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Abstract—Due to advances in power transistor technologies,
such as wide-bandgap semiconductors, higher switching
frequencies and steeper switching slopes are used in power
electronic systems to achieve higher efficiency and power
density. However, this leads to increased electromagnetic
interference (EMI). Conventional passive filter topologies can
use a considerable amount of space and contain heavy
components, reducing overall power density. To minimize
volume and weight of passive filters, active EMI filters can be
used. In this work, a novel EMI cancellation method is
presented, which uses the gate control signals of a power
electronic system to generate a cancellation signal, which is then
superposed with the disturbance signal. The control signals are
slightly delayed to compensate for the time required to
synthesize and inject the cancellation signal. The cancellation
system contains a digital adaptive filter to calculate the
cancellation signal and to achieve high noise suppression. First,
the used method is described in general. After that, the
applicability to power electronic systems is discussed. For
demonstration, the cancellation system is applied to a motor
inverter to reduce the conducted common mode EMI (CM EMI)
caused at the input side of the inverter. The results are shown
and discussed for different operation modes.

Keywords—Active EMI filter, common-mode EMI, motor
inverter

I. INTRODUCTION

Due to increasing conducted EMI caused in power
electronic systems through high switching frequency and
steep switching slopes, active EMI filters have been
investigated in recent years. In general, most active EMI filters
have in common that noise suppression is achieved by
generating a cancellation or anti-noise signal that is
superposed with the noise signal. For this, active EMI filters
are composed of noise-sensing, noise-processing and anti-
noise-injecting components [1]. While there are different
variations of noise-sensing and noise-injecting circuits, such
as capacitive or inductive circuits, another differentiation of
active EMI filters is found in the principle of the noise-
processing circuit. Here, various approaches have been
investigated. Analog noise-processing circuits, consisting of
passive components and an analog active circuit, have been
used for noise suppression in de-de-converters [2], [3], ac-dc-
converters [4] and motor inverters [5], [6], [7]. In [7] in
particular, the line voltages of a motor inverter are measured
and then converted to a fitting cancellation common-mode
current by an amplifier and a passive circuit, matching the
previously measured motor CM impedance. The achieved
noise reduction is 33 dB at 150 kHz, 15 dB at 1 MHz and 0 dB
above 2.5 MHz. Besides analog circuits, digital noise-
processing concepts may be implemented [8], [9]. Here, a
digital system, such as an FPGA or a DSP, is used in
conjunction with analog-digital converters (ADC) and digital-
analog converters (DAC) to sample, process and inject the
noise and the anti-noise signals. Other approaches use
synthesized cancellation signals rather than the sensed noise
signals. In [10], CM disturbance pulses of a dc-dc converter

are suppressed using a synchronized 2-level compensation
pulse. This way, a broadband suppression of 25 dB and up to
55dB is achieved in a frequency range of 150 kHz to
1.8 MHz. [11] follows a similar approach using a
synchronized CM compensation pulse for a dc-dc converter.
In contrary to [10], the anti-noise signal is synthesized with a
DAC instead, allowing for adjustment of shape, amplitude and
width, resulting in a suppression of 10 dB at 150 kHz and up
to 30dB at 10 MHz. In [12], [13], [14], individual noise
harmonics are cancelled by using adaptive notch filters, which
are based on the continuous adaptation of the phase and
amplitude of sinusoidal cancellation signals. For individual
frequencies, reductions of up to 56 dB for the differential
mode EMI of a de-dc converter have been achieved [12].
Another approach, investigated in [15], [16], [17], is the
injection of synthesized and synchronized signals. This
method is based on the measurement of one or more periods
of the noise signal, which is processed into a periodic
cancellation signal. While limited to quasi-periodic
disturbances, broadband noise suppression from 47 dB up to
65 dB in a frequency range of 150 kHz to 30 MHz have been
achieved for the CM EMI of a motor inverter using this
method [15].

When considering broadband noise reduction, each
method has drawbacks that limit the achievable noise
suppression or applicability. For analog and digital noise-
processing circuits, the limiting factors are propagation delays
inside of the active filter, causing a phase misalignment of the
disturbance and cancellation signal [18]. Adaptive notch
filters evade this issue, but the suppression is limited to certain
harmonics [12], a narrow frequency range [13] or strictly
periodic disturbance [19]. The injection of synthesized and
synchronized signals achieves high suppression over a wide
frequency range but is limited to quasi-periodic EMI and
requires complex laboratory devices [15]. Therefore, a novel
cancellation method, based on an adaptive finite impulse
response (FIR) filter, is developed for broadband feedforward
noise suppression of power electronic systems. Due to the
feedforward concept, the active filter is not limited to periodic
EMI. To mitigate limitations related to propagation delays of
the filter, the digital control signals of the power electronic
system are used as an input signal and are slightly delayed
before entering the power electronic circuit. This allows for a
compensation of propagation delays of the filter while
maintaining the feedforward characteristic. Therefore, in the
following this type of filter is called delayed digital control
digital active EMI filter (DDC-DAEF). The active filter can
be implemented using an FPGA system with ADCs and DACs
and additional amplifier circuits.

