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Low Distortion Switching Amplifier With
Discrete-Time Click Modulation

Leandro Stefanazzi, Fernando Chierchie, Member, IEEE, Eduardo E. Paolini, and Alejandro R. Oliva

Abstract—An all-digital Class-D amplifier based on a discrete-
time implementation of the click modulator is presented. The algo-
rithm is able to generate binary signals with separated baseband,
displacing the harmonic content produced by the modulation
process above certain frequency chosen by the designer. Perfect
demodulation can be achieved by a simple low-pass filter. Previous
implementations of the discrete-time click modulator reported in
the literature suffer from aliasing in the frequency domain. The
approach proposed here avoids aliasing, without the necessity
to increase (interpolate) the sampling frequency of the signals.
Following a brief theoretical introduction, the performance of
the proposed architecture is demonstrated by experimental mea-
surements performed on an H-bridge amplifier. An 88 dB signal-
to-noise ratio (SNR) and a total harmonic distortion (THD) + N
less than 0.04% is attainable over the entire audio band, extending
from 20 Hz up to 20 kHz; on the other hand, no traces of IMD
appear above the predicted noise floor. These performance indices
are obtained for switching rates as low as 40 kHz. The reduction
of the switching frequency provides more flexibility for the design
of the demodulation stage allowing to trade off between the com-
plexity of the demodulation filter and the achievable efficiency of
the switching stage.

Index Terms—Digital modulation, pulse width modulation,
switching amplifiers.

I. INTRODUCTION

D IGITAL modulation and control of switching converters
has been a topic of constant research over the last decades

[1], with applications ranging from motor control [2]–[4] to
power inverters [5], [6]. Pulse-width modulation (PWM) [7]
has been widely used for both analog and digital implemen-
tations. Although analog PWM is fairly simple involving only
a comparison of the modulating signal with a triangle or saw-
tooth carrier, its discrete-time version known as uniform PWM
(UPWM) has a major drawback: baseband distortion appears
together with intermodulation products that cannot be removed
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by linear filtering [8]. Several solutions to the problem of the
digital implementation of PWM are found in the literature. In
[9], [10] the input signal is pre-distorted with a neural network
trained using the model of the digital amplifier. Digital feedback
of the signal at the output of the switching stage [11], [12],
allows to compensate the nonlinearities of the power stage and
the power supply. A pseudo-natural implementation for digital
PWM is presented in [13]. The latter mimics the behavior of
the continuous-time PWM modulator from sampled signals,
lowering the intermodulation products in the baseband. Another
difficulty of PWM-based schemes is the finite temporal resolu-
tion of the circuit that positions the edges of the binary signal, a
problem studied in [14]–[16]. Sigma-Delta modulation (SDM)
[17] has also been used to control Class-D stages [18], [19]. A
comparison between SDM and PWM for such applications can
be found in [20]. The drawback of SDM is that the switching
rate of the power stage tends to be high, 350 kHz to 1 MHz
[21]–[26], which reduces the efficiency of the switched power
stage.

In the continuous-time realm, click modulation [27] is a
modulation technique which produces a binary signal with
the property that preserves the baseband, displacing all the
modulation-dependant frequency content above a certain fre-
quency specified by the designer. High frequency harmonics
can be removed with a low pass filter (LPF) and the continuous-
time modulating signal is recovered without distortion. How-
ever, click modulation shares one of the problems of PWM:
previous discrete-time implementations produce intermodula-
tion products that are impossible to remove.

The application of click modulation to switching amplifiers
was first introduced by Streitenberger et al. in 1999 (see [28]).
In this paper, it is pointed out that classical PWM-based modu-
lation schemes are insufficient for high-performance audio am-
plification, and the concept of separated baseband modulation
for switching amplifiers is introduced. Based on these ideas,
some other attempts to implement a discrete-time version of
the click modulator are reported in [28]–[37]. These techniques
use interpolation to mitigate the aliasing that appears in the
discrete-time version of a key component of the click modu-
lator (namely, the analytical exponential modulator), but they
only result in a modulator that approximately behaves as the
continuous-time click modulator.

