Moises Ferber 
  
Florent Morel, Senior Member, IEEE Roberto Mrad 
  
Member, IEEE Gaël Pillonnet 
  
Member, IEEE Christian Vollaire 
  
Power Efficiency and EMI Attenuation Optimization in Filter Design

Keywords: Conducted immunity and emissions, Filtering, Passive component modeling and measurement techniques, Power electronics, Printed circuit board EMC

This paper presents a discrete conducted electromagnetic interference filter optimization procedure, based on a Genetic Algorithms. A macro-modeling technique taking into account the load impedance, the source emissions and the filter parasitic components, including the filter layout, is used to obtain an accurate solution for the optimization process. The latter searches among supplier passive component databases and provides, for a given filter topology, an optimal set of components available on the market. This approach has been applied to a differential Class-D audio amplifier for validation. By considering the EMI, the additional power losses introduced by the filter and the audio gain, two different optimization formulations have been tested. The first corresponds to maximizing the power efficiency of the system while respecting a determined level of electromagnetic emissions. The second corresponds to minimizing the EMI without exceeding a determined level of power loss. The optimized filters are built and measurements are carried out. The results show a remarkable power efficiency improvement and a significant EM emission reduction when compared to a reference filter.

I. INTRODUCTION

Nowadays, electronic devices demand high power due to the diversity of applications in the same device. Switching power converters and power management circuits are therefore widely used. Generally, such circuits have high electromagnetic (EM) emissions, because they deal with switching signals and they provide higher power, compared to their surrounding electronics. To avoid any system dysfunction, electromagnetic interference (EMI) filters are used in most cases. A filter's performance is measured by its high frequency insertion loss. Therefore, stray elements have a direct impact on the filter's effectiveness [START_REF] Ozenbaugh | EMI Filter Design[END_REF]. Moreover, EMI filters are in the electrical power path and if they are not adequately designed, they can lead to high power losses due to parasitic resistances. Thus, they can reduce the overall power efficiency.

To confirm this issue, power measurements on a low power Class-D amplifier for a hands-free mobile phone application have been made, with zero and low audio signal level (-20 dB full scale). At the supply pin, we recorded an average of 10 mW and 50 mW of power consumption when the amplifier is used without and with an EMI filter, respectively. Therefore, due to the EMI filter, the system consumes 5 times more at low output power. In [START_REF] Russo | Dynamic voltage scaling for series hybrid amplifiers[END_REF], it has been shown that in a real audio signal (i.e. Jazz song), there are more amplitude levels lower than -20 dB full scale than the higher amplitudes for a 10 s recording. Thus, it can be deduced that a Class-D amplifier runs most of the time at low signal levels. As a result, the additional power losses due to the EMI filter is a crucial parameter in filter design for battery-powered, audio applications.

Some electromagnetic compatibility experts rely on experience to design EMI filters. Other designers refer to the classical filter design methodology, which consists in determining the required attenuation of conducted emissions relative to a given EMI standard or system specification, and then computing the values of inductances and capacitances analytically for a given topology [START_REF] Jettanasen | Reduction of Common-Mode Conducted Noise Emissions in PWM Inverter-fed AC Motor Drive Systems using Optimized Passive EMI Filter[END_REF]- [START_REF] Chen | Series-connected grounding of common-mode EMI filter[END_REF]. These procedures may lead to sub-optimal solutions for EMC, volume, area and specially power efficiency. Thus, the filter design formulated as an optimization problem can be advantageous. Even though one can find many papers about EMI filter design, to the best knowledge of the authors, no work has investigated yet the problem of maximizing the power efficiency of an EMI filter, while keeping a determined level of EMI attenuation or maximizing EMI attenuation, while keeping a determined level of power efficiency.