The organization of the paper is as follows. First, a
theoretical description of the cancellation algorithm is given.
After that, the transfer of the algorithm to power electronic
systems is analyzed. Here, requirements on the targeted
system are identified. After that, a motor inverter
demonstrator setup is introduced and analyzed regarding the
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applicability on the cancellation of the CM EMI. Then, the
implementation of the cancellation method using an FPGA
system is described. Finally, the demonstrator results are
shown and discussed, yielding a broadband suppression of
~25dB from 200kHz up to 6 MHz. At 30 MHz still a
significant reduction of ~6 dB can be achieved.

II. DESCRIPTION OF THE CANCELLATION ALGORITHM

In this section, the proposed cancellation method is
described. First, the underlying Filtered-X least mean squares
(LMS) algorithm is introduced. After that, the general
description of the algorithm is transferred to power electronic
systems, assigning the components of the electrical domain to
the general model of the cancellation method. Finally,
requirements and assumptions are derived that must be
fulfilled by the power electronic system to successfully
implement the cancellation algorithm.

A. General adaptive filter topology

Adaptive filters have been described by Kuo and Morgan
in [20]. A general block diagram for an adaptive feedforward
filter is depicted in Fig. 1. This figure shows an input signal
x(n), which traverses the primary path P(z) and results in the
noise signal d(n). In parallel to the primary path, the adaptive
filter with the transfer function W (z) is located. The same
input signal x(n), that causes the noise signal, also traverses
the filter W(z) to form the cancellation signal y(n). The
cancellation signal and the noise signal are superposed to the
residual noise signal e(n). Ideally, the adaptive filter exactly
resembles the primary path so that the residual noise signal
e(n) is cancelled out to e(n) = 0:

P(2) =W(z)
p(n) = w(n) M
e(n) = d(n) - y(n) (2)

=x(m) *p(n) —x(n) *w(n) =0

Where p(n) and w(n) are the respective impulse
responses of the primary path and the filter and * denotes the
convolution operator.

Input signal Noise signal
x(n) |  Primary d(n) +7/ 7\
| path P'(2) "
z Cancellation
| Adaptive |signaly (n)
filter W (z)
Residual noise signal
( e(m)
Fig. 1. General block diagram of active noise cancellation using an adaptive

filter [20].

B. Filtered-X LMS algorithm

As described in the previous section, the optimal filter
transfer function for the adaptive filter is W(z) = P(2).
However, in practical applications, this optimal transfer
function might not be available due to e.g., lacking
information on the primary path transfer function. In addition,
the filter might not be able to fully represent a primary path
with a high complexity. In these situations, an adaptive filter
can be used, which consists of a filter with variable
coefficients and an adaptive algorithm to iteratively calculate

these coefficients [20]. One popular adaptive algorithm is the
LMS algorithm, which minimizes the mean value of the
squared error signal e?(n) by parameterizing a finite impulse
response filter. The output signal of an FIR filter with order M
can be written as follows [20]:

y(n) =wex(n) +wix(n —1) + -+ wyx(n — M)
=w-x(n)

Where -

)

denotes the dot product of the two vectors,
w=Wo .. Wy) is the filter coefficient vector and
x(n) = (x(n) x(n — M)) is the input signal vector,
consisting of the last M + 1 samples of the input signal. Using
the input signal vector and the error signal, the LMS algorithm
iteratively adapts the filter coefficient vector according to the
following update rule [20]:

wn+1) =wn) + ux(n)e(n) @)

Where u is the step size of the LMS algorithm. After
convergence, the filter weight vector is optimal in terms of
minimizing the mean squared error signal [20]. The LMS
algorithm is widely used in acoustic applications [21], [22]
because of the small number of operations needed when
compared to other adaptive algorithms (e.g., recursive least
squares algorithm) [20]. This reduces the computing power
needed for real-time implementation, even though the
convergence speed is slower compared to said alternatives
[20].

The topology depicted in Fig. 1 assumes that all signals
exist in the signal processing domain and are directly
accessible. However, in practical applications, the
cancellation takes place in, e.g., the acoustical or electrical
domain, and all relevant signals have to be converted between
the signal processing domain and the respective physical
domain [20]. Therefore, the system description of Fig. 1 must
be extended by an injection path and a sensing path, which is
shown in Fig. 2. The injection path is located at the output of
the adaptive filter and converts the digital cancellation signal
into a physical cancellation signal that interferes with the noise
signal in the physical domain. The sensing path is located in
the feedback loop of the error signal and converts the physical
residual noise signal into a digital signal that can be processed

by the algorithm.
d(n) +< )

Injection
path S’ (2)

FIR filter W (2) |

ym) =wimx@) | y(n)

(

LMS-algorithm - e(n)
wn+ 1) = wn) + ux(n)e(n)

x(n) | Primary

path P'(z)

Sensing
path R(z)

]
Electrical domain |

Signal processsing 2

o>

Fig. 2. Extended block diagram of active noise control using the LMS
algorithm and injecting / sensing circuits for accessing the physical signals
[20].