A different approach was presented recently in [38] where
the spectral characteristics of the exponential function to-
gether with the structure of the modulator are exploited.
This results in a discrete-time click modulator that shares the
same spectral characteristic that its continuous-time domain
counterpart.

0278-0046 © 2013 IEEE. Personal use is permitted, but republication/redistribution requires IEEE permission.
See http://www.ieee.org/publications_standards/publications/rights/index.html for more information.



3512 IEEE TRANSACTIONS ON INDUSTRIAL ELECTRONICS, VOL. 61, NO. 7, JULY 2014

Fig. 1. Block diagram of the discrete-time click modulator.

In this paper, experimental measurements of an off-line im-
plementation of the discrete-time click modulator [38] driving a
Class-D power amplifier are provided. The sequence of samples
of the input signal are used to generate the switching times
of the modulated wave without needing to interpolate or to
increase the sampling frequency of the input signal, as in other
approaches [28]–[37].

The quality of the entire amplification chain is evaluated
using standard audio tests. A maximum signal-to-noise ratio
(SNR) of about 88 dB is obtained, being the quantization of
the duty cycles responsible for this limit. On the other hand,
the intermodulation distortion test (IMD) does not show any
noticeable spurious components falling within the audio band.
These experiments show that this implementation of the digital
click modulator is able to keep the baseband free of distortion,
even for multitone signals.

This spectral characteristic of the discrete-time click mod-
ulator makes it possible to lower the switching frequency of
the power stage to almost twice the Nyquist frequency. This
results in a greater flexibility for the designer, because it allows
to dramatically reduce the switching losses as a result of a low
switching rate, or to easy the design of the reconstruction filter
by increasing the switching frequency and creating a guard
band free of distortion components.

This article is organized as follows. The discrete-time modu-
lation algorithm focusing on implementation issues is detailed
in Section II. In Section III experimental measurements of the
off-line implementation of the discrete-time modulator driving
a Class-D amplifier are discussed. Conclusions and comments
on possible future work are given in the final section.

II. DISCRETE-TIME MODULATION ALGORITHM

A block diagram of the discrete-time click modulator is
shown in Fig. 1. This presentation focuses on the implemen-
tation of each block; for a detailed theoretical description the
reader is referred to [38].

The input signal is assumed to be a sequence x[n] of length
N and the output is the binary wave q(t). The remarkable
feature of the modulation algorithm is that the spectrum of the
signal q(t), used to drive the power switches, does not have any
unwanted frequency components in the baseband. To facilitate
the interpretation, it can be assumed that the sequence x[n] is
composed by the samples of a continuous-time signal x(t) sam-
pled every Ts = 1/fs s. Because of the inherent periodicity of
discrete Fourier transforms, the first (second) half of the Fourier
transform X[k] of x[n] can be related to the positive (negative)
frequency axis of the spectrum X(f) of the continuous-time
signal x(t). The spectrum X[k] of x[n] does not vanish within
the interval [kL, kH ] ∪ [N − kH , N − kL].

An analytic signal xA[n] is derived from x[n] using a Hilbert
transformer (block HT in Fig. 1). The spectrum XA[k] of

xA[n] is zero for the negative frequencies, i.e., XA[k] = 0 for
k ∈ [knq + 1, N − 1] with knq being the index associated with
the Nyquist frequency of the input signal

knq =

{
N/2− 1, if N is even

(N − 1)/2, if N is odd.

