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 has been published, the authors can explain the design in more detail. This article gives additional theoretical aspects and explains some practical considerations. The following section explains the limitation of the classical method of hysteresis control due to constant hysteresis windows. Moreover, the modulation, power supply immunity performance and the effect of the control op-amp bandwidth are explained in detail. Finally, the practical characterization gives additional information such as the efficiency versus output power and a state-of-the-art comparison."

 the authors describe the integrator circuit as a differential integrator. As it stands, it is an inverting summing integrator. Probably the authors need to invert one of the inputs before it becomes a differential integrator. Alternatively they can use a proper differential integrator.

INTRODUCTION

Linear amplifiers, such as class AB, have limited efficiency because their power transistors operate in linear region. In order to improve the efficiency, the switching amplifiers, also called class D, are widely used as their power transistors operate in the triode and cut-off regions thus reducing power dissipation [START_REF] Nielsen | Linearity and Effiency Performance of Switching Audio Power Amplifier Output Stages -A fundamental Analysis[END_REF], [2]. Consequently, they become an attractive solution for battery-powered applications used in hearing aids, headphones, mobile phones, smartphones and notebook computers where power efficiency is a key factor in extending the life of the battery.

Unfortunately, the switching power stage of the class D introduces nonlinearities and noise into the audio output signal. Sources of nonlinearity include the finite rise and fall switching time, dead time during switching and other parameters studied in [START_REF] Nielsen | Linearity and Effiency Performance of Switching Audio Power Amplifier Output Stages -A fundamental Analysis[END_REF], [START_REF] Flemming | Time Domain Analysis of Open Loop Distortion in Class D Amplifier Output Stages[END_REF], [START_REF] Lau | Analytical technique for calculating the output harmonics of an H-Bridge inverter with dead time[END_REF]. The power supply can be an additional source of noise and nonlinearity due to the supply common access resistance of Existing open-loop structures have relied on a highly accurate power stage and clean power supply for achieving good performance (PSRR and linearity) [START_REF] Nielsen | Linearity and Effiency Performance of Switching Audio Power Amplifier Output Stages -A fundamental Analysis[END_REF].

Feedback topologies have been introduced around the class D switching power stage to improve the power supply immunity and to correct the errors introduced by the switching. In addition to the standard PWM feedback [5], [6] shown in Figure 1, several strategies have been proposed to improve the ratio between the control bandwidth and additional consumption introduced by the controller. Some of those solutions are: control based on sigma delta modulator [START_REF] Gaalaas | Integrated stereo ΔΣ class D amplifier[END_REF], controlled oscillated modulator [8,[START_REF] Huffenus | A Phase-Shift Self-Oscillating Stereo Class-D Amplifier for Battery-Powered Applications[END_REF][START_REF] Soo-Hyoung | A 2W 92% efficiency and 0.01% THD+N class-D audio power amplifier for mobile applications, based on the novel SCOM architecture[END_REF], digital feedback [START_REF] Midya | High Performance Digital Feedback for PWM Digital Audio Amplifiers[END_REF][START_REF] Biallais | A Digital class D Amplifier with Power Supply Correction[END_REF], and hysteresis control (HC) [START_REF] Ge | Design and analysis of a micropower low-voltage bang-bang control class D amplifier[END_REF][START_REF] Rojas-Gonzalez | Design of Class D Audio Amplifier IC Using Sliding Mode Control and Negative Feedback[END_REF][START_REF] Rojas-Gonzalez | Low Power High Efficiency Class D Audio Amplifiers[END_REF]. However, most of them provide a limited bandwidth to correct all the power stage non-linearity and/or to limit the effect of a noisy power supply. The objective of this work is to improve the hysteresis control solution, which showed the best performance in previous work [START_REF] Ge | Design and analysis of a micropower low-voltage bang-bang control class D amplifier[END_REF][START_REF] Rojas-Gonzalez | Design of Class D Audio Amplifier IC Using Sliding Mode Control and Negative Feedback[END_REF][START_REF] Rojas-Gonzalez | Low Power High Efficiency Class D Audio Amplifiers[END_REF], and to improve the audio performance, especially linearity and power supply immunity. This paper presents an integrated class D amplifier based on HC, called here sliding mode, using a variable hysteresis window to allow a higher PSRR. The application target of this research is to provide a suitable solution for "hands-free" loudspeaker into the mobile phones, having as classical requirement to deliver 1 Watt in an 8Ω load. The authors in this paper will extend their previous work [START_REF] Pillonnet | An Integrated Class D Amplifier based on Sliding Mode Control[END_REF][START_REF] Pillonnet | A Topological Comparison of PWM and Hysteresis Control in Switching Audio Amplifiers[END_REF][START_REF] Pillonnet | Switching Amplifier[END_REF]. Some preliminary results are already published in [START_REF] Pillonnet | An Integrated Class D Amplifier based on Sliding Mode Control[END_REF] and are compared with the existing Pulse Width Modulation control solution in [START_REF] Pillonnet | A Topological Comparison of PWM and Hysteresis Control in Switching Audio Amplifiers[END_REF]. These papers give a brief overview of the topology for confidential reasons. As the related patent [START_REF] Pillonnet | Switching Amplifier[END_REF] has been published, the authors can explain the design in more detail. This article gives additional theoretical aspects and explains some practical considerations. The following section explains the limitation of the classical method of HC due to constant hysteresis windows. Moreover, the modulation, power supply immunity performance and the effect of control op-amp bandwidth are explained in detail. Finally, correlated with experimental results, additional information about the efficiency versus output power and a state-of-the-art comparison are provided in the last Section.