To simplify this new topology, the injection path and the
sensing path are collapsed into a secondary path S(z) that is
located at the output of the adaptive filter. As the secondary
path affects the cancellation signal before the superposition
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with the noise signal, it must be considered in the LMS
algorithm (4) to ensure stability [23], leading to the
introduction of the filtered-X LMS algorithm. In this
algorithm, the input signal vector x(n) is filtered by the
secondary path S(z):

x'(n) = x(n) *s(n) 5)
X'(z) =X(2)S(2)

Where s(n) is the impulse response of the secondary path.
The resulting filtered-X LMS update rule is as follows:

wn+ 1) = wn) + ux'(n)e(n) (6)

In practical implementations, the exact secondary path
transfer function S(z) is not available, therefore a sufficiently
accurate secondary path model $(z) is used. In [24], it has
been found that the phase shift of the model has to match the
phase shift of the exact transfer function by < +90°. The
resulting diagram including the secondary path and the
filtered-X LMS algorithm is shown in Fig. 3.
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v

Fig. 3. Extended block diagram of active noise control with the secondary
path S(z) and the model $(z) [20].

C. Theoretical application in power electronic systems and
fulfilment of the causality constraint

To identify the applicability of the derived filtered-X LMS
algorithm in digital active EMI filters for power electronic
systems, the theoretical description must be transferred to the
typical topology of power electronic systems. In this work,
only line-conducted interferences at the input or supply of the
power electronic system shall be considered.

In general, when analyzing electromagnetic disturbances
of power electronic systems, the noise signal may be modeled
through a disturbance current or voltage, which can be
interpreted as the input signal x(n). As the sink of the
disturbance shall be an artificial network at the supply lines of
the system, the primary path P(z) contains all elements up to
said artificial network, such as passive filters, power lines,
parasitic couplings etc. Therefore, the noise signal d(n) is the
result of the disturbance current or voltage traversing the
primary path up to the artificial network. To introduce the anti-
noise signal into the system, an injection circuit is needed.
Such injection paths have been thoroughly described in [1]
and might contain a DAC with capacitive or inductive
couplers to inject the anti-noise into the supply lines. As a
sensing circuit for measuring the input signal x(n) and the
residual noise signal e(n), capacitive or inductive sensing
circuits [1] may be used in conjunction with an ADC. Finally,
a digital signal processor (DSP) is needed to process the input
signal and residual noise signal into the anti-noise signal
according to the Filtered-X LMS algorithm.

In the previously described concept, the disturbance
current or voltage traverses the primary path, while, in
parallel, it has to be measured, processed into the anti-noise
signal and injected. However, for a successful cancellation,
the noise and anti-noise signal need to be correctly aligned in
time, which is known as the causality constraint [20]. The
causality constraint requires the delay §p of the primary path
to be equal or greater than the total delay of the adaptive filter
Sw and the secondary path Jg:

8p = Sy + B 7)

Otherwise, the noise would change faster than the anti-
noise can be adjusted accordingly, reducing the effectiveness
of the cancellation, especially for high frequencies [12].
However, fulfilling the causality constraint poses a challenge
for electrical systems, as the noise traverses the primary path
at electrical propagation speeds. With the additional latency
of, e.g., the DSP, ADC and DAC, it is highly unlikely that the
primary path delay exceeds the secondary path delay.
Contrary to that, in acoustical systems the noise traverses the
primary path at the speed of sound, allowing for a much larger
delay in the processing of the digital anti-noise signal.

There are multiple approaches to fulfill the causality
constraint. One countermeasure is to assume the noise signal
as a periodic signal and to store one period of the input signal
in the DSP. The repeating sequence could then be re-aligned
so that the delay of the DSP and secondary path is
compensated. However, this is feasible for steady-state
systems only, as the noise might vary for different operating
points of the system. In addition, the required storage capacity
can be very high, depending on the fundamental frequency of
the noise and the required sample rate. Another approach is to
use narrowband sinusoidal input signals to suppress individual
frequencies, which has been pursued in [12], [13], [14]. In this
work, however, a new approach is developed where the
switching signals of the power electronic system are used to
process the anti-noise signal. This approach is feasible as the
EMI of power electronic systems are usually a causal result of
the switching events inside the system, and the digital control
signals can be easily delayed before reaching the power
transistors. This way, the total delay of the primary path,
which now starts at the origin of the gate control signals, can
be increased to match the total delay of the active filter and the
secondary path. A block diagram of the proposed method is
shown in Fig. 4.