The Discrete-Time Analytical Exponential Modulator plus
Filtering, labeled as block DT-AEMF in Fig. 1, is the key
component of this discrete-time implementation of the click
modulator. It allows to obtain an alias-free version of its
continuous-time counterpart, the Continuous-Time Analytical
Exponential Modulator plus Filtering (CT-AEMF) [38]. Its
implementation is based on applying successive convolutions
to a scaled version of the spectrum of the analytic signal. The
output of the DT-AEMF is the filtered sequence zL[n], where
its Discrete Fourier Transform (DFT) ZL[k] is given by [38]

ZL[k] =
L∑

�=0

Z̃�[k] (1)

with L chosen such that the resulting sequence zL[n] is the
exact equivalent of the CT-AEMF output [38].1 The sequences
z̃�[n] are computed recursively by

z̃�[n] =
1

�
(z̃�−1[n]× zc[n])©M hH [n] (2)

or in the frequency domain

Z̃�[k] =
1

�

[
Z̃�−1[k]©M Zc[k]

]
HH [k] (3)

where ©M is the M -point circular convolution, and zc[n] is a
filtered and scaled version of xA[n] (more on this later). The
term HH [k] in (3) corresponds to the DFT of the analytic LPF
with impulse response hH [k], and it is given by

HH [k] =

{
1, if 0 � k � kU

0, if kU + 1 � k � M − 1.

The length of the sequences z̃�[n] is kU + 1, where kU > kH
is the index that indicates the end of the baseband. These
sequences are zero-padded up to the length M of the circular
convolution, with the value of M chosen so that no aliasing
occurs in the computation, i.e., M � 2(kU + 1)− 1. The cir-
cular convolution is implemented using the FFT thus reducing
computational costs, i.e.,

Z̃�−1[k]©M Zc[k] = IFFT
[
FFT

[
Z̃�−1[k]

]
× FFT [Zc[k]]

]
(4)

where the inner FFTs (and the IFFT) are of length M and
the symbol “×” in brackets indicates point-wise multiplication.
The term Z̃0[k] (corresponding to � = 0) is given by Z̃0[k] =
δ[k], for 0 � k � kU . The frequency components of the input
signal x[n] that lay in the interval [0, kU ] are guaranteed to be
free of distortion at the output of the modulator.

1In many applications, acceptable results can be obtained using a lower
number of terms.
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Fig. 2. Relationship between X[k], XA[k] and Zc[k].

The sequence zc[n] used in the computation of the terms
z̃�[n] in (2) is derived from the scaled version of the analytic
signal xA[n] using the filter hH [n]. In this case it is easier to
calculate the sequences z̃�[n] in the frequency domain using (3).
The DFT Zc[k] of the sequence zc[k] is given by

Zc[k] = −jXA[k]HH [k]/N (5)

where j =
√
−1 is the imaginary unit. When computing Zc[k]

using this equation, it should be noted that the sequences
XA[k] and HH [k] may have different lengths, say N and M ,
respectively. To properly apply the filter HH [k] the sequence
XA[k] should be zero padded with M −N zeros. The action of
the analytic LPF HH [k] is to retain the components of XA[k]
for k ∈ [0, kU ] while zeroing the rest.

Choosing a value for the frequency index kU (the end of the
guard band) results in three possible scenarios.

1) kU < kH : this setting must be avoided because the spec-
trum of the signal x[n] will be distorted within the interval
[kU , kH ] by the appearance of frequency components
produced by the modulator. As a consequence, the di-
agram of Fig. 1 does not behaves as a discrete-time
counterpart of the continuous-time click modulator.

2) kH < kU < knq: the baseband components of the signal
are guaranteed to be free of distortion with a guard band
extending form kH to kU . A sharp reconstruction filter
at the output of the power stage may be required for
demodulation if kU is close to knq . The selection kU =
knq results in N = M , being only necessary to scale
XA[k] by N to calculate the sequence Zc[k] as indicated
by (5).

3) kU > knq: the baseband extends beyond the Nyquist
frequency of the input signal. The sequence XA[k] in the
derivation of Zc[k] must be zero padded because N < M ,
which is equivalent to displace the Nyquist frequency
from knq to kU . This is the preferred setting as it allows
more flexibility in the design of the reconstruction filter.

Fig. 2 shows the relationship between X[k], XA[k] and Zc[k]
(the spectra of x[n], xA[n] and zc[n], respectively) for the
normal operation mode, i.e., kU > knq .

It is useful to summarize the steps required to obtain the
sequence zL[n] from the input x[n].