Limitations of Classical Hysteresis Feedback

Principle of Hysteresis Control

The block diagram of a hysteresis feedback class D amplifier is illustrated in figure 2. The control loop (based on an active first order integrator) integrates the switched output voltage V out and reference audio signal V in . The hysteresis block compares the integrated error signal with respect to its window width in order to generate a high frequency pulse train signal V c which drives the inverting power stage. The feedback signal is the output signal taken from the power stage output, before the passive low pass filter, to reduce the number of pins. 

+ Hysteresis V in V c S V out R R C =RC V pow V ls
The operating principle of this topology is to limit the amplitude of the integrated error signal, S, by a hysteresis cycle. The integrated error signal, also called the sliding surface, is given by:

dt V V S t out in     0 ) ( 1  (1)
If the signal error frequency spectrum is outside the audio bandwidth, the error on the output (derived from S) is inaudible because it falls from the audible frequency range. In this case, this control strategy can be put to practical use even in the high-end audio application.

One important characteristic of HC is the ability to reject all errors introduced in the direct path consisting of an active integrator, a hysteresis window and the power stage. This control has almost one-cycle response by forcing the error between the averaged switching variable V out and the control reference V in in the hysteresis window width at each cycle.

Figure 3 shows the sliding surface S and the output signals V out and V ls (time and voltages are normalized). These results are obtained from a behavioral model using Matlab/Simulink where all components are considered as ideal. It can be seen that the switching frequency is variable, dependent on the modulation index, and the signal error varies with the same frequency. The modulation index M is the ratio between input voltage V in and power supply voltage V pow . 

Power stage topology: H-Bridge in binary modulation

In battery-powered applications, the most widely-used class D topology is a differential implementation of the power stage. This H-bridge has two half-bridge switching power stages, composed of two complementary switches providing an opposite polarity pulse train to the load (Fig. 4). Each half-bridge contains two opposite MOS transistors connected to a single supply V pow (typically around 3.6V if connected to classical Li-Ion battery) and the ground. The differential nature of the power stage means that it can deliver twice the output signal and four times the output power compared to the single-ended implementations. With conventional differential operation, also called binary modulation, the output polarity of the "Plus stage" is opposite to that of the "Minus stage", because there are only two operating states on the Plus and Minus stage outputs: {high;low} or {low;high}. However, conventional class D amplifiers use three-state modulation, also called ternary modulation. The benefits of this are to reduce the output differential-mode (but increase the common-mode) and to increase the efficiency at low power by reducing the ripple output current [START_REF] Nielsen | Linearity and Effiency Performance of Switching Audio Power Amplifier Output Stages -A fundamental Analysis[END_REF]. In our proposed approach, the binary modulation is used as in [START_REF] Rojas-Gonzalez | Design of Class D Audio Amplifier IC Using Sliding Mode Control and Negative Feedback[END_REF], because the synchronization of the three-state modulation schemes is a challenge in order to avoid cross modulation in the H-Bridge configuration. In Section V, the effects of the binary modulation on the efficiency at low power are characterized.