Adjustable delay 6p

[ )
14

d(n)

Control Control . Power e(n)
signal [ signal Adéleli:lable > electronic >
generation | | measurement Y system P (z) -
x(n) y'(n)

Delay 6w + Jg Secondary

L 7 path S(z)

| Adaptive |

| filter W (2) y(n)

Fig. 4. Block diagram of proposed concept to fulfill the causality constraint.
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D. Requirements on the power electronic system

Based on the previous theoretical description of the
cancellation method, the requirements on the power electronic
system can be derived.

1) The noise signal must be a superposition of the step
responses of the switching slopes of the control signals:

As discussed in section II.C, it is required to use the control
signals of the transistors as the input signal x(n) of the filter
to fulfill the causality constraint. In turn, this requires a direct
connection between the control signals and the noise signal
that can be matched and recreated by the FIR filter.
Concerning binary gate control signals, each rising or falling
slope can be represented as a step function. The resulting noise
signal must be only the superposition of the primary path step
responses to the binary gate control signals. At the summation
point, the step responses of both the primary path and the
adaptive FIR filter are added, resulting in noise reduction.
Noise of other origin cannot be suppressed.

2) Step responses of the control signals must be
sufficiently short:

As an adaptive FIR filter is used due to its stability and the
ease of its digital implementation, the complexity of the output
response is limited. Again, for binary gate control signals as
input x(n), the FIR filter step response reaches a constant
output level after the length of its finite impulse response has
passed. For the anti-noise to match the noise, the step response
of the primary path has to reach a constant output level in
equal or less time than the FIR filter. Therefore, short
switching noise pulses are favorable for this method. As the
disturbance mechanism, or primary path, varies for each
power electronic system, the system of interest must be
analyzed individually.

III. DEMONSTRATOR SETUP AND ACTIVE CANCELLATION
IMPLEMENTATION

In this section, results using a demonstrator setup are
shown. First, the power electronic demonstrator, consisting of
a 48 V motor inverter system, is described. Following that, the
applicability of the proposed method in this system is
analyzed. After that, the active cancellation system is
implemented to reduce the common mode EMI at the DC
terminals of the motor inverter. In the last chapter, the test
results are shown.

A. Motor inverter system

The demonstrator setup is a 48 V motor inverter system
which has been already presented in [15] to demonstrate the
results of the active cancellation using synthesized and
synchronized signals. The setup consists of a 48 V voltage
source, two artificial networks for EMI measurements, a 48 V
GaN motor inverter and a motor load emulation consisting of
inductors and resistors, which is later substituted for a
synchronous motor in section IV.E. At the DC side of the
system, the DC— line is isolated from the ground, so that CM
currents can occur in both DC lines and the electrical ground
of the system. The measurement ports of the artificial
networks are connected using a common/differential mode
switch (CM/DM switch) from Schwarzbeck, CMDM 8700,
which contains a high frequency transformer with multiple
windings. At the output of the common/differential mode
switch, the DM EMI of the DC lines are subtracted, while the
CM EMI are preserved. Finally, an EMI test receiver by R&S,
ESRP, is connected to the switch, measuring the CM EMI at

the inverter DC input. A block diagram of the overall setup is
depicted in Fig. 5.

EMI test PWM.
. generation
receiver (FPGA)
PWM signals
y
-] —t 95mH 0,50
Sul
v ANs,CM /
be DM switch
gu
- Ll
Motorinverter ~ Motor emulation
load

Fig. 5. Simplified block diagram of the demonstrator inverter system [15].

The inverter is controlled by sinus-modulated PWM
signals, determining the switching states of the half-bridges
inside of the inverter. The PWM signals are calculated by a
separate FPGA system. The fundamental switching frequency
of the PWM signals is 100 kHz, with a varying modulation
frequency depending on the requested motor speed.

B. Analysis of the applicability of the proposed cancellation
method

As discussed in section II.D, the applicability of the
proposed cancellation method requires the noise signal to
consist of multiple step responses, as the used adaptive FIR
filter may only reproduce step responses as output signals.
Therefore, the underlying mechanism of CM EMI in inverter
systems has to be analyzed.

In, e.g., [7], [25], [26], it is shown that CM EMI in inverter
systems is primarily caused by parasitic capacitive coupling
between the motor lines and the electrical ground, e.g., the
housing of the motor or shielding of the motor cables. This
capacitive coupling forms a low impedance path for high
frequency currents, generated through the switching output
voltages of the motor inverter. The return path of the CM
current usually consists of additional capacitive coupling
between the DC lines and the electrical ground, consequently
causing CM interferences at the DC side of the system. In this
setup, the return path through the DC lines is defined through
the discrete components inside of the artificial networks, the
CM switch, and the EMI test receiver. The resulting voltage
drop caused through the CM current at the EMI receiver is
eventually measured as the CM EMI at the DC side.

