the band elimination filter 41 is set to a resistance value that
allows impedance matching with the signal transmission line
4 extending from the delta-sigma modulator 25. Thus, the
branching path 40 can achieve impedance matching with the
signal transmission line 4.
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[0251] Therefore, in the present embodiment, in the quan-
tized signal output from the delta-sigma modulator 25, the
signal within the frequency band of the RF signal is guided to
the analog filter 32, while the quantization noise or the like,
which is a signal outside the frequency band of the RF signal,
is not reflected but is guided to the branching path 40 through
the band elimination filter 41. Since the terminator 42 is
provided at the end of the branching path 40, the signal
outside the frequency band of the RF signal, which is guided
to the branching path 40 side, is terminated by the terminator
42.

[0252] As a result, since the signal outside the frequency
band of the RF signal, which may cause a reflected wave, is
guided to the branching path 40 side and terminated, it is
possible to suppress unnecessary reflection while obtaining
the RF signal.

[0253] As described above, the branching path 40 has a
function as a suppression section to suppress a reflected wave
of a signal output from the delta-sigma modulator 25.
[0254] In the above embodiments, the analog filter 32
which is a band-pass filter is used as an analog filter for
separating a signal within the frequency band of an RF signal,
and the band elimination filter 41 is used as a filter on the
branching path 40 side. However, any filters may be used as
long as the filters are capable of separating, from a quantized
signal, an RF signal and signals other than the RF signal, and
guiding the separated signals individually. Therefore, a low-
pass filter may be used instead of the analog filter 32 which is
a band-pass filter. Whether a band-pass filter or a low-pass
filter is used is appropriately determined based on the fre-
quency of the RF signal.

[0255] When the signal conversion device 70 performs sig-
nal conversion according to band-pass delta-sigma modula-
tion, as shown in FIG. 17, the analog band-pass filter 32 is
used as an analog filter for separating an RF signal, and the
band elimination filter 41 is used as a filter provided on the
branching path 40 side.

[0256] When the signal conversion device 70 performs sig-
nal conversion according to low-pass delta-sigma modula-
tion, as shown in FIG. 18, a low-pass filter 43 is used as an
analog filter for separating an RF signal, and a high-pass filter
44 is used as a filter on the branching path 40 side.

[0257] FIG. 19 is a block diagram showing a major part of
a system 1 according to a fifth embodiment.

[0258] The fifth embodiment is different from the fourth
embodiment in that a filter circuit 50 is provided instead of the
analog filter 32 and the branching path 40.

[0259] The filter circuit 50 forms a bridged-T band-pass
filter, and a passband thereof is set to a frequency band of an
RF signal represented by a quantized signal. That is, the filter
circuit 50 has a function as the analog filter 32 of the above
embodiments.

[0260] In addition, the filter circuit 50 of the present
embodiment has a function as a suppression section. The filter
circuit 50 includes: a first path 51 connected to the signal
transmission line 4 and having a resistor 51a and a resistor
515 connected in series; a second path 52 branching from a
stage preceding the resistor 51a and connected to a stage
subsequent to the resistor 515 so as to bypass the resistors 51a
and 51b; and a third path 53 through which a midpoint
between the resistor 51a and the resistor 515 is grounded.
[0261] Theresistors 51a and 515 are each set to a resistance
value that achieves impedance matching with the signal trans-
mission line 4.
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[0262] Inthe second path 52, a capacitor 52a and an induc-
tor 525 are connected in series. In the third path 53, a capaci-
tor 53a and an inductor 535 are connected in parallel.
[0263] The capacitor 524, the inductor 525, the capacitor
53a, and the inductor 535 satisfy the relationships of the
following equations:

capacitance of the capacitor 52a Cs=1/(QwZ;)
inductance of the inductor 5256 Ls=(QZ)/ ¢
capacitance of the capacitor 53a Cp=0/(wZy)

inductance of the inductor 535 Lp=Z/(Qw,)

[0264] where Z, is an impedance, wy, is a center angle fre-
quency, and Q is a constant.

[0265] When the filter circuit 50 is resonated, the imped-
ance ofthe second path 52 in which the capacitor 52a and the
inductor 525 form series resonance is low, and a signal passes
through the second path 52. At this time, since the impedance
of'the third path 53 is high because the capacitor 53a and the
inductor 535 form parallel resonance, the signal is not trans-
mitted to the ground side. Thus, the filter circuit 50 allows a
signal that can resonate the filter circuit 50 to pass through the
second path 52.