Advantages

The main advantage of HC compared to other class D feedback topologies is its control bandwidth.

The loop bandwidth is similar to the switching frequency because the system has about one-cycle response [START_REF] Berkhout | Audio Class D Amplifiers in Mobile Application[END_REF]. Moreover, the error rejection, also called Noise Transfer Function (NTF), has the same shape as a second-order loop function. Figure 5 shows the NTF of HC with an idle switching frequency of 500kHz. For example, a perturbation at the frequency of 20 kHz added to the output is almost reduced by 60dB, making this architecture very robust to additional perturbations. The second benefit is its simple implementation: HC does not have any carrier generators in the design compared to PWM control [20] and needs only a first-order active integrator due to its intrinsic second-order Noise Transfer Function (NTF). This is an advantage as the design complexity allows low idle consumption and low area (less capacitance value).
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The first-order hysteresis naturally oscillates between the sliding surface, by consequence there is no instable condition as in classical PWM class D design. Moreover, the system is also very robust against the output filter variation since it is not included in the loop; thus the external and on-chip circuitry variations have no impact on the stability.

This proposed approach has the additional advantage of widening the switching frequency range then reducing Electro-Magnetic Interference (EMI) due to the variable switching frequency. On the other hand, this variation may decrease the audio quality, as explained below.

First limitation: switching frequency variation

The instantaneous switching frequency depends on external parameters (power supply, input level) and on-chip parameters (process variation). In the H-bridge configuration with a constant hysteresis window, the switching frequency can be expressed as follows:

    2 1 2 M V f pow sw (2)
The switching frequency is directly related to the supply voltage V pow , the modulation index M, the integrator time constant  and the hysteresis window width, . As shown in Figure 6, the switching frequency changes with the input signal level [START_REF] Pillonnet | An Integrated Class D Amplifier based on Sliding Mode Control[END_REF]. This result is validated with a behavioral model using ideal elements.

The spread of the switching frequency has to be carefully designed to ensure that the lowest frequency is higher than the audio bandwidth; if this condition is not achieved, the audio quality Audio band decreases dramatically generating folding noise into the audio band. Moreover, the integration of multi-channels (stereo application) combined with unsynchronized frequencies could generate crosstalk. Such effects can be greatly reduced acting as follow: i) the modulation index could be limited (but reducing the maximal output power and the output voltage dynamic), ii) the power supply variation could be managed (but introducing a costly power management unit), iii) the switching frequency at each channel could be separated and iv) the layout and substrate isolation would have to be carefully designed (but increasing the silicon area). Therefore, to circumvent the large switching frequency range, the introduction of variable hysteresis windows is suggested to reduce the dependency of the switching frequency on the power supply (see Section III). On the other hand, the spread spectrum is an attractive property for electromagnetic-compliant (EMC) designs at a high modulation index where the conducted and radiated emissions could be a problem for high density PCB e.g. in a mobile phone application.

Second limitation: low power supply immunity

The Power Supply Rejection Ratio (PSRR) is one of the primary characteristics for a high end class D amplifier integrated in a cell phone. In fact, its power supply is connected directly to the battery and contains system-dependent noise patterns such as the GSM burst at 217Hz. System and audio specifications require such noise to be rejected. An efficient feedback around the switching power stage can significantly reduce the regulation requirement of the supply source. The benefit of the high control bandwidth in hysteresis topology provides an advantage compared to other feedback topologies. However, the PSRR is not directly linked to the NTF because this is calculated from additional perturbations on the output. Thus, the PSRR is the ability of the system to reject power supply variation, added and/or multiplied at different class D stages (integrator, hysteresis bloc and power stage). For this reason, the following simulations keep the NTF and PSRR separate. The intrinsic PSRR from the modulation and from the control must also be dissociated. In the openloop structure (without feedback), there is intrinsic PSRR due to the H-Bridge configuration in binary and ternary modulations [START_REF] Biallais | A Digital class D Amplifier with Power Supply Correction[END_REF]. The load differential connection reduces the dependency from the power line because the noise is applied on the two half bridges with the same polarity. In theory, the PSRR depends on the input level (i.e. PSRR is infinite at zero input voltage). However, the intrinsic PSRR cannot reach the audio specifications over a large input signal voltage range.