To analyze this mechanism, a model of the CM EMI must
be introduced. Therefore, an equivalent one-phase model
according to [7] is used, which is depicted in Fig. 6. This
model consists of a CM voltage source V¢, the capacitive
coupling C3pp, gnp Of the three load phases to ground, the
equivalent impedance Z)y,4gnp Of the load to ground, and the
equivalent impedance Z,y gnp Of the artificial networks to
ground. To introduce the EMI test receiver and therefore the
measured CM EMI Veygmy as part of the model, the
impedance Zg,. of the EMI test receiver is added.
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Fig. 6. Equivalent single-phase model with the motor inverter as a CM
voltage source Vg iny. causing the CM current Iy [7].

The occurring CM voltage Ve iy, consists of the sum of
the line voltages V,,, Vo and V., to ground, which is
described through the formula (8) [7]:

Vao + Voo + V.
Vemny. = ——F— ®)

Each line voltage to ground is determined by the switching
state x,, X, and x.. of each half bridge:

Ve
> Xap/c = 1
Vao/bo/co = Voc ©
5 Xa/pse =0

The resulting CM voltage measured at the port of the EMI
test receiver can be described with:

Vv _ VaO + VbO + VCO ZRec
CM,EMI — 3 '

10

Zeq,CM ( )

In equation (10), Zeq cm denotes the total CM impedance

of the system, defining the total CM current caused by the
motor inverter.

The introduced model shows that a system definition with
the half bride control signals x, 1,/ as input signals and the
CM disturbance Vcy gv; as the output signal can be derived.
Therefore, the proposed active cancellation method is
applicable to the system if a suitable input signal related to the
inverter CM voltage is used.

C. Implementation of the active cancellation system

After analyzing the applicability of the proposed method,
the active cancellation system is implemented in the motor
inverter system.

a) FPGA system: For real-time implementation of the
FxLMS-algorithm introduced in section II.B, the FPGA
system STEMlab 125-14 by Red Pitaya is used. This FPGA
board contains a Xilinx Zynq 7020 SoC, which is connected
to two ADCs and two DACs. All four converters provide a
vertical resolution of 14 bit and a sample rate of 125 MS/s.
The overall system is capable of processing analog signals
with a bandwidth greater than 50 MHz. The FPGA is clocked
at the same frequency of 125 MHz, i.e., one step of the filter
algorithm is computed in 8 ns, a new input sample is loaded
and a new output sample is injected. The FPGA is configured
using MATLAB and Simulink HDL coder. This way, the

algorithm can be defined though a block diagram, which is
then synthesized into Verilog code to program the FPGA.

b) Delay of the control signals: As discussed in section
II.C, the causality condition has to be met to successfully
suppress noise using this method. To do so, the total signal
delay of the noise or primary path has to be equal or greater
than the total signal delay of the anti-noise, with both paths
starting at the noise source as shown in (7). However, it can
be assumed that this condition is not met in the motor inverter
system, as the delay of the half bridge driver logic, drivers
and transistors is very low. However, the control signals can
be delayed before reaching the driver circuits, effectively
adding a propagation delay to the primary path. This can be
done by digital delay generator ICs, or, in this case, the FPGA
system placed inbetween the control signal source and the
motor inverter. This way, the anti-noise signal can be
calculated based on the control signals while simultaneously
delaying the control signals to compensate for the total
latency of the anti-noise calculation and injection.

¢) Input signal calculation: In parallel to the delay of
the half bridge control signals, a viable input signal x for the
algorithm has to be calculated, as seen in section I1I.B. To do
so, a signal proportional to the inverter CM voltage is derived
based on equation (11):

X =x3+xp +x.— 1.5 X Vepiny, (11)

The resulting signal is shifted by —1.5 so that the DC
component is 0. Compared to a direct calculation of Ve iny.,
this proportional signal is unaffected by the inverter DC input
voltage Vp, while the scaling of the amplitude is managed by
the weights of the algorithm. Therefore, this unscaled signal is
advantageous and does not require measuring Vp.

d) Noise sensing circuit: To sense and feed back the
residual CM noise signal as the error signal e(n), the
measurement port of the CM/DM switch is used. To
distribute the signal between the EMI receiver for
measurements and the active filter, a power splitter is used.
The power splitter is connected to one of the ADCs of the
FPGA system, which is connected in parallel to a 50 Q
resistor for line termination.