1) Compute the N -point DFT X[k] of the input signal x[n].
2) Discard the second half of its samples to obtain the

spectrum XA[k] of the analytic signal xA[n] and scale
down the result by 2 (except for the 0 and knq indexes).

3) Add zeros from knq to kU and scale down the result by
N to obtain the sequence Zc[k] [equation (5)].

4) Perform a zero-padding of M − (kU + 1) points over the
sequences Zc[k] and Z̃�−1[k], with M ≥ 2(kU + 1)− 1.

5) Compute the M -point circular convolution using (4).
6) Discard the last M − (kU + 1) samples of the result so

that Z̃�[k] has a length of kU + 1 points and divide the
result by � [Equation (3)].

7) Add the sequences Z̃�[k] as indicated by (1) to obtain the
DFT ZL[k] of the DT-AEMF output zL[n].

The advantage of using the DT-AEMF method is that the se-
quences z̃�[n] are already filtered and alias free, so the number
of terms L in (1) can be increased arbitrarily [38].

The last step in the modulation process is to determine
the switching times of the continuous-time binary waveform
q(t). This computation is carried out by the block ZCD of
Fig. 1. In the continuous-time click modulator [27], an auxil-
iary real signal s(t) is derived from the filtered AEM output.
The zeros of s(t) are interleaved with those of the carrier
c(t) = sin(2πfCt). This interleaving property allows building
the signal q(t), setting the rising edge at the zeros of the carrier
c(t) and the falling edge at the zeros of s(t). The switching rate
fQ of the resulting square wave is twice the carrier frequency,
i.e., fQ = 2fC .

For the discrete-time click modulator the real sequence
s[n] is obtained from the output of the DT-AEMF zL[n] (see
[38]) as

s[n] = Re
{
zL[n]e

−jωCn
}

where ωC = 2πfC/fs. For the click modulator to work prop-
erly it is crucial to determine the exact time instant at which
an hypothetical continuous-time signal s(t) (being s[n] its
samples every t = nTs s) takes the zero value. In previous
works, zero crossings were computed using a polynomial built
using some samples around the sign changes of s[n] [32],
[35]–[37]. The detection improves when either the order of the
polynomial is increased or the sampling frequency of the signal
is augmented. However, the main advantage of using the DT-
AEMF for computing zL[n] is that the sampling rate does not
need to be increased. To exploit this advantage, a novel method
for computing the zero crossings of s(t) is introduced in [38]
which uses the frequency information provided at the output of
the DT-AEMF.

As it is demonstrated in [38], exact computation of the zero-
crossings of s(t) is possible by computing the roots of the
auxiliary polynomial P (σ) defined as

P (σ) =

kC∑
r=0

(
ZL[r]σ

r + ZL[kC − r]σr+kC
)
=

2kC∑
r=0

Crσ
r

(6)
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Fig. 3. Polynomial P (σ) from ZL[k]: (a) DFT ZL[k] of the signal zL[n] at
the output of the DT-AEMF and (b) coefficients Cr of P (σ), where r indicates
the power of the variable σ.

and mapping its zeros σn to switching times using the
transformation

tn =
N

2πfs
arg(σn). (7)

In the time domain, the signal p(t) associated with the poly-
nomial P (σ) is obtained by applying a frequency shift to the
signal s(t) to avoid negative powers of the variable σ to appear,
i.e., p(t) = ej2πfCts(t). For the practical implementation, the
coefficients of the polynomial Cr in (6) can be obtained from
ZL[k] according to

Cr =

⎧⎨
⎩

ZL[r], for r = 0, . . . , kC − 1
2Re{ZL[r]}, for r = kC
ZL[2kC − r], for r = kC + 1, . . . , 2kC .

(8)

The derivation of the coefficients of the polynomial P (σ) from
ZL[k] is represented in Fig. 3.

