
HAL Id: hal-01103685
https://hal.science/hal-01103685

Submitted on 15 Jan 2015

HAL is a multi-disciplinary open access
archive for the deposit and dissemination of sci-
entific research documents, whether they are pub-
lished or not. The documents may come from
teaching and research institutions in France or
abroad, or from public or private research centers.

L’archive ouverte pluridisciplinaire HAL, est
destinée au dépôt et à la diffusion de documents
scientifiques de niveau recherche, publiés ou non,
émanant des établissements d’enseignement et de
recherche français ou étrangers, des laboratoires
publics ou privés.

A FULLY DIFFERENTIAL DIGITAL INPUT CLASS
D WITH EMI SPREADING METHOD FOR MOBILE

APPLICATION
Remy Cellier, Emmanuel Allier, Carlo Crippa, Rossella Bassoli, Gaël

Pillonnet, Angelo Nagari, Nacer Abouchi

To cite this version:
Remy Cellier, Emmanuel Allier, Carlo Crippa, Rossella Bassoli, Gaël Pillonnet, et al.. A FULLY
DIFFERENTIAL DIGITAL INPUT CLASS D WITH EMI SPREADING METHOD FOR MOBILE
APPLICATION. AES International Conference, AES, Aug 2009, Hillerod, Denmark. �hal-01103685�

https://hal.science/hal-01103685
https://hal.archives-ouvertes.fr


 

AES 37th International Conference, Hillerød, Denmark, 2009 August 28-30  1 

A FULLY DIFFERENTIAL DIGITAL INPUT CLASS D WITH EMI 

SPREADING METHOD FOR MOBILE APPLICATION 

REMY CELLIER
1,3,

 EMMANUEL ALLIER
1
, CARLO CRIPPA

2
, ROSSELLA BASSOLI

2
, GAEL 

PILLONNET
3
, ANGELO NAGARI

1
 AND NACER ABOUCHI

3
 

1
 ST Ericsson, Grenoble, France 

remy.cellier@stericsson.com emmanuel.allier@stericsson.com 

angelo.nagari@stericsson.com  
2
 ST Ericsson, Agrate, Italia 

carlo.crippa@stericsson.com rosella.bassoli@stericsson.com 
3
 Institut des Nanotechnologie de Lyon (INL) - CPE Lyon, Lyon, France 

gael.pillonnet@cpe.fr abouchi@cpe.fr 

 

Class D audio amplifiers are widely used in embedded system to achieve high efficiency. Digital class D accepts bit 

stream as input signal to drive loudspeaker. Major drawbacks of such systems are the non linearity due to the switched 

behavior and EMI radiations issued from the output low pass filter. This paper presents a digital class D amplifier with 

a local analog feedback loop to improve performances of the power stage and digital method to spread output spectrum 

in order to reduce EMI radiation. The amplifier, including digital modulator and analog power stage, was integrated in a 

single chip in 0.13 m CMOS technology. The silicon results confirm the validity of the theoretical analysis. 

INTRODUCTION 

Digital input class D (DD) amplifiers do not require 

any high end digital to analog conversion before the 

power stage, which improved the total efficiency of the 

amplifier (Fig. 1). Unlike Analog Class D (AD) where 

Pulse Width Modulation (PWM) is done inside the 

analog power loop, the input of DD is already 

modulated by digital PWM. This approach removes the 

generation of high frequency analog carrier which 

introduced non linearity and increase distortion of AD 

[1-2]. In DD, there are also non linearity introduced by 

digital PWM, but digital solutions are possible to reduce 

them. 

 

 

Figure 1: Analog and Digital class D  

The other major drawback of class D amplifiers is 

Electro Magnetic Interferences (EMI) due to radiation 

of high frequency component of the output signal 

spectrum through the low pass filter self. AD and DD 

both have high frequency components at modulation 

signal frequency. In order to reduce EMI, a solution to 

spread the EMI is also presented in this paper. 

1 DIGITAL MODULATION  

In mobile application, the audio input signal comes 

from the digital base band or a digital codec (voice, mp3 

decoding …) and its resolution is usually 24 bits 

sampled at 48 kHz. This signal can be directly 

modulated in a bit stream to drive the DD. This solution, 

named direct PWM, as majors flaws as explained in the 

next subsection. 

1.1 Limitations of the direct PWM solution 

1.1.1 Limited frequency of PWM reference 

As shown on Fig. 2, direct PWM involved the use of 

digital saw tooth signal as reference in order to create a 

bit stream from the digital input. 