[0266] On the other hand, when the filter circuit 50 is not
resonated, the impedance of the second path 52 is high and the
impedance of the third path 53 is low. Therefore, the signal is
transmitted to the ground side through the third path 53. That
is, the signal is terminated by the resistor S1a set at the value
that achieves impedance matching with the signal transmis-
sion line 4.

[0267] As described above, the filter circuit 50 forms a
band-pass filter which allows a signal of a frequency band that
can resonate the filter circuit 50 to pass therethrough, and
terminates signals outside the frequency band.

[0268] The passband of the filter circuit 50 can be con-
trolled by the controller 35, and is set to the frequency band of
the RF signal. Since the filter circuit 50 terminates signals
outside the passband as described above, it is possible to
suppress unnecessary signal reflection due to signals such as
quantization noise and the like included in the band outside
the frequency band of the RF signal.

[0269] As described above, the filter circuit 50 has both a
function as an analog filter (reflection element) having a
predetermined signal band as a passband, and a function as a
suppression section that suppresses a reflected wave of a
signal output from the delta-sigma modulator 25. That is, the
suppression section and the reflection element form the filter
circuit 50.

[0270] While in the above embodiment, the filter circuit 50
configured as a bridged-T band-pass filter is used, filter cir-
cuits that configure a constant-K filter, a derived M-type filter,
and the like may be used, for example. These filters, like the
bridged-T filter, can make impedance matching with the sig-
nal transmission line 4 not only for the passband but also for
outside the passband, and thus unnecessary signal reflection
due to signals included in a band outside the passband can be
suppressed.

[0271] FIG. 20 is a block diagram showing a major part of
a system 1 according to a sixth embodiment. The sixth
embodiment is different from the fifth embodiment in that a
filter circuit 60 including a phase conversion filter is provided
instead of the filter circuit 50.
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[0272] The filter circuit 60 of the present embodiment also
has both a function as an analog filter (reflection element) and
a function as a suppression section, and is composed of a
suppression section and a reflection element. The filter circuit
60 includes a phase conversion filter 61 connected to a signal
transmission line 4, an inverting amplifier 63 connected to a
branching path 62 branching from a stage preceding the phase
conversion filter 61, and a synthesizer 64 that synthesizes an
output of the phase conversion filter 61 with an output of the
inverting amplifier 63.

[0273] The phase conversion filter 61 of the present
embodiment is a filter set so as to have a transfer function
H(s,m,Q) expressed by the following formula (G), and is an
all-pass filter having no frequency dependence, and a pass
gain of 1. When the phase conversion filter 61 allows an input
signal to pass therethrough, the phase conversion filter 61
converts a predetermined frequency band into a signal having
aphase difference of 180 degrees and allows the signal to pass
therethrough, and allows signals outside the frequency band
as signals in phase.

[Math, 11]
s — &s + wf @
His,w, Q)= —————
sty w?
Q
[0274] Informula(G),s(=jw)is acomplex frequency, w, is

an angle frequency to be phase-inverted, and Q is a quality
factor of the filter.

[0275] FIG. 21A is a graph showing the characteristic of
phase change with respect to the frequency of the input signal
in the phase conversion filter 61. In FIG. 21A, the horizontal
axis indicates the frequency and the vertical axis indicates the
phase.

[0276] Asshown in FIG. 21A, for example, if the predeter-
mined frequency to be phase-inverted is “1” on the horizontal
axis, the phase of the phase conversion filter 61 is 0 degree at
the frequency of “1”, and thus a phase difference of 180
degrees can be provided between the inside and the outside of
the frequency band with the frequency of “1” as a boundary
frequency.

[0277] FIG. 21B is a graph showing an example of a quan-
tized signal that is phase-converted by using the phase con-
version filter 61. In FIG. 21B, the phase conversion filter 61
converts, in the input quantized signal, a signal within a
conversion band determined by the center frequency f, into a
signal having a phase difference of 180 degrees and allows the
signal to pass therethrough, and allows signals outside the
conversion band to pass therethrough in phase.

[0278] The conversion band (predetei mined signal band)
of the phase conversion filter 61 can be adjusted. The phase
conversion filter 61 is controlled by the controller 35, and the
conversion band of the phase conversion filter 61 is controlled
by the controller 35 so as to include the frequency band of the
RF signal.