Efficient feedback control architecture while taking into account the electrical implementation is needed to improve the PSRR.

In the following, the term PSRR is taken as the intrinsic PSRR of the feedback (called PSRR control ) to show the additional benefit of the control. The PSRR total is defined in (3) as the addition of the control's PSRR and the modulation's PSRR due to the binary modulation, such that:

ulation control total PSRR PSRR PSRR mod   (3)
To implement the HC, prior work integrated a constant hysteresis window [START_REF] Ge | Design and analysis of a micropower low-voltage bang-bang control class D amplifier[END_REF][START_REF] Rojas-Gonzalez | Design of Class D Audio Amplifier IC Using Sliding Mode Control and Negative Feedback[END_REF][START_REF] Rojas-Gonzalez | Low Power High Efficiency Class D Audio Amplifiers[END_REF]. In this case, the hysteresis controller could be realized based on the usual Schmitt trigger, shown in the Figure 7. However, this structure is limited if we want to obtain a high PSRR. For the effect of fixed hysteresis windows on the supply noise immunity, the main problem comes from the variation of the hysteresis width as a function of the supply voltage. At high frequency, the sliding mode surface S varies between the lower and upper windows and it also follows the frequency of the power supply variation (Fig. 8). S can be simplified in both terms, thus giving:

S S S cm     (4)
where S represents the high frequency variation due to hysteresis modulation and S cm , the variation due to the hysteresis common mode (U + +U -)/2 variation as a function of the power supply. The common mode of hysteresis can be calculated using the following:
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where
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The output voltage variation can easily be derived in the audio band, such that:

dt S d V V cm in out     (6)
If the power supply is considered as a pure sinusoidal signal V pow =Asin(2πf pow t) and from the last equation, the output voltage is equal to:

  t f A f V V pow pow in out   2 cos 2   (7)
Thereby, the output voltage is composed of the input signal and a residual power supply component due to the variation of the hysteresis common mode. By definition [START_REF] Nielsen | Linearity and Effiency Performance of Switching Audio Power Amplifier Output Stages -A fundamental Analysis[END_REF], the PSRR can be expressed as:

pow f PSRR  2  (8)
Simulated PSRR using the behavioral model and calculated PSRR from equation ( 8) are compared for an idle switching frequency of 500 kHz,  equal to 0.1 and a modulation index of 0.7 (corresponding to a high amplitude output level). Despite the ability of the HC to reject the errors shown by NTF in Fig. 5, the implementation of the hysteresis windows by using the Schmitt trigger limits the power rejection: only 40dB at the GSM burst frequency i.e. 217Hz. To avoid this problem, we suggest another implementation of the hysteresis window, presented in the next section. 

Hysteresis Feedback with Variable Hysteresis Window

We suggest an architecture based on a variable hysteresis window to reduce the dependency of the switching frequency on the power supply and to improve the power supply immunity; both limitations of existing HC solutions have been described above.

Principle

The two limitations of the Schmitt trigger come from i) the constant differential mode voltage and ii) the common mode voltage variation as a function of the power supply. The proposed solution is based on a constant common mode and a variable differential mode of the hysteresis windows. The boundaries of the windows are chosen to obtain the following conditions:

pow refcm V V U     & pow refcm V V U     (9)
where, V refcm is the fixed reference voltage.

The width of the hysteresis window U dm depends on the power supply and is centered on a constant voltage V refcm independent of the power supply variation:

pow dm V U U U  2        & refcm cm V U U U      2 (10)
Figure 9 clearly shows the well-known schematic of a hysteresis window, chosen for our implementation. 