 

Figure 2: Digital PWM frequency limitation 
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The quantum generation frequency of the saw tooth 

signal can be expressed as: 

                             s

n

pwm FF .2                               (1) 

Where n is the resolution of audio input signal and 

Fs is it sample frequency. In standard mobile 

application, as seen before, the resolution is 24 bits and 

sample frequency is equal to 48 kHz. Theses values 

drive to a frequency of 805 GHz.  

Obviously, such value of frequency is unreachable 

in standard CMOS technologies.  

1.1.2 Linearity of digital PWM 

Due to sampled nature of audio signal, the digital 

PWM (called UPWM – Uniform PWM) introduced 

error in comparison with the analog PWM (called 

NPWM – Natural PWM) (Fig. 3) [2]. The more the 

sample frequency of audio signal is high, the less the 

error is important. NPWM is like UPWM with infinite 

sample rate. 

 

 

Figure 3: Effect of OSR on error in digital PWM  

The digital audio signal can be over sampled by 

Over Sampling Ratio (OSR) to improve linearity of 

UPWM. 

In case of differential digital modulation, which 

means that Vin is divided in two channel, the error done 

by one channel is corrected by the other channel. 

 

1.2 Increasing linearity and SNR of modulation 

using  modulation 

 

Theses flaws of direct PWM are corrected by using a 

 modulation before the digital PWM. The 

modulation consequences are: 

 The over sampling of the digital signal, which 

increase linearity of UPWM as seen before. 

 The reduction of signal resolution from 24 bits 

to m bits (generally, m value is between 1 and 

5), which makes the quantum of PWM saw 

tooth reachable (for example, if output of the 

modulator is coded with 5 bits, which is 

actually worst case, Fpwm = 2
5
.48k=1.5MHz). 

 The shaping of the  quantification noise 

over the audio band. 

 

Choice of OSR, output resolution m, order k and 

structure (simple, pipe line, MASH, CRFB…) of the  

modulator is depending on performance and Noise 

Transfer Function (NTF) needed by the application. 

Tradeoffs between performances and complexity 

(stability issue and global consumption) have to be 

found. 

The  modulator used in this design is a 4
th

 order 

MASH 2-2 5 bits structure, with OSR = 48 (Fig. 4). Its 

coefficients are computing [3] from the desired NTF.   

 

 

Figure 4: Structure of MASH 2-2  modulator  

 

The output of this circuit can be written as (2). 

41

21

4 )1)((.).()(   zzEgzzXzY           (2) 

Where X(z) and E2(z) are z transform representations 

of input signal and second quantiser error respectively. 

g1 is a digital multiplier which compensates for the 

scaling factors. NTF of this  modulator is shown on 

Fig. 5.  The Curve (A) is the original one whereas curve 

(B) is corrected NTF to reduce HF gain. 

 

 

Figure 5: NTF of MASH 2-2 4
th

 order 5 bit  

modulator  
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2 DIGITAL POWER AMPLIFIER 

2.1 Limitations of open loop power stage 

The modulated bit stream is able to drive directly the 

loudspeaker through a CMOS power stage (Fig. 6). This 

configuration, called open loop digital class D, has 

unacceptable issues with Power Supply Rejection (PSR) 

and linearity.  Indeed, the perturbation presents on 

supply rail feed directly the load as output node is not 

controlled. In addition, to avoid crossover in CMOS 

power stage between plus supply to minus supply 

during switching time, a no overlapping delay is 

introduced and decreases linearity of amplifier. 

 

 

Figure 6: Open Loop digital class D amplifier structure  

The power stage errors have to be corrected by an 

efficient control loop. 

2.2 Control loop for digital class D 

2.2.1 State of the art 

To achieve good PSR and increase linearity of 

power stage, a local feedback loop can be used. In [4], a 

solution with an algorithm which compares input and 

output bit stream and feed a corrector is proposed. 

Another solution, described in [5], consist in a  

modulation of supply variation introduced in UPWM 

modulation of audio signal to increase PSR. This 

solution reach to good PSRR (PSR Ratio), but there is 

not correction of linearity, and THD is not good enough 

for high end mobile application. In [6-7], a mixed 

correction, both analog and digital, is proposed. This 

solution achieves good performances in high power 

amplifier, but it’s not suitable for low power amplifier 

due to high static consumption of control loop. 

2.2.2 Local analog loop for digital class D 

The control of the power stage is done with a 

PowerDAC [8] solution. The basic analog loop, called 

Phase Control Loop (PCL) is shown on Fig. 7. 

 

 

Figure 7: Phase Control Loop schematic 

In steady state, the signals Vin, Vout and Vi are 

represented on Fig. 8.  