[0279] Therefore, in the quantized signal output from the
phase conversion filter 61 toward the synthesizer 64, a signal
in a band outside the conversion band is in phase with the
original signal, while a signal in the conversion band includ-
ing the frequency band of the RF signal has a phase difference
of 180 degrees with respect to the original signal.
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[0280] Referring back to FIG. 20, the inverting amplifier 63
inverts the phase of the quantized signal obtained from a stage
preceding the phase conversion filter 61, and provides the
inverted signal of the quantized signal to the synthesizer 64.
[0281] In this way, the phase conversion filter 61 and the
inverting amplifier 63 form a generator that generates, from
the output of the delta-sigma modulator 25, a phase-converted
quantized signal (first signal) and an inverted signal (second
signal) of the quantized signal.

[0282] The synthesizer 64 synthesizes the phase-converted
quantized signal output from the phase conversion filter 61
with the inverted signal of the quantized signal, which is
output from the inverting amplifier 63.

[0283] Atthistime, in the quantized signal phase-converted
by the phase conversion filter 61, the signal in the conversion
band has a phase difference of 180 degrees with respect to the
original signal. Therefore, the signal in the conversion band is
in phase with the inverted signal of the quantized signal,
which is output from the inverting amplifier 63. Accordingly,
the signal within the frequency band of the RF signal included
in the conversion band is synthesized in phase with the
inverted signal of the quantized signal.

[0284] On the other hand, in the quantized signal phase-
converted by the phase conversion filter 61, the signal in the
band outside the conversion band is in phase with the original
signal. Therefore, the signal in the band outside the conver-
sion band is opposite in phase, with a phase difference of 180
degrees, to the inverted signal of the quantized signal, which
is output from the inverting amplifier 63. Accordingly, the
signal in the band outside the conversion band is canceled out
by the inverted signal of the quantized signal.

[0285] The synthesizer 64 synthesizes the quantized signal
output from the phase conversion filter 61 with the quantized
signal output from the inverting amplifier 63, thereby cancel-
ing out the signals in the band outside the conversion band,
and outputting the in-phase-synthesized signal within the
frequency band of the RF signal.

[0286] According to the above configuration, the quantized
signal phase-converted by the phase conversion filter 61 and
the inverted signal of the quantized signal, which is output
from the inverting amplifier 63, are set at phases such that,
when these signals are synthesized with each other, signals
(signal components) within the frequency band of the RF
signal, which are respectively included in the quantized sig-
nal and the inverted signal, can be prevented from being
canceled out, while signals (signal components) outside the
frequency band of the RF signal, which are respectively
included in the quantized signal and the inverted signal, can
be canceled out.

[0287] As aresult, the signals outside the frequency band of
the RF signal, which may cause a reflected wave, can be
canceled out without being reflected. As a result, it is possible
to suppress signal reflection while obtaining an in-phase-
synthesized signal within the frequency band of the RF sig-
nal.

[0288] In the above embodiment, the phase conversion fil-
ter 61 and the inverting amplifier 63 serving as the generator
generates, from the quantized signal output from the delta-
sigma modulator 25, the phase-converted quantized signal
(first signal), and the inverted signal (second signal) of the
quantized signal. However, for example, by providing the
inverting amplifier 63 at a stage preceding or subsequent to
the phase conversion filter 61, the synthesizer 64 may be
configured to synthesize the inverted signal (first signal) of
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the quantized signal phase-converted by the phase conversion
filter 61 and the quantized signal (second signal) output from
the delta-sigma modulator 25. Also in this case, signals out-
side the frequency band of the RF signal, which may cause a
reflected wave, can be canceled out, and thus signal reflection
can be suppressed.

[0289] As described above, the phase conversion filter 61
and the inverting amplifier 63 serving as the generator gen-
erates, from the quantized signal output from the delta-sigma
modulator 25, an inverted signal opposite in phase to the
quantized signal, and further generates, from one of the quan-
tized signal and the inverted signal, a signal in which a portion
thereof within the signal band of the RF signal is opposite in
phaseto the one signal and a portion thereof outside the signal
band is in phase with the one signal, as a first signal, and the
other one of the quantized signal and the inverted signal as a
second signal.