A continuous optimization procedure has already been applied to EMI filter design for power electronics [START_REF] Gerbaud | Modelling process and optimization of EMC filters for power electronics applications[END_REF], [START_REF] Poire | SMPS Tools for EMI Filter Optimization[END_REF], for aerospace applications [START_REF] Griffo | Design optimization of passive DC filters for aerospace applications[END_REF], [START_REF] Barruel | Volumetric optimization of passive filter for power electronics input stage in the more electrical aircraft[END_REF] and for signal processing [START_REF] Dhabal | An Efficient Nonuniform Cosine Modulated Filter Bank Design Using Simulated Annealing[END_REF]. However, this type of optimization can be improved. Passive filters are constituted of standard components available on the market, such as surface mounted technology (SMT) components. These have discrete nominal values. Component nominal values given by a continuous optimization are most of the time unavailable from suppliers. Additionally, SMT component suppliers provide component libraries that take into account high frequency behavior. Therefore, optimizing a filter according to the available components on the market is much more realistic.

The number of available components on the market, considering all suppliers, is very high. For instance, a filter of 5 components and 100 items per component, which is a fairly small problem, corresponds to a discrete design space of size (10 2 ) 5 = 10 10 . Considering that each function evaluation takes about 1 s, the time required for an exhaustive search would be more than three hundred years, thus, impractical. Discrete optimization methods are able to explore a very small subset of the design space and find the global optimal or a design which is near to the global optimal.

Previous work in filter optimization such as [START_REF] Caponet | EMI filters design for power electronics[END_REF]- [START_REF] Ali | Design of a Hybrid Integrated EMC Filter for a DC-DC Power Converter[END_REF], neglect or give less importance to the parasitic effects of components and printed circuit board (PCB) tracks. Nevertheless, this part is essential in high frequency EMI modeling. In [START_REF] Leibinger | Proposal for scalable models in EMC simulation[END_REF], the equivalent series resistance, capacitance and inductance of passive components are modeled with lumped circuit elements as an attempt to increase accuracy in EMC analysis and optimization. However, there is no simple expression that links these parasitic effects to the component nominal value. Therefore, using the component models provided by the supplier is the most adequate choice.

In [START_REF] Ferber | Discrete optimization of EMI filter using a genetic algorithm[END_REF], the authors propose an automated filter design based on discrete optimization by Genetic Algorithms (GAs). The optimization runs on a sub-system level macro-modeling technique in the frequency domain which relies on impedance matrix manipulation. The approach is presented in [START_REF] Mrad | N-conductor passive circuit modeling for power converter current prediction and EMI aspect[END_REF], [START_REF] Mrad | Integrated class-d audio amplifier virtual test for output EMI filter performance[END_REF]. It allows the source emissions and the load impedance to be included for a fast and accurate electromagnetic emission computation. The filter, having a fixed topology [START_REF]MAXIM : MAX9700B Evaluation Kit[END_REF], is implemented in Advanced System Design (ADS) software. Therefore, most of the filter imperfections such as the PCB layout and PCB stray components are taken into account. The filter components are replaced by their models provided by the suppliers in a library of models referring to their products. The GA searches among these components and generates an impedance matrix from the ADS filter model. Finally, based on the criterion calculated using the macromodel, the optimization process extracts a set of components corresponding to the optimal solution. Note that the component references are given and they can be found on the market.

The present paper extends [START_REF] Ferber | Discrete optimization of EMI filter using a genetic algorithm[END_REF], by giving more details about the optimization and testing two different problem formulations. The first formulation aims to maximize the filter power efficiency while respecting the EM emission limit. The second formulation aims to reduce the system EM emissions without decreasing the system power efficiency. Both formulations are solved numerically and validated with experimental measurements. Finally, a comparison between the two formulations is made to highlight the existing trade-off between power efficiency and EMC performance.

The remainder of this paper is organized as follows: in Section II, the problem formulation is presented. Then, in Section III, the modeling method, the power computation expressions and the optimization methodology are depicted. In Section IV, the application on a Class-D amplification system is presented. Section V presents the experimental results. Finally, in Section VI, a conclusion is presented.