First improvement: Reducing the variation of the switching frequency

The variable hysteresis window width limits the switching frequency variation due to the power supply voltage range. In the proposed architecture, the switching frequency f sw can be expressed using eq. ( 2) and ( 10):

+ S V c Vpow V c S U - U +   Vpow 0 U + + Vpow U - S R Q RS Flip Flop V c S    4 1 2 M f sw   (11)
By comparing equation ( 2) and ( 11), we observe that the switching frequency variation therefore decreases regardless of the supply voltage. Due to the reduced switching frequency variation, the error rejection capability is maintained because it is directly linked to the switching frequency.

Thus, the performance of the feedback is not reduced as a function of the power supply and the design manages more easily with a large power supply range, as in cell phone applications.

Second improvement: increase the power supply immunity

The fixed hysteresis common mode, U cm , suppresses the frequency variation due to the power supply noise on the sliding surface. With the proposed hysteresis, S can be expressed as:

S S S cm     with refcm cm cm V U U U S        2 (12)
Thus, the output voltage variation can easily be derived in the audio band, as

in cm in out V dt S d V V      (13)
In theory, the PSRR control is now not limited by the effect of the hysteresis windows, making this solution very robust to perturbations, such as 217Hz burst noise in the GSM cell phone. Figure 10 compares the PSRR control of constant common mode hysteresis (proposed approach) with that of the variable common mode. The PSRR is half that of the NTF (+6dB) because the power-supply variation is introduced twice by the two half-bridge power supplies. 

Circuit Implementation

In this section, the effects of electrical implementation of the controller are discussed: i) the finite bandwidths of an operational amplifier (op-amp) integrator, ii) the delays introduced by the comparators and the power stage, and iii) the hysteresis boundary generation. This non-ideal behavior reduces the performance of the HC. The practical implementation in double oxide 0.13um CMOS process is also desribed in this section.

Binary Variable Sliding Mode Class D amplifier topology

The complete schematic of our proposed fully-integrated solution, called the Binary Variable Sliding Mode Audio class D Amplifier, is given in figure 11. It is a single input differential output class D, composed of a controller (active integrator), a comparator with a variable hysteresis window, the driver and an H-bridge power stage. A differential input could also be obtained easily without introducing a differential op-amp. A CMOS 0.13µm process with a double oxide option was used to make the integrated circuit compatible with the 5V power supply voltage. The output low pass filter is composed of external inductive and capacitive components (typical cut-off frequency 30 kHz). This filter could be removed if the speaker is sufficiently inductive, but it increases the static current consumption (see Experimental Results Section). 

Effect of the non-ideal active integrator

The switching frequency expressed in eq. ( 11) does not include the effects of the electrical implementation. The switching frequency depends on the dominant pole  a and the finite DC gain A of the op-amp of the integrator function. This pole has to be taken into account in the design to predict the switching frequency. An analytical expression is given below to determine the hysteresis
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window width needed to compensate for the reduction of the switching frequency due to the opamp gain bandwidth. The transfer function of the integrator with a non-ideal op-amp can be expressed as: [START_REF] Rojas-Gonzalez | Design of Class D Audio Amplifier IC Using Sliding Mode Control and Negative Feedback[END_REF] where,  i =(1+A) + a and we suppose that  a  is not a dominant pole.
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The differential output voltage V out (when no input signal is applied) is a square wave with an amplitude of 2V pow centered at zero. It can be calculated in the s-domain and in steady-state so that:
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The signal V i can be expressed for the same previous conditions, so that:
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and in the time domain:
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By definition, if N is even, then V i (N)=-V pow , and we obtain:
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Thereby, equation 10 gives the hysteresis window width  in order to have the desired switching frequency 1/t s with a non-ideal op-amp having a static gain, A, and a dominant pole,  a . Figure 12 shows the ratio between the hysteresis width using a real op-amp and one using an ideal one as a function of the op-amp Gain BandWidth (GBW). The modified delta is the ratio between the delta obtained by equation ( 18) and the one from equation [START_REF] Soo-Hyoung | A 2W 92% efficiency and 0.01% THD+N class-D audio power amplifier for mobile applications, based on the novel SCOM architecture[END_REF]. When the op-amp becomes ideal (at high bandwidth), the normalized delta tends to zero. If an op-amp with a 1MHz GBW product is used the hysteresis width could be approximately halved compared to that given in [START_REF] Soo-Hyoung | A 2W 92% efficiency and 0.01% THD+N class-D audio power amplifier for mobile applications, based on the novel SCOM architecture[END_REF]. This reveals a nonnegligible effect on the op-amp GBW. With equation ( 18), the designer can predict the reduction in the switching frequency. The desired frequency can be compensated for by reducing the hysteresis width. In other words, the active integrator does not need a high bandwidth op-amp because of this predictability. Thus, the static consumption of the integrator could be reduced.