 

 

Figure 8: Main Signal of PCL 

 

The behavior of such loop can be studied in four 

distinct phases, due to pseudo digital nature of signals 

Vin and Vout. During a single phase, Vin and Vout are 

constant voltages so Rin and Rfb are like constant 

current sources which charge or discharge C. Depending 

of the phase (1 to 4 – see Fig. 8), Rin and Rfb are current 

sources or sinks. For example, in phase 1, both Rin and 

Rfb are current sources, so UC is increasing linearly and 

Vi is decreasing linearly too as UC=Vref-Vi.  

Phase 1 and 3 are called working phases because the 

output voltage is different of input voltage, whereas 

phases 2 and 4 are called waiting phases because the 

loop is waiting for a new input event. 

To work correctly, evolution on Vi must not changes 

when output signal changes. Indeed, at the end of phase 

1, Vout voltage goes from Vbat to Gnd, which obviously 

changes Rfb current source in current sink. If this sink is 

higher than Rin current sources, evolution on Vi voltage 

switches and the loop, instead of going in waiting 

phase, switched again (Fig. 9). The same issue is 

possible at the end of phase 3. 

 

 

Figure 9: Instability on Vi due to wrong balance of 

current sources 
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To avoid large signal instability at the end of phase 1 

and 3, the following relation must be respected: 

                                 

ana

bat

in

fb

V

V

R

R
                                 (3) 

Where Vbat is the power stage supply and Vana is the 

digital modulator supply. The ratio Rfb/Rin is the gain of 

the analog loop and in most of the case, power supply is 

higher than logic supply.  

Theses conditions involve that the analog loop must 

have a minimum gain which is the ration of supplies to 

be stable.  

In addition, to insure good linearity, phases 1/3 and 

2/4 must be as symmetrical as possible. This condition 

gives ideal value of reference voltage Vref: 

       

infb

fb
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infb
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2

1
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The mathematic calculus of the condition of linearity 

drives to a result which is logical. Indeed, the common 

mode of input amplifier is the pondering average of 

input common mode (Vana/2) and output common mode 

(Vbat/2). 

Small signals model of this loop, with modeling 

power stage and commutation stage by a single gain [9] 

allow understanding of how the loop gain affects PSRR 

and linearity. In order to increase audio performances, 

the simple pole is replaced by a double pole, which 

increases the gain in low frequency, such as audio band 

and do not change anything in high frequency. 

Two solutions of double pole structure are possible: a 

single amplifier with two pole feedback loop (Fig. 10) 

or two cascaded amplifiers with each one a single pole 

feedback loop (Fig. 11). 

 

 

Figure 10: PCL with one amplifier - double pole 

schematic 

 

Figure 11: PCL with two amplifiers – two single poles 

schematic 

 

Hence, output voltage of integrator has as expression 

in both cases: 
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(5) 

 

If C2=C, R2=2R and C1=C/2, the two approaches have 

the same small signals behavior. The second solution 

reduces bandwidth constraints and is not sensible to the 

noise from AO1, but needs two amplifiers. 

3 EMI SPREADING 

In BTL configuration, when three levels modulation 

is used, there is two ways to have a null output voltage: 

both channels output are ‘1’ or ‘0’ as shown on figure 

12. 

 

 

Figure 13: BTL - Three level modulation output 

In order to spread HF spectrum of output, the states 

(1) and (2) are randomly swap, which add distortion on 

each single channel but do not change in any way the 

differential signal (P-M) which drives the load (figure 

13). The decision of swapping the two channels is 

chosen by a single bit every half saw tooth period. 

 

 

Figure 13: BTL - Three level modulation output with 

EMI reduction 
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The spectrums of each signal are shown on figure 

14, 15, 16 and 17. There is no variation on the BTL 

signal (16), but each channel’s HF spectrum is spread 

(14 and 15). Thus, the electro magnetic radiation from 

low pass filter’s self are decreased. The global amount 

of energy present in HF modulation stays the same in 

the two cases, but the frequency distribution of this 

energy is quite different.  

 

 

 

Figure 14: Simulated spectrum of N and P channel output without swapping 

 

  

Figure 15: Simulated spectrum of N and P channel output with swapping 

 

    

Figure 16: Simulated spectrum of differential output with and without swapping 
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Figure 17: Simulated spectrum of P output with swapping at different input level (-4, -24 and -64dB) 

 

Figure 17 shows that swapping method benefits are 

much more evident at low input level which is the main 

application of such an amplifier. 