II. PROBLEM FORMULATION

A simplified block diagram of a system composed of a source of EM emissions, an EMI filter and a load is presented in Fig. 1 and will be used in the following problem formulations as optimization problems.

A. Formulation I: Power efficiency maximization

The first problem consists of maximizing the power efficiency of an arbitrary filter topology, such that a determined level of EMI attenuation is achieved and there is no significant impact on the audio signal caused by a voltage drop in the audio band. The decision variables in the input vector x are the component models available in the libraries of the suppliers. Thus, the entries of x are black-box models of resistors, inductors and capacitors, which are accurate up to at least 100 MHz.

The maximization of power efficiency can be formulated as a minimization of the system's power losses, here denoted as P SY S . The constraints related to the EMI level and the audio quality are implemented as penalty factors in the fitness function f (x), which is given by the following expression:

f (x) = P SY S + P EM I + P A (1) 
where P EM I and P A are equivalent power losses penalty associated with EMI level and audio quality, respectively. For instance, given a x, if the EMI attenuation is achieved, then P EM I = 0. Otherwise, P EM I is a high number relative to P SY S . The same criterion is applied to P A . Thus, the problem is formulated as:

minimize x f (x) such that x ∈ L ( 2 
)
where L is the collection of components from all supplier libraries.

B. Formulation II: EMI attenuation maximization

The second problem consists of maximizing the EMI attenuation of an arbitrary filter topology, such that a determined power efficiency is achieved, without impact on the audio signal. The maximization of EMI attenuation can be formulated as a minimization of EMI level, after the filter is introduced, here denoted as EM I SY S . The EMI level EM I SY S is defined as:

EM I SY S = |I IN k,F (jω)|>|I IN k,REF (jω)| |I IN k,F (jω) -I IN k,REF (jω)| + |I OU T k,F (jω)|>|I OU T k,REF (jω)| |I OU T k,F (jω) -I OU T k,REF (jω)| such that ω ∈ Ω and k ∈ {1, 2}, (3) 
where The constraints related to the power efficiency level and the audio quality are also implemented as penalty factors in the fitness function f (x), which is given by the following expression:

I IN k,F ( 
f (x) = EM I SY S + EM I η + EM I A (4) 
where EM I η and EM I A are equivalent EMI penalties associated with power efficiency level and audio quality, respectively. For instance, given a x, if a determined power efficiency is achieved, then EM I η = 0. Otherwise, EM I η is a high number relative to EM I SY S . The same criterion is applied to EM I A . The penalties are applied if any current peak of the given filter spectrum exceeds the one obtained with the reference filter.

Here, the problem formulation is identical to (2) with f (x) given by ( 4).

III. METHODOLOGY

The methodology developed in this paper is presented in three subsections as follows.

A. Modeling approach

A frequency-domain modeling approach presented in [START_REF] Mrad | N-conductor passive circuit modeling for power converter current prediction and EMI aspect[END_REF] was used. This method was chosen because it is a subsystem level macro-modeling technique. It can be easily applied on single phase systems such as DC-DC converters [START_REF] Tabbakh | High frequency battery impedance measurements for EMI prediction[END_REF], differential systems such as the integrated Class-D amplifiers [START_REF] Mrad | Integrated class-d audio amplifier virtual test for output EMI filter performance[END_REF] or even N-phase systems. This approach is particularly interesting for studying the filter in the final application, according to a specific EMI source and load with a good accuracy at high frequencies.

An accuracy limitation of this modeling approach is related to not taking into account the electric and magnetic coupling between components and between component and PCB tracks, which can be very important [START_REF] Wang | Effects of parasitic parameters on emi filter performance[END_REF], [START_REF] Bernal | Use of mutual coupling to decrease parasitic inductance of shunt capacitor filters[END_REF]. However, this model has a short simulation time compared to the traditional transient simulations, which is a great advantage when integrated in an optimization loop in EMI filter design.