Delay induced switching frequency variation

The switching frequency also depends on the total delay in the direct path, t d , due to the commutation times of comparators, drivers and power stages. It can be expressed as:

    d sw t M M f 2 2 1 4 1      (19)
The variation of f sw with modulation index for different delays is shown in Figure 13 obtained from equation 19. The delay can be used to reduce the switching frequency dependence on the input voltage. On the other hand, the NTF is reduced to a first-order shape instead of second-order [START_REF] Berkhout | Audio Class D Amplifiers in Mobile Application[END_REF] if the delay increases. In fact, the NTF of the HC with delay cannot exceed the NTF obtained by a self-oscillating topology [START_REF] Huffenus | A Phase-Shift Self-Oscillating Stereo Class-D Amplifier for Battery-Powered Applications[END_REF], [START_REF] Soo-Hyoung | A 2W 92% efficiency and 0.01% THD+N class-D audio power amplifier for mobile applications, based on the novel SCOM architecture[END_REF] based on the same delay. Figure 14 shows the NTF including 10ns delay at a 500 kHz idle switching frequency. With a 10ns delay, the NTF of our sliding mode control is equal to the NTF of a delay-based self-oscillating architecture [START_REF] Huffenus | A Phase-Shift Self-Oscillating Stereo Class-D Amplifier for Battery-Powered Applications[END_REF]. The electrical equations of the hysteresis window are given by the following relations: A flip-flop combines both comparator outputs as they behave like one comparator with hysteresis, as shown in Fig. 9. The commutation times of comparators were carefully designed to have a small delay i.e. a few ns in the direct path and thus guarantee a high PSRR. The calculated hysteresis width is around 200mV which does not produce too high an amplitude on the integrator output V c . for a typical GBW=10MHz.
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Switched power stage

The power stage has been designed to optimize efficiency under an 8Ω load at 1W of maximum output power. The ON resistances of sized MOS transistors are approximately equal to 100mΩ and the parasitic gate capacitances are estimated at 100pF. The switching losses, associated with charging and discharging the gate capacitance of power devices every cycle, are low enough to provide relative high efficiency at low output power. The power stage was designed to be robust for large switching current variation by controlling the fall and rise time of the gate drivers. The deadtime also adapts to the speed of transistor turn-off, typically a few nanoseconds.

The die micrograph in Figure 16 shows the layout of the amplifier with the H-bridge output stage.

The core area is 0.4mm 2 , and the power stage is 80% of the total area of the integrated class D amplifier. 

Experimental Results

All experimental measurements were made using Audio Precision equipment (AP2700 series). All results were taken with V pow =3.6V (nominal battery voltage), external low pass filter with a cutoff frequency equal to 30 kHz, and an output resistance R=8Ω. In the following measurements, the idle switching frequency is 470 kHz (at zero input signal).

Idle consumption and power efficiency

The static current is equal to 0.7mA per channel without load, including the power stage (200µA) and control (500µA). Due to binary modulation, the static current rises up to 4.6mA per channel when the load is connected (L=150µH, R=8Ω). Figure 17 presents the binary modulation at zero input level. The Plus and Minus power stages have opposite phases thus creating idle current in the load. In this configuration, the ripple output current (Fig. 17, I load =33mA rms at idle) due to the binary modulation is dissipated into the load (however, without creating audible sound). The switching frequency could be increased reducing ripple output current. At 1.1MHz, the static current is 3.9mA. However, the static current rises to 11.5mA with real micro-speakers because the equivalent inductance is lower (i.e. L=50µH, R=8.2Ω, f sw =1.1MHz). This idle current could be reduced by introducing a synchronized ternary modulation. 