This solution increases the switching frequency of 

each power stage, and so decreases the global efficiency 

of the class D amplifier. The power lost during 

switching can be expressed as [10]: 

 

 
 








 
 PWM

rfbat
PWMbateqLOST F

tt

R

V
FVCP

2
2

2
2      (6) 

 

Where Ceq is the equivalent gate capacitance of power 

stage transistors, Vbat is the power supply, R is the 

resistive load, tf and tr are the fall and rise time of 

transistor and FPWM is the switching frequency. In 

embedded application [11], Ceq = 100pF, Vbat = 3.6V, R 

= 8 tf = tr = 2ns and FPWM = 400 kHz, which give 

PLOST ≈ 2 mW. With the spreading proposed method, 

FPWM could be at maximum twice higher than previous 

case, which could double PLOST. The output power of 

our application is about 700mW, so the global 

efficiency is theoretically decreases by 0.5%. 

In order to reduce EMI radiation, another solution 

consists in reducing the rise and fall time of the power 

stage [11], but this approach reduces efficiency more 

drastically than the previous method and the cross 

conduction current can be an issue. 

4 DESIGN OF DIGITAL CLASS D 

Figure 18 shows layout of digital class D. The digital 

modulator has a size of 2.3 mm². Each channel power 

stage size is 0.5 mm². 

 

       
Figure 18: Layout of Digital Class D: Full chip (Left) & 

Zoom on PCL + Power Stage (Right) 

5 PRACTICAL CARACTERISATION 

The performances of class D prototype amplifier 

were measured using audio analyzer (UPD). Unless 

otherwise noted, assume the following measurement 

conditions: 

- 8 Ω load and {L,C}={20H, 20nF} in LC 

filter 

- THD and noise measurement at load 

- 20Hz to 20kHz measurement bandwidth 

- Ambient temperature at 25ºC 

approximately 

 

Figure 19 shows the output’s FFT in response to 1 

kHz sine wave input with amplitude of -20dB and 

power supply of 3.6V. In this case, THD is equal to 75 

dB (0.02 %). With A-weighted filters, which stand for 

ears sensibility, THD became superior to 80 dB. 

 

 

Figure 19: FFT of output signal @1kHz FS 

Figure 20 shows how leveled THD+N (THD 

including noise) varies with input level at 1kHz. Just 
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before saturation (i.e. Vin>Vbat = 3.6V), at Full Scale, 

THD is equal to 75 dB. SNR can be measured at -60dB 

FS (Vin=3.6mV) and value is 86 dB. 

 
 

Figure 20: Leveled THD+N versus Vin (dBFS) 

PSRR is measured with square wave of 300mVpp (i.e. 

-20dB FS) at 217 Hz, which stand for GSM emission 

perturbation. In this case, as shown on figure 21, PSRR 

is above 60 dB. 

 

 

Figure 21: FFT of output signal @ 1 kHz + 217 Hz 

power supply variation 

Figure 22 shows HF output spectrum of one (P) 

channel with and without EMI spreading method. The 

swapping method add distortion on each single channel, 

as shown on the right spectrum, but minimize the 

harmonic on saw tooth frequency. 

 

 

                   

Figure 22: HF P channel output signal spectrum without and with swapping 

 
 

Figure 23 shows efficiency with (full line) and 

without (dashed line) spreading method. As supposed, 

the efficiency is not significantly impacted by the spread 

of EMI.  

 

Figure 23: Efficiency vs Output Power 

 
For a typical music cress factor, which is -

12dBVrms or -24dB from full output power, the 
efficiency is decrease from 54% to 53.4%. 

Figure 24 shows output intermodulation between 

two sine wave input : 200 Hz and 2kHz, both FS.  From 

this measurement, IMD factor can be calculated as the 

ratio of magnitude of the sum and difference signals to 

the original input signal [12]. 

                      

2

12

2

f

k

kff

V

V

IMD








                               (7) 

Where Vf 2 is the voltage at the input frequency f 2, 
etc…  

The measured IMD factor value is here, with f2 = 
2kHz and k={-2;2}, is 0.015%. 
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Figure 24: FFT of output signal @200Hz+2kHz FS 

6 CONCLUSION 

This paper has described a digital class D amplifier 

with digital  PWM modulator and analog local 

feedback loop. The digital modulator and the analog 

drivers both are integrated in CMOS 0.13m on a single 

chip. A random digital noise is added in the modulator 

in order to spread the EMI of the output signal. The 

method to spread EMI is useful in case of electro-

magnetic sensibility of the amplifier’s environment, 

such as in mobile phone power management chip. 

The audio performances of our amplifier are in line 

with actual state of the art (THD < 0.05%, SNR > 80 dB 

and PSRR > 60 dB). 

The stability condition was studied for the local 

analog control loop of the power stage and a condition 

between the audio gain and the supply was found.  
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