To generate the binary waveform q(t) the zero-crossings tn
of the signal s(t) given by (7) are interleaved with those of the
carrier c(t). These do not need to be explicitly computed as
they occur at tC = nTQ, with n = 0, 1, . . . and TQ = 1/fQ the
switching period. The pulse widths Δ[n] of the signal q(t) in
Fig. 1 are given by the time difference tn − tC , i.e.,

Δ[n] = tn − nTQ, with n = 0, 1, . . . . (9)

The pulse width values Δ[n] are normalized between 0 and 1
for tn varying between 0 and TQ.

A. Effects of Duty Cycle Quantization

The accuracy at which the switching times of the binary sig-
nal q(t) are positioned impacts on the quality of the modulator.
The effects of the quantization of the zero-crossing detection
as well as the input level were studied in [36] for the discrete-
time version of the click modulator. The relationship between
the word length and the maximum SNR is given by

SNR[dB] ≈ 6.02 · b+ ρ (10)

where ρ, −4.2 dB < ρ < 19 dB, depends on the amplitude of
the input signal and b is the number of bits. In this case the
quantization process is applied to the pulse widths Δ[n] given
by (9). The quantized values will be referred to as Δ̃[n].

Fig. 4. Block diagram of the (a) amplifier and (b) generation of the control
signals.

The limit given by (10) is derived from the additive noise
model for the quantization error ε[n] [39], [40], a traditional
model for the quantization of the amplitudes of a discrete-time
signal. However, when the quantization steps are large or the
number of bits b is small, this model does not hold because the
error signal ε[n] is correlated to the unquantized signal Δ[n],
resulting in the appearance of harmonic frequency components
within the baseband of q(t). One of the techniques used to
diminish the correlation is dithering [41], consisting on adding
a random value r[n] to the signal Δ[n] prior quantization so that
Δ[n] and ε[n] are uncorrelated

Δ̃[n] = Δ[n] + r[n]. (11)

The result is an almost white quantization error ε[n] and a flat
noise floor. The drawback of the dithering technique is that
the noise floor is increased by an amount that depends on the
variance of the random process r[n].

There is a trade off between the whitening effect of r[n] and
the increment of the noise floor. A practical rule-of-thumb is to
set the peak-to-peak amplitude of the random process r[n] equal
to the quantization step q = 1/2b [41], where b is the number
of bits and 1 is the peak-to-peak amplitude of the value to be
quantized Δ[n]. A zero-mean uniform random process is used
in this case, i.e., r[n] ∼ U(−q/2, q/2).

III. EXPERIMENTAL RESULTS

The discrete-time modulation algorithm was tested using
a switching power amplifier built using standard compo-
nents. The system is composed of two main blocks, namely,
the pulse former and the switching stage. The pulse former
is implemented with two integrated PWM modules of the
TMS320F8335 DSP. It reconstructs the modulated signal q(t)
and adds dead-time to avoid cross-conduction. The switching
stage is built with a pair of high-speed synchronous drivers
(MCP14700) with two independent PWM inputs. These drivers
control the switches (IRF8313PbF), one for each leg. The block
diagram of the amplifying system is represented in Fig. 4(a).
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To synthesize the modulated signal q(t), a table [containing
the values Δ[n] given by (9)] is loaded into the memory of the
DSP. Prior quantization the random value r[n] is added to Δ[n]
as indicated by (11), whenever the dithering option is selected.
The pulse former is based on a counter that increments its value
by one when the clock ticks. When it reaches the value stored
in a comparison register (that is proportional to the pulse width
Δ̃[n]), the output toggles. The counter resets at the PWM period
TQ (sawtooth carrier) and the process starts again. With this
architecture, the time-resolution b (in bits) of the edges of the
binary signal depends on the switching frequency fQ and the
DPS’s maximum clock frequency

b = log2

(
fclk
fQ

)

which results in b = 119 bits for fclk = 150 MHz and fQ =
40375 Hz. The maximum achievable SNR is given by (10)
and results in 67.39 dB < SNR < 90.39 dB, depending on the
amplitude of the modulating signal.