e) Anti-noise injecting circuit: To inject the calculated
anti-noise signal back into the system, an injecting circuit is
needed. For this, capacitors are used providing high-
frequency coupling to the DC-lines. The cancellation signal
is generated with the DAC of the FPGA system and then
amplified by a high power, high frequency operational
amplifier board ADA4870ARR-EBZ. For a higher gain, both
FPGA DACs are used with one amplifier each, so that the
cancellation current is not split across both DC lines.
However, both outputs generate exactly the same signal. In
order not to short the cancellation signal by the inverter bulk
capacitors, a CM choke of the type WE MnZn 74272722 by
Wiirth Elektronik is added between the coupling capacitors
and the input of the inverter. Even with the cancellation signal
disabled, the CM choke filters the CM EMI measured at the
DC lines, which has to be considered when the performance
is evaluated in Section IV.A.

A diagram of the overall setup, including the FPGA
system, the sensing, and the injecting circuit, is depicted in
Fig. 7. A picture of the laboratory setup is shown in Fig. 8.
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Fig. 8. Laboratory test setup.

IV. MEASUREMENT RESULTS

In this section, the demonstrator measurement results are
shown and discussed. Furthermore, some transient scenarios
are analyzed to point out advantages and limitations of the
proposed cancellation method.

A. CM EMI without and with disabled cancellation system

First, the CM EMI without the cancellation system is
measured. The operation parameters of the system are set to a
DC voltage of 24 V and a modulation frequency of 50 Hz. The
total power dissipated through the motor emulation is
~230 W. In Fig. 9 (bottom plot), the CM noise measured at the
common/differential mode switch with an oscilloscope is
shown in time domain. Additionally, the measured PWM
control signals are shown in the upper plot, which are then
used to calculate the CM inverter voltage in the center plot
according to (8). In this graph, the correlation of the PWM
signals and the disturbance signal, as discussed in section
IIL.B, is apparent: Each negative step of the CM inverter
voltage causes a short CM EMI pulse of +3 V, while the steep
positive steps at ~0 ps and ~10 ps causes CM EMI pulses of
—9 V. In turn, the CM inverter voltage directly relies on the
PWM signals: As all half-bridges are switched on at =10 ps,
the CM inverter voltage rises, while the turn-off of each
individual half-bridge causes the CM inverter voltage to drop
by Y.

In Fig. 10, the EMI test receiver CM noise voltage
measurements without and with cancellation system in a
disabled state are shown. It must be noted that the CM choke
and coupling capacitors are only included in the scenario with
the cancellation system in a disabled state. The measurements
are conducted using a resolution bandwidth of 9 kHz and a

measurement time of 20 ms to record one full period &f 51& FIEE

The disturbance consists of switching harmonics at multiples
of 100 kHz, which corresponds to the PWM modulation
frequency of the inverter. Comparing the spectra without and
with cancellation system in a disabled state, a resonance at
500 kHz is introduced through the passive components of the
cancelation system. This is assumed to be caused by the
additional coupling capacitors and the CM choke. At higher
frequencies, the CM choke and decoupling capacitors reduce
the overall measured CM noise, even with the cancellation
system disabled.
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Fig. 9. Measured inverter control signals, calculated CM inverter voltage
Vem, inv. and measured CM noise voltage Ve gy at the artificial network.
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Fig. 10. Noise spectra without cancellation system and with cancellation
system in deactivated/passive state (reduction through passive components
of the system).

B. Secondary path identification and modeling

To ensure stable operation of the Filtered-X LMS
algorithm, the secondary path S(z) must be identified to find
an adequate model $(z). To do so, the FPGA system injects a
series of sine waves with different frequencies into the system
while the inverter is turned off. This identification signal then
traverses the secondary path and is measured by the FPGA
system at the sensing circuit. By comparing the amplitude and
phase of each sine wave at the input and the output of the
system, a discrete transfer function of the secondary path can
be calculated. Next, this frequency-discrete transfer function
can be converted to a digital model that filters the input signal
in real time like shown in (5). Here, a second-order IIR filter
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is used in conjunction with a digital delay to account for the
dead-time of the system. The latency may be caused by, e.g.,
FPGA processing latency, DAC and ADC latency,
propagation delay of the signals through the cabling system
and so on. A total delay of 26 samples is identified, which
equals 26 - 8 ns = 208 ns. The parameters of the IIR filter
are approximated using the MATLAB function invfreqz [27]
on a PC. In Fig. 11, the measured system response and the
system response of the identified secondary path IIR filter
model with the identified delay are depicted. The amplitude
response shows a resonance at 500 kHz, which matches the
resonance observed in the measured CM EMI (Fig. 10). The
phase response is composed of a frequency dependent
characteristic (e.g., through the components of the sensing and
injection circuit) and a linear phase decrease due to the delay
of 26 samples (appearing exponentially due to the logarithmic
x-axis scale). The stability range of +90° phase response error,
as required by the filter algorithm [24], is displayed as well
and not violated by the model.
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Fig. 11. Amplitude and phase response for the measured secondary path and
the derived secondary path model consisting of a 26-sample delay and a
second order IIR-filter.