Static and dynamic noise

The noise level without input signal is equal to 45µVrms, generating no audible noise with standard micro-speakers (sensitivity less than 70dB spl /10cm/W). The measured residual noise is 30µV A-I load V p /V m t

Switching frequency variation

As predicted in equation 11, the switching frequency varies with the modulation index. This has been tested for a sinusoidal input reference (1Vrms at 1 kHz, Fig. 21). The results match well with theoretical predictions and simulation results. Spectral analysis of output HF components shows the advantage of spread spectrum EMI compared to PWM modulation, due to the varying switching frequency. The measurements are in line with the previous simulations. In addition, the modulation components do not change at low modulation index (no spread spectrum appears), but the power delivered to the load is very low in this case. 

VI. Conclusion

In this paper, a switching audio amplifier based on sliding mode control is proposed and its performance measured. The advantages of this structure compared with conventional architectures are its low design complexity allowing lower idle consumption. The power supply rejection and switching frequency variation have also been improved by introducing a variable hysteresis window. The experimental integrated circuit has a PSRR (70 dB), linearity (<0.005%) and SNR (97 dB) similar to present solutions. Therefore, the proposed circuit is suitable for embedded applications such as audio amplifiers in cell phones even in stereo mode. Future research will be to implement this technique in synchronized ternary modulation to decrease the idle current and reduce the crosstalk.

  numerous noisy circuits. Standard ternary Pulse Width Modulation (PWM) open-loop class D provides low Power Supply Rejection Ratio (PSRR), especially with a full-scale audio signal.
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 9 Figure 9. Implementation of the variable hysteresis window
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 10 Figure 10. PSRR improvement with hysteresis with constant common mode
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 11 Fig. 11. Electrical schematic of the proposed solution
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 12 Figure 12. Hysteresis width compensation in function to the op amp GBW
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 13 Figure 13. Switching frequency variation with the delay
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 15 Figure 15. The proposed voltage boundary generation for the hysteresis window

Figure 16 .

 16 Figure 16. Layout of the proposed solution
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 17 Figure 17. Plus and Minus output voltages and load current without input signal In the proposed circuit, the duty cycle error is corrected as a consequence of the high dc gain due to the sliding mode control. The measured output offset in this case is 3.1mV due to the offset of the integrator op-amp mainly due to the mismatch in the differential pair. Finally, at full output power, the measured efficiency is 90% as shown in Fig. 18. All the above characteristics are key factors in increasing battery life time in cell phones.
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 18 Figure 18. Efficiency of the proposed solution

Figure 21 .

 21 Figure 21. Switching frequency variation versus modulation index

  IntegratorAs the average switching frequency is approximately 300kHz in normal test mode, the integrator time constant τ, defined by the RC product, can be programmed in order to test control performance with different switching frequencies. The quiescent current used by the active integrator is 500µA

	Audio band	f sw
		-40dB/decade
	-40dB/decade	
	NTF losses	

Table 1 .

 1 Comparison of class D amplifiers in mobile applications.

	This work	130	HO	0.7	0.45	0.02	97
	[21]	45	PWM	3*	0.42	0.1	100
	[10]	350	SO	1.3	1.2	0.025	95
	[9]	250	SO	2.04*	1.28	0.02	97
	[15]	500	HO	-	1.31	0.05 ***	92
	[22]	180	PWM	3.02	1.01	0.018	92
	[20]	-	PWM	4.0	1.44	0.02	100

* : with load -** : P MAX is defined @1% THD -*** : P OUT =60mW

Authors' reply

The authors thank the reviewer for his careful review. The authors agree with the reviewer that that the circuit acts as an inverting summing integrator. They clarified the point by changing the paragraph.

"The control (active first order integrator) integrates the switched output voltage Vout and reference audio signal Vin. The hysteresis block compares the integrated error signal with respect to its window width in order to generate a high frequency pulse train signal Vc which drives the inverting power stage."

Comments to the Author 4. In page 4, line 17, the authors refer to modulation index. However, they did not give a definition of this modulation index.

Authors' reply

In their paper version, the authors already defined the modulation index in page 4.

"The modulation index M is the ratio between input voltage Vin and power supply voltage Vpow."

Comments to the Author 5. In Figure 6, the axes of the figure are not labeled.