The considered frequency modeling approach consists in decomposing the system into functional blocks, as shown in Fig. 1. Three blocks can be seen in this figure: the Class-D amplifier, the filter and the load. The Class-D amplifier is modeled by electric sources and an impedance matrix that corresponds to the Class-D amplifier output impedance. The load is modeled by an impedance matrix if it is a passive load or by electric sources and an impedance matrix if it is an active load. The sources and impedance matrices of the Class-D amplifier and load can be measured or simulated. Finally, the filter is modeled by an impedance matrix that can be obtained by a dedicated analytical model or an implemented model in a simulation software. The model of each filter component, if not given by the supplier, can be obtained by, an impedance measurement, a scattering parameter measurement, or by their equivalent analytical or fitting models. More details can be found in [START_REF] Mrad | N-conductor passive circuit modeling for power converter current prediction and EMI aspect[END_REF].

Many possibilities can be used to compute the filter impedance matrix. The filter high frequency behavior depends on the filter parasitic stray elements. In this work, the ADS software [28] is used to model the filter. The model includes the filter layout design and all the PCB physical characteristics. Thus, the stray elements related to the filter layout such as track impedance are taken into account. In this model, the components are black-box models provided by the suppliers. Hence, the passive component stray elements related to the technology and packaging of each component are taken into account. Finally, the ADS generates an impedance matrix including most of the filter stray elements and non-ideal impedance behavior for better accuracy at high frequencies.

B. Power computation

Using the model presented earlier, it is possible to compute voltages and currents at any system node. Hence, the power losses of a system (P SY S ), composed of a Class-D amplifier, filter and load losses are computed as follows:

P SY S = P P S + P F L -P A filter and load losses [START_REF] Viani | Automatic EMI filter design through particle swarm optimization[END_REF] where P P S represents the losses in the power stage, P F L represent the power delivered to the filter and the load, P A is the power of the audio signal. They can be obtained by equations ( 6), ( 7) and (8), respectively.

P P S = R DSon (I 2 IN1 + I 2 IN2 ) (6) 
where R DSon is the power switch-on resistor, I IN1 and I IN2 are the RMS input currents of the filter, which are the same as the power stage output currents.

P F L = n k=1 Real{V IN1 (f k ) • I * IN1 (f k )} + Real{V IN2 (f k ) • I * IN2 (f k )} (7) 
where V IN1 and V IN2 are the filter input voltages and k is the index of the frequency vector of size n. Note that P F L also includes the power in the audio band. Therefore, P A must be computed and deduced from the total power loss P SY S in [START_REF] Viani | Automatic EMI filter design through particle swarm optimization[END_REF].

P A = Real{[V OU T1 (f A ) -V OU T2 (f A )] • I * OU T1 (f A )} (8)
where V OU T1 (f A ) and V OU T2 (f A ) are the filter output voltages and I OU T1 (f A ) is the filter output current, all at the audio frequency f A . Here, the considered audio signal is a pure sine wave. 
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C. Design by Optimization

The design of an EMI filter can be summarized by two main steps: (i) determine a filter topology, (ii) choose the components. Generally, the filter structure can be found by using common structures in the literature, or in some cases, a complex design can be made following the specifications of the application itself. Once the filter topology is decided upon, the choice of the components can be made by experience, by an analytical approach or by optimization, which is the method considered in this work.

Genetic Algorithms are an appropriate method for the problem considered in this paper, due to the following reasons:

• no initial point is available;

• the problem is discrete and multi-modal;

• there is no need for the fitness function to be analytical. The general diagram representing the optimization by GAs and the application to the present study are shown in Fig. 2(a) and Fig. 2(b), respectively. The initial population is generated randomly, over the input range. In the context of this paper, the input range is defined as the set of indices of the available components in the database of resistors, inductors and capacitors. The population is then evaluated using a circuit analysis methodology. Here, the component set of each individual is transmitted to the ADS filter model where it generates an impedance matrix referring to an individual from the current population. When fed to the macro modeling, the impedance matrix allows a current and voltage spectrum computation directly in the frequency domain, as well as the attenuation of the signal at the audio frequency. Thus, the power consumption and EMI level can be computed. The convergence criteria are then evaluated. A maximum number of generations is defined, based on the number of cores available for the computation and clock frequency of each core, and also a tolerance of the fitness function. For instance, if the EMI objective has not changed in the last generations, then this convergence criterion has been met. If all convergence criteria have not been met in the current generation, then the genetic operators are applied to update the population.