C. CM EMI in power drive sytem with emulated motor

In the following, the noise compensation system 1is
analyzed. First, the need of delaying the control signals in
order to compensate for the processing delay of the FPGA,
DAC, etc., is discussed. In Fig. 12 noise and residual noise
without delaying the control signals are depicted. The residual
noise almost exactly resembles the noise for ~40 ns after the
pulse rises. This is because the cancellation system is unable
to react to the disturbance pulse caused by the switching of the
control signal in time. In Fig. 13, the same signals are depicted
for an additional delay of 56 ns of the control signals. With the
additional delay, the anti-noise signal can be processed in time
to fully compensate the pulse of the noise signal. This delay
must not be confused with the delay of 208 ns identified for
the secondary path in section IV.B, as this delay of 56 ns only
needs to account for the difference of latency in the primary
path and the secondary path. The spectrum of the residual EMI
is shown in Fig. 14, with the original noise without the
cancellation system, and the reduced noise with the
deactivated cancellation system. The noise is reduced across
the depicted frequency range by ~24 dB up to 5 MHz, and
~6 dB at 30 MHz. At 100 kHz, the noise is reduced by
~6.5 dB. As normative EMI emission tests only consider

frequencies above 150 kHz, this performance difference can
be negligible for practical applications.
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D. CM EMI cancellation for varying modulation frequency

In the previous section, the results have been discussed for
a static modulation frequency of 50 Hz. However, in many use
cases, e.g., for traction motors, the modulation frequency is
changing over time. For a further investigation of the
achievable noise suppression during load changes,
measurements are conducted for a varying modulation
frequency. To do so, the modulation frequency of the control
signal generator is increased from 50 Hz to 100 Hz in steps of
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2 Hz every 2 seconds, leading to a total of 48 seconds to ramp
up to 100 Hz. The CM EMI is measured at each frequency
step using the trigger input and the spectrogram mode of the
R&S EMI test receiver. As the change of modulation
frequency can only be seen in the side-band harmonics of the
disturbance, the resolution bandwidth of the receiver is set to
10 Hz, while the frequency range is reduced to 198 kHz to
202 kHz to display the side-band harmonics adjacent to the
switching harmonic at 200 kHz. To establish a baseline, the
EMI with the cancellation system disabled is shown in Fig. 15.
At 0 s, for which the spectrum is shown at the bottom, the side-
band harmonics with a distance of 150 Hz around the
switching harmonic at 200 kHz can be seen. The spacing of
150 Hz is caused through the symmetry of the three-phase
system and the 120° phase shift of the control signals. Starting
at 10s in the spectrogram, the modulation frequency is
increased. Therefore, the side-band harmonics are
continuously spread with a wider distance. At 58s, the
maximum modulation frequency of 100 Hz is reached, for
which the spectrum is shown at the top of the figure. Here, the
spacing of the side-band harmonics is at 300 Hz.
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Fig. 15. Noise spectrogram with disabled cancellation system during
frequency ramp from 50 Hz to 100 Hz.

For Fig. 16, the same procedure is conducted with the
cancellation system enabled. As the cancellation system is
enabled, the amplitude of each harmonic is reduced, which is
represented through the color intensity of the spectrogram.
Over the time of the frequency variation, the suppression is
retained, as the amplitudes do not change. At 100 Hz
modulation frequency, as shown at the top of the figure, each
side-band harmonic is reduced by 25 dB up to 35 dB.
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Fig. 16. Noise spectrogram with enabled cancellation system during
frequency ramp from 50 Hz to 100 Hz.

It is expected that faster load changes can be compensated
as well, as the adaptive FIR filter compensates each
disturbance pulse based on each step in the input signal,
VM iny.- The motor frequency modulated through these pulses
does not directly impact the shape of the noise pulses.
Therefore, the proposed method is robust to changes in the
input signal, given that the fundamental relationship between
the switching events of the power transistors and the resulting
disturbance pulses stay the same, which can be assumed in
most cases.

Therefore, the power dissipated at the load is expected to
have no influence on the noise suppression as well: Although
the PWM modulated signals and time alignment of the pulses
change, the voltage level of the inverter and consequently the
individual disturbance pulses are unaffected, resulting in
unchanged conditions for the noise suppression.