Authors' reply

The authors wish to thank the reviewer for their careful reading. The authors have labeled the axes on Figure 6.

Authors' reply

Based on the reviewer's comment, the authors have numbered and clarified some equations. The authors have also modified the discussion concerning the labeled equations ( 5) and (6).

Comments to the Author 8. In some locations figures do not appear in the right sequence.

Authors' reply

The authors wish to thank the reviewer for the comment. The authors have checked all figure location.

Comments to the Author 9. In the Abstract the authors mention "Theoretical analysis and behavioral and Spice simulations have been done using a CMOS 0.25um integrated circuit". In page 12 line 26 the authors write "The practical implementation in 0.13um CMOS technology is also given in this section". I guess the writing in the different sections of the manuscript must be consistent. Otherwise, it is not clear what was exactly done.

Authors' reply

The authors apologize for making this mistake. The CMOS 0.13um process is used to implement the proposed solution. 

Comments to the Author

Authors' reply

The authors have completed the Figure 15 by adding power supply and have renamed some signals.

Comments to the Author

11. In page 16, line 55, the authors write "The power stage was carefully designed ...". The authors did not describe how this careful design was done.

Authors' reply

The authors thank the reviewer for pointing out this lack of explanation. The authors have clarified their sentence by adding the following: "The power stage was designed to be robust for large switching current variation by controlling the fall and rise time of the gate drivers. The dead-time is also adaptive to the speed of transistor turn-off, typically a few nanoseconds." 

Comments to the Author

Authors' reply

In the revised manuscript, the authors have labeled Figures 19 and20.

Comments to the Author

13. In the Conclusion section, line 38, the authors write "... allowing low power consumption...". However in the comparison Table 1 given in page 20, there is no comparison between different realizations regarding the power consumption. I guess the power consumption is a very important factor and it must be compared with other realizations before the claim of low power consumption can be made.

Authors' reply

The authors agree with the reviewer to clarify the claim. To avoid confusion and be precise, the authors have clarified the fourth column of Table 1 by renaming it "static current". Based on the results given in the literature, they have already compared the "static current" (idle consumption, when no signal is applied) with the existing work because it is one of the main factors of the audio amplifier consumption. In fact, the signal is close to zero most of the time (audio signal has a high crest factor). The efficiency at full output power is not given because it is directly linked to the size of transistor, not the feedback topology (here, the subject of the comparison). Lastly, the authors have changed the sentence in the conclusion (see below).

"The advantages of this structure compared with conventional architectures are its low design complexity allowing lower idle consumption."

Comments to the Author 14. It is essential to complete the references in terms of names and titles of the journals and conferences.

Authors' reply

The authors have completed the reference and reformatted following the journal instruction. They have also added some recent references from Proceedings of Analog Integrated Circuits and Signal Processing and from the IEEE SSCC Society.

weighted over the whole audio bandwidth [100Hz, 22kHz]. The noise level is unaffected by increasing the switching frequency.

The Total Harmonic Distortion plus Noise (THD+N) has been measured over a 20Hz-22kHz bandwidth. Figure 19 shows the THD+N as a function of the output voltage level. The class D exhibits -82dB of THD (0.0075%) at 125mW (1Vrms with 8Ω, left channel) with 1 kHz input frequency. At 6 kHz, the THD is lower than 0.043% in the same conditions. The THD+N performance is similar at 1MHz idle switching frequency: the error introduced by the switching is larger but the control bandwidth is higher. In stereo mode (Fig. 20), the THD reaches 0.023% (72dB) when the same input signals and switching frequencies are fixed in the two channels (worst case conditions). This result proves that a self-oscillating solution could be an alternative solution to fixed switching frequency even in a multichannel configuration. 

Power Supply Rejection

In the PSRR test, the input is a 1 kHz pure sine wave at full scale. To quantify the ripple rejection capability, the PSRR test is performed by inducing an intentional ripple in the power supply. A 600mVpp square wave signal at 217Hz is applied. These conditions represent power supply variation during GSM RF emission. The main benefit of the sliding mode is the high PSRR (here, 70dB) due to a loop bandwidth equal to the switching frequency even if binary modulation is used. This means how proposed circuit can operated even directly connected to a noisy power supply, such as a cell phone battery.