The mutation operator consists in changing an index of an arbitrary component. This usually happens with a low probability, which is defined by the user. For example, with a probability of 1%, an arbitrary inductor may be changed from a catalog reference Ref xxx1 to a Ref xxx2. Fig. 3 shows an example of mutation applied to a filter with 3 components to be optimized, in which the inductor was changed.

The crossover operator consists in considering two individuals, each having their components indices, and exchanging an arbitrary index between them, with a probability also defined by the user. The selection operator consists in selecting the individuals with a probability based on the fitness evaluation. Thus, individuals with a better fitness have a higher probability of being selected to be part of the population in the next generation.

Finally, after several generations, the best individual of the current population is expected to be an improvement relative to the best individual of the initial population.

IV. APPLICATION

Embedded systems, such as cellphones, tablets and music players, are often used in everyday life. Reducing power consumption is a major challenge in order to increase the device autonomy. For audio applications, Class-D amplifiers present an interesting solution to increase the power efficiency. In general, the speaker and amplifier are far from each other due to their placement on the PCB. Therefore, as the Class-D amplifier is a switching circuit, an EMI filter is used to mitigate the flow of high frequency currents through the long PCB tracks that connect the amplifier to the loudspeaker. These currents may be the cause of radiated emission problems. Thus, this application is a good example for the validation of the proposed method.

V In V Ramp V CM V Out V Bat V Bat V PWM-p V PWM
In the next subsection we start by giving an overview of Class-D amplifiers. The filter architecture, the SMT component libraries and the load in use are then presented. Finally, the additional power losses introduced by the EMI filter are then exposed and their calculation is explained.

A. Class-D amplifier

A Class-D amplifier is a switching device composed of a switching power stage controlled by Pulse Width Modulation (PWM) [START_REF] Nagari | An 8Ω ; 2.5W 1%-THD 104dB(A)-dynamic-range Class-D audio amplifier with an ultra-low EMI system and current sensing for speaker protection[END_REF]. Generally, in integrated solutions such as cell phones, differential architectures are used due to higher power delivery characteristics. The modulation is obtained by comparing the audio signal to a ramp at around a 400 kHz. Two alternating opposite width PWM signals are obtained (see Fig. 4), that control two switching cells which form the power stage. The latter feeds the speaker load by the amplified switched audio signal. Note that this type of amplifier, also called filterless Class-D amplifier, does not need a filter to reconstitute the audio signal due to the inductive nature of the micro-speakers [START_REF]Texas Instruments, AN-1497 Filterless Class D Amplifiers[END_REF] and because the switching harmonics are outside the audio frequency band. A filter is only needed for EMC reasons.

In this work, a test chip of a classical PWM differential Class-D amplifier is used. The amplifier output voltages have been measured for the same operating points in three different load conditions. The first is the operation with an open circuit, the second is the operation with a speaker load and the third is the operation with an EMI filter and a speaker load. Only two cases are shown in Fig. 5 for a clearer presentation of the results. The spectra are identical over the considered frequency band. Thus, it can be deduced that the amplifier voltage is independent of the load and the amplifier output impedance is negligible over the frequency range. Several simulations and measurements of the output voltages of the Class-D amplifier aforementioned were carried out. The worst-case scenario of audio signal considering EMI level is when the amplifier is operating with low input audio. Therefore, this scenario was used in the optimization. The Class-D amplifier output voltages considered are shown in Fig. 5.