E. CM EMI in power drive system with PMSM

Up to this point, all measurements have been conducted
using a motor load emulation with resistors and inductors. As
real electric machines can lead to additional frequency
components that can cause active compensation techniques to
fail, in this section, the passive load is replaced by a 48 V
permanent magnet synchronous motor (PMSM) with a
variable mechanic load. The PMSM is controlled using a
field-oriented control algorithm, running on a separate FPGA
system. The injection and sensing circuits remain unchanged.
However, as the motor introduces a different common mode
impedance, which may affect the secondary path model, the
secondary path model is updated using the same method as
described in IV.B. Fig. 17 shows the transistor control signals
and the resulting noise with the motor attached. The
disturbance mechanism remains unchanged, as each switching
signal results in a corresponding disturbance pulse. In
comparison with the disturbance pulses with the motor
emulation load in Fig. 9, the disturbance pulses with the
PMSM are longer in time.
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To investigate eventual dependencies of the dissipated
mechanical power on the cancellation, the noise reduction
performance is evaluated for two loads. In Fig. 18, the spectra
of noise with deactivated cancellation system and the residual
noise with activated cancellation system are shown for idle
state with no mechanical load. Once more, the noise is reduced
across the entire frequency range, with 23 dB at 600 kHz,
20 dB at 4 MHz, and still 6 dB at 10 MHz, yielding a result
similar to the motor emulation circuit used for Fig. 14. The
same measurement is repeated in Fig. 19 with a mechanical
load. Once again, the cancellation yields nearly identical
results, implying that the cancellation is not dependent on the
total transfer power. This is plausible as the derived modeling
of the CM disturbance in (8) and (10) only depends on the
impedances of the system and the inverter voltage. In addition,
this measurement shows the independency of the cancellation
method on the PWM generation for the inverter: With the
motor emulation load, pre-computed PWM signals were used,
modulating an ideal sinusoidal waveform. For the PMSM, a
field-oriented control algorithm was used, resulting in a more
realistic application. As the cancellation is done for each
individual switching impulse, the generation and sequence of
these pulses do not affect the cancellation performance.
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F. Power consumption of the CM EMI cancellation system

In order to assess the total impact of the EMI cancellation
method on the system, the power consumption of the active
circuitry has to be assessed. In this application, the FPGA
system and the analog amplifiers need to be considered. An
overview is given in TABLE L.

The measured power consumption for the FPGA system is
about 5.5 W and is independent of the required cancellation
power.

Furthermore, in the analyzed laboratory setup, the
amplifier has a power consumption of about 2.4 W. However,
the measured power of the cancellation signal is only about
70 mW. In comparison to the DC power of 260 W for the
motor drive system, the power of the cancellation signal is
very low, but due to the power consumption of the FPGA
system and the amplifier, the EMI cancellation method
requires 3.04 % of the motor drive system’s power. To
estimate the power consumption of the EMI cancellation
method in a more realistic 100 kW powertrain system, the
power of the cancellation signal is scaled by
100 kW /260 W = 385. In this estimation it is already taken
into account that the theoretical efficiency of 78.5 % [28] of
a class B amplifier cannot be reached and an efficiency of 25 %
is assumed. In this case, the EMI cancellation method would
require only 0.11 % of the motor drive system’s power.

TABLE 1. POWER REQUIRED FOR THE EMI CANCELLATION METHOD
Measurement | Prognosis for
of 260 W low | 100 kW high
power system | power system

FPGA system 5.5W S5W
Cancellation signal | 70 mW 27TW
Amplifier 24W 108 W
Y. Power EMI 7.9 W 1135 W
cancellation

method

Relation to 3.04 0.11

transfer power

in %

G. Delay of the PWM signals

Besides power consumption, another property that might
influence the operation of the motor inverter system is the
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introduction of the additional delay to the PWM signals in
order to fulfill the causality constraint (section II.C). For the
results as demonstrated in Fig. 18 and Fig. 19, a delay of 56 ns
has to be introduced. Compared to the switching period of
10 us, this delay is very short. Therefore, regarding the
mechanical motor performance, no negative impacts are to be
expected.

V. CONCLUSION

In this work, a novel cancellation method with an adaptive
FIR filter, using the digital gate control signals as the input,
has been presented to suppress the CM EMI of a motor drive
system. With this method, the FIR filter weights are adapted
using the filtered-X LMS algorithm to minimize the residual
noise signal while considering effects by the injection and
measuring path. Requirements on the power electronic
system at issue have been derived. The causality constraint
has been identified as a central condition that has to be
fulfilled. To do so, the digital gate control signals are time
shifted before reaching the power electronics to compensate
the time needed for synthesizing and injecting the
cancellation signal. The method has been applied to the CM
EMI of both an emulated motor and a PMSM with similar
results, using an FPGA system as a suitable signal processor
for the cancellation method. The CM EMI has been actively
suppressed by 20 dB up to 4 MHz and still 10 dB at 10 MHz.
Additionally, it was shown that the CM EMI suppression is
not influenced by speed changes. The cancellation signal’s
power of 70 mW is very small in comparison to the motor
drive system’s power of 260 W.
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