The signals Q1, Q2, Q3 and Q4 that drive the bridge are
generated from q(t) adding the dead time to avoid cross con-
duction between same-leg switches. This scheme uses the same
control signal for the upper (lower) switch of the first leg and
the lower (upper) switch of the second leg, i.e., Q1 = Q4 and
Q2 = Q3. Fig. 4(b) shows the waveform of the control signals.
The first row depicts the output of the click modulator. The sig-
nals labeled RED (rising-edge delayed) and FED (falling-edge
delayed) are internally generated by the dead-band generator
module [block DB in Fig. 4(a)] of the DSP. From these signals
the complementary PWM outputs are derived depending on the
configuration of the DSP. In this case it was selected active-high
complementary, which means that if the control signal is high
the corresponding transistor is on.

The introduction of dead times slightly modifies the switch-
ing time of the ideal binary signal distorting the output wave-
form. This adversely affects the resulting SNR at the output
of the amplifier. The effects of the duty cycle variation due to
dead times in the spectra of the binary signal are out of the
scope of this work [42]–[44]. However, they were minimized by
maintaining the dead time less than 0.2% of the PWM period.
This value can be achieved as a result of the low switching rate
(≈ 40 kHz). Fig. 5 shows a picture of the power bridge with the
detail of the switches and the drivers.

To ensure that the full audio bandwidth (20 Hz to 20 kHz) is
free from distortion, the baseband’s upper limit fU is set equal
to the carrier frequency fC = fQ/2. This value for fU imposes
a high order LPF for accurate reconstruction of the signal after
amplification. In our experiments it was so chosen to maximize
SNR due to hardware limitations. The requirements on the filter
can be reduced if fU and fC are increased.

A. IMD Measurement

The most widely used technique for IMD measurement
employs two sine waves of frequency f1 and f2 as the stimulus
signal. The nonlinear behavior of the amplifier manifests as
an infinite number of IMD products in the output spectrum
given by αf1 ± βf2, where α and β are integer numbers. The

Fig. 5. Picture of the Class-D amplifier detailing the drivers and switches.

Fig. 6. Theoretical spectra of the unquantized (blue) and quantized (red) test
signal for IMD measurement.

order of any particular IMD product is α+ β. The most com-
mon IMD measurement standards are CCIF (twin-tone test)
and SMPTE/DIN. The SMPTE/DIN IMD standard specifies a
low-frequency, high-amplitude tone linearly combined with a
high-frequency tone at 1/4 the amplitude (−12.04 dB) of the
low-frequency tone. The DIN specification allows for several
choices for both low and high frequencies, being 250 Hz and
8 kHz the most commonly used. The advantage of using this
stimulus signal is that several IMD products fall within the
audio band.

Fig. 6 shows the spectrum that results from the numerical
simulation of the discrete-time modulator, for both infinite
precision (blue line) and 11.9 bits quantization of the duty cycle
(red line). The quantization process increases the noise floor
such as predicted by (10). However, the baseband is free from
intermodulation components.

The actual spectrum of the signal measured at the out-
put of the Class-D amplifier (without dithering) is shown in
Fig. 7. The spectrum shows spikes harmonically related with
the input tones and its combinations, revealing the deleterious
effects of direct quantization of the duty cycles on the output
spectrum.

The positive impact of dithering is revealed in Fig. 8 that
shows the spectrum of the same signal when dithering is applied
by the DSP before quantization. A flat noise-floor is achieved,
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Fig. 7. IMD test: spectrum of the amplifier’s output with no dithering of the
duty cycles.

Fig. 8. MD test: spectrum of the amplifier’s output for dithered duty cycles.

entirely in agreement with the numerical simulations shown in
Fig. 6. The theoretical SNR of 90.39 dB achievable for a full-
swing input signal (i.e., with Δ[n] varying between 0% and
100%) is reduced to 88.6 dB. This difference of 1.73 dB results
from limiting the duty cycle variations in the actual modulator
between 2.2% and 97.8% for safety reasons.