B. Load

The load has been chosen as a dummy load that emulates the speaker. It is composed of an 8 Ω resistor and two 15 µH inductors mounted on a PCB. As a passive load, it can be modeled as an impedance matrix. Therefore, it has been measured using an impedance analyzer as explained in [START_REF] Mrad | N-conductor passive circuit modeling for power converter current prediction and EMI aspect[END_REF].

C. EMI filter and passive components

In [START_REF]MAXIM : MAX9700B Evaluation Kit[END_REF], an EMI filter topology for Class-D amplifiers is presented, which is also shown in Fig. 6. It has been chosen as a reference filter to validate our optimization approach. This common and differential mode filter has nine components which include two inductors, two resistors and five capacitors.

To ensure the symmetrical nature of the filter, thus, avoiding any differential to common mode conversion, and vice versa, some components must be identical. Hence, the problem consists of choosing the components L 1 , R 1 , C 1 , C 3 and C 4 , the five parameters to be optimized. The parameters R 2 , L 2 , C 2 and C 5 are automatically chosen by symmetry. This topology has been implemented in the ADS [START_REF]ADS Advenced Design System[END_REF] software, for the optimization routine. The PCB tracks have been modeled as microstrip lines. The PCB characteristics have also been taken into account.

The libraries of SMT components have been chosen in the following manner: the inductors can be selected from TDK [START_REF]TDK: Components Library for Agilent ADS[END_REF] and Murata [START_REF]Murata: Components Library for Agilent ADS[END_REF] suppliers whereas the capacitors only from Murata. The resistors are chosen from a set of discrete values, since their impact on the results are much smaller than the other components. Thus, a database has been created in MATLAB referring to these three libraries to be included in the optimization routine. Note that as the footprint of each filter component must be chosen for the layout, the capacitors have been defined as a 1005 (metric) SMT package and the inductors as a 7045 (metric) SMT package. In total, there are 718 capacitors, 8 inductors and 93 resistors in the database, with ranges of 0.1 pF to 10 µF, 1.5 µH to 22 µH and 1.0 Ω to 10 kΩ, respectively.
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V. EXPERIMENTAL RESULTS

The optimization routine based on Genetic Algorithms was executed in the MATLAB-ADS framework. The computer used is an Intel Quad Core i7 2.50 GHz with 16 GB of RAM memory. The entire optimization process required 3 hours, 5 minutes and 7 seconds for the power efficiency case and 3 hours, 5 minutes and 26 seconds for the EMI attenuation case. There is no reason to explain the differences between these optimization processes except variable computer background processes. The reference filter as well as the optimized filters according to power efficiency and EMI attenuation are presented in Table I.

Prototypes for all filters shown in Table I have been built and used in the measurement validation. The filter layout is the same for all the filters and is shown in Fig. 7. The measurement bench with the prototypes (see Fig. 8) has been placed in an anechoic chamber to reduce the ambient EM noise. The input currents, output voltages and output currents are measured with a current probe [START_REF]Tektronix : current probe, 100 MHz[END_REF] and voltage probe connected to a high resolution oscilloscope [START_REF] Lecroy | WaveRunner HRO 64 Zi 12-bit oscilloscopes, 400 MHz[END_REF]. The measurement probes have an impact on the spectra results, since they add parasitic stray components when connected to the circuit. Therefore, the parasitic effect of the probes were taken into account when comparing simulation and measurement results.

In Fig. 9, it is shown a comparison between measured and simulated input currents for the reference filter, in order to validate the accuracy of the modeling approach. The input current is chosen, as it has a higher spectrum level than the measurement noise floor. Thus, it is possible to make a good comparison over the entire frequency range. In Fig. 9, it is shown that the measured and the simulated input currents are in good agreement well up to 100 MHz, which is the measurement setup accuracy and model validity limit.