[0290] In the above embodiment, the quantized signal
phase-converted by the phase conversion filter 61 is synthe-
sized with the inverted signal of the quantized signal, which is
obtained by the inverting amplifier 63. However, when the
digital signal processing unit 21 generates a quantized signal
as a differential signal as shown in FIG. 22, the differential
signal may be used for the synthesis.

[0291] FIG. 23 is a block diagram showing a pulse con-
verter included in the delta-sigma modulator 25. As shown in
FIG. 23, the delta-sigma modulator 25 includes a pulse con-
verter 29 for performing pulse conversion on an output V of
the quantizer 28. The pulse converter 29 generates, as a quan-
tized signal, a differential signal composed of a positive sig-
nal and a negative signal.

[0292] In the differential signal, the positive signal is pro-
vided to the phase conversion filter 61, and the negative signal
is provided to a delay adjuster 66 (refer to FIG. 22) that
adjusts signal delay. The positive signal and the negative
signal are opposite in phase. Therefore, by synthesizing the
positive signal phase-converted by the phase conversion filter
61 with the negative signal, signals outside the frequency
band of the RF signal, which may cause a reflected wave, can
be canceled out, and thus signal reflection can be suppressed.
[0293] While in FIG. 22 and FIG. 23 the positive signal is
provided to the phase conversion filter 61, the negative signal
may be provided to the phase conversion filter 61 while the
positive signal may be provided to the delay adjuster 66.
[0294] [6. Additional Notes]

[0295] The embodiments disclosed are to be considered in
all respects as illustrative and not restrictive. The scope of the
invention is indicated by the appended claims rather than by
the foregoing meaning, and all changes which come within
the meaning and range of equivalency of the claims are there-
fore intended to be embraced therein.

REFERENCE SIGNS LIST

[0296] 1 system

[0297] 25 delta-sigma modulator (converter)
[0298] 32 analog filter

[0299] 35 controller

[0300] 36 attenuator

[0301] 40 branching path

[0302] 41 band elimination filter

[0303] 42 terminator
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[0304] 50 filter circuit

[0305] 60 filter circuit

[0306] 61 phase conversion filter
[0307] 63 inverting amplifier
[0308] 64 synthesizer

[0309] 70 signal conversion device
[0310] 71 coding section

[0311] 72 terminator

1-22. (canceled)

23. A signal conversion method, comprising:

converting an input signal into a 1-bit pulse train that rep-
resents an analog signal, the input signal being an RF
signal, wherein

the 1-bit pulse train has a pulse rising waveform and a pulse
falling waveform, the pulse rising waveform including a
first distortion component with respect to an ideal pulse
rising waveform, and the pulse falling waveform includ-
ing a second distortion component with respect to an
ideal pulse falling waveform;

the signal conversion method further comprising;

reducing a leakage power outside the frequency band ofthe
RF signal represented in the 1-bit pulse train by sup-
pressing line-asymmetry of the first distortion compo-
nent and the second distortion component.

24. The signal conversion method according to claim 23,

wherein

the line-asymmetry of the first distortion component and
the second distortion component is caused by a factor
inside a converter that converts an input signal into a
1-bit pulse train representing an analog signal.

25. The signal conversion method according to claim 23,

wherein

the line-asymmetry of the first distortion component and
the second distortion component is caused by a factor
outside a converter that converts an input signal into a
1-bit pulse train representing an analog signal.

26. The signal conversion method according to claim 23,

wherein

the input signal is input to a converter that performs delta-
sigma modulation, and

the 1-bit pulse train is output from the converter.

27. A signal transmission method, comprising:

transmitting the 1-bit pulse train obtained in the signal
conversion method according to claim 23 to a signal
transmission line.

28. A signal conversion device, comprising:

a converter configured to convert an input signal into a 1-bit
pulse train representing an analog signal, the input signal
being an RF signal, wherein

the 1-bit pulse train has a pulse rising waveform and a pulse
falling waveform, the pulse rising waveform including a
first distortion component with respect to an ideal pulse
rising waveform, and the pulse falling waveform includ-
ing a second distortion component with respect to an
ideal pulse falling waveform;

the signal conversion device further comprising;

a reduction part configured to reduce a leakage power
outside the frequency band of the RF signal represented
in the 1-bit pulse train by suppressing line-asymmetry of
the first distortion component and the second distortion
component.