B. Total Harmonic Distortion (THD) Measurement

The THD measurements are used to analyze the linearity
of the amplifier under test. The stimulus signal is composed
of a single, spectrally pure tone. The nonlinear behavior of
the amplifier is revealed by the appearance of harmonic com-
ponents at its output. The THD is defined as the quotient of
the power of the harmonics and the power of the test tone. In
most practical situations it is difficult to isolate the harmonics
individually, being THD + N computed instead. For THD +
N a narrow band B1 is defined around the frequency of the test
tone. A second band B2 includes the full audio bandwidth of the
amplifier except B1. The THD + N is computed as the quotient
of the power in B2 to the power in B1.

Fig. 9. Spectrum of the test tone for THD + N measurement at the output of
the amplifier.

Fig. 10. THD + N as a function of the frequency of the input signal.

The THD + N is measured for a set of modulating signals
of different frequencies. For each frequency point, a table of
duty cycles Δ[n] is computed and downloaded to the DSP. The
distortion is measured specifying the bands B1 and B2 in the
spectral analyzer. Fig. 9 shows the spectrum measured for a
sinusoidal of 1792 Hz, generated with one of the test tables.
A small band labeled 1 (solid lines) around the test tone defines
B1. A large band labeled 2 (dashed lines) which includes the
full audio band and excludes B1 defines B2. The resulting
THD + N can be read at the bottom right of the figure, being
0.0365% (−68.8 dB) in this case.

This procedure is repeated for sinusoidal signals of different
frequencies, and the results are collected in Fig. 10 that shows
the THD + N as a function of the frequency. The THD + N
exhibits a flat characteristic over the entire audio band, with a
mean of 0.039065% and minimum and maximum values equal
to 0.0359 and 0.0442%, respectively.

A comparison of the proposed amplification system with
similar state-of-the-art implementations is summarized in
Table I. For the sake of comparison, only those with digital
input are included. Although THD + N is less than 0.1% for all
the commercial systems, that value is measured using a 1 kHz
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TABLE I
COMPARISON OF THE PROPOSED SYSTEM WITH STATE-OF-THE-ART COMMERCIAL ICS OF SIMILAR CHARACTERISTICS

sinusoidal modulating signal at 1 W output power. The data
sheets show that THD + N increases with the modulating
frequency. However, the click-modulator achieves a flat THD +
N for the entire audio band (see Fig. 10). The table also reveals
that it achieves a similar values of THD + N using a switching
frequency that is 10 times lower than that of competing systems,
increasing the efficiency of the stage and reducing the speed
requirements of the drivers and switches.

IV. CONCLUSION

In this paper, a Class-D amplifier based on a discrete-time
version of the click modulator was presented. Although the
method resembles the ideas of the continuous-time click mod-
ulator, this architecture exploits the advantages of discrete-time
processing tools requiring neither interpolation nor approxi-
mation to process the signal. The input to the algorithm is a
discrete-time sequence and the output are the pulse widths of
the binary waveform. The power stage was driven by a standard
DSP frequently used for motor control applications.

The computation is carried out completely in the frequency
domain, including zero-crossing detection. The aliasing prob-
lems reported in previous versions of the discrete-time click
modulator are avoided by using the DT-AEMF method, that
is based on grouping the AEM and LPF of the original click
modulator in one single processing block. On the other hand,
zero-crossings were obtained by means of a novel method
that uses frequency information, allowing a very low sampling
frequency compared to polynomial interpolation.

Quantization of the duty cycles is the main responsible of the
resulting noise floor at the output of the amplifier. Dithering was
proven useful to reduce the spikes in the frequency response,
allowing to obtain a flat noise floor. Although the overall noise
floor is augmented by an amount proportional to the variance of
the random process, its flat characteristic remains close to the
theoretically maximum achievable SNR.

The zero in-band distortion is revealed by the IMD test, that
did not show any noticeable intermodulation product falling
within the audio band. The THD + N remains almost flat for
the entire audio band with variations less than 0.04% with a
switching frequency around 40 kHz.

Although this work focuses on audio applications, the same
ideas can be used with slight hardware modifications for high-
power, high-quality and high-efficiency signal generation using
switching stages.
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