The output currents of the optimized filters are very low, in fact lower than the measurement noise floor. Therefore, the measured output voltages are shown for comparison. In Fig. 10, it is shown the envelopes of the output voltages, which are the voltages on the load, in the following cases: (1) no filter is used, (2) the reference filter is used and (3) the power efficiency optimized filter is used (formulation I) and finally, (4) the EMI attenuation optimized filter (formulation II) is used.

It can be seen that no significant variations occur in the audio signal level at 10 kHz which is due to the audio constraint in the objective functions. In addition, the spectrum peaks are higher when there is no EMI filter. A considerable emission reduction can be observed when introducing any filter. In particular, the optimized filters offer a significant reduction in the spectrum compared to the reference filter, specially at around 400 kHz. The output spectrum has approximately 20 dB of additional reduction compared to the reference filter. Between 5 MHz and 50 MHz, the voltage level is lower than the measurement noise floor, and so no comparison is possible. Beyond 50 MHz, the reference filter has a better EMI behavior. This can be expected as the optimization process does not consider this frequency band in the EMI criterion. Finally, it can been seen that both of the optimized filters have a similar filtering effect. This can be explained by the fact that, with the considered component database, it is not possible to obtain better results. In Fig. 11, it is plotted a percentage comparison for the additional power losses introduced by each filter, relative to the audio output power. The additional power losses percentage (P ADD ) is calculated using ( 9)

P ADD = 100 * P SY S -P SY S-N F P SY S-N F (9) 
where P SY S is the power consumption measured at the supply pin when using an EMI filter and P SY S-N F is that measured at the supply pin when no filter is used. As it can be seen in Fig. 11, the reference filter can introduce up to 500 % of additional power losses at low audio signal level when compared to the EMI attenuation optimized filter, and 520 % when compared to the power efficiency optimized filter. Thus, the optimization routine was effective in designing a much better filter than a classical methodology. Moreover, the power efficiency formulation proposed a filter more efficient than the EMI attenuation formulation. This result is in agreement to the theory.

It can also be deduced, from Fig. 11, that an EMI filter adds less power dissipation at high audio output power. This can be explained by the fact that at a high output power, which corresponds to a high differential audio signal level, the output currents have less common mode. In consequence, the common mode capacitors contribute less to the total power losses.

VI. CONCLUSION A new perspective in EMI filter design, which is the reduction of power efficiency after a filter is introduced to a system, has been presented and discussed. It was shown that the impact of an EMI filter on power efficiency is significant and, therefore, it should be taken into account in design methodologies.

In this context, two optimization formulations for EMI filter design that consider power efficiency have been presented. The first formulation focus on maximizing power efficiency given a desired EMI level whereas the second formulation focus on maximizing EMI attenuation given a desired power efficiency. Both formulations address the considered problem, but each give emphasis on different requirements.

In addition, the proposed methods utilize components from libraries of suppliers instead of unrealistic values. The main advantage of this approach is that the result of the optimization routine is a list of components, which can be directly ordered from the suppliers. This is a very convenient characteristic of a filter design method.

The methodologies were presented in detail and the results were validated experimentally. Both formulations proposed filters with higher inductances and capacitances (except the differential capacitor) but with lower resistances. The proposed method designed filters with at least 500% power losses reduction and 20 dB additional EMI attenuation when compared to a reference filter, which shows the effectiveness and relevance of this work.
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  For example, consider two filters having inductors of a catalog reference Ref xxx1 (Filter A) and Ref xxx2 (Filter B), respectively. If the crossover operator is applied, then Filter A has now an inductor reference Ref xxx2 instead of Ref xxx1. Similarly, Filter B has an inductor of reference Ref xxx1 instead of Ref xxx2. Fig. 3 shows an example of applying a crossover operator.
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 4 Fig.4. Class-D amplifier differential architecture[START_REF] Nagari | An 8Ω ; 2.5W 1%-THD 104dB(A)-dynamic-range Class-D audio amplifier with an ultra-low EMI system and current sensing for speaker protection[END_REF] without EMI filter.
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