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Abstract

The paper addresses the important issue of efficient error correction in switching

power output stages. A fundamental approach is taken, where a suite of various

linear and non-linear control methods are investigated in theory and practice.

Linear control systems prove to have a range of advantages compared with the

investigated non-linear systems. The advantages cover simple modeling and

optimization, low implementation complexity, effective error correction of all

power stage generated errors and controllable performance. The theoretical

benefits of non-linear control are not easily realized in hardware due to a range

of inherent limitations.



1. Introduction

Recent publications [2]-[7] have revealed the level of audio specifications that

can be achieved using simple and efficient switching power technology in audio

power amplifier applications. The advances in the power semiconductor industry

have improved the efficiency that can be achieved by switching power

amplification. The newfound advantages in terms of audio performance are a

consequence of novel enhanced amplifier topologies, based on a more detailed

understanding of the fundamental principles involved. Power amplification

based on switching techniques today offer a unique combination of features that

can not be matched by any other power amplifier technology, as a combination

of high linearity, extremely low noise, high efficiency and minimal physical

volume. Fundamentally, the technology has proved to be a more ideal way of

implementing power amplification than traditional linear methods. The research

presented in [2]-[7] has been on various aspects within the field, as e.g. the

fundamental review and comparison of pulse modulation methods in [5] and [6].

This research is extended here with the focus now turning to the error

correction by feedback control systems. It is believed that many of the problems

with switching technology for audio amplification in the past are caused by non-

optimized control systems. The present research focuses on topologically simple

control methods, and both linear and non-linear methods are investigated and

compared.

1.1 The pulse modulation power amplifier

The basic elements of a pulse modulation power amplifier are illustrated in Fig.

1. The four general blocks are the pulse modulator, the switching power stage,

the passive demodulation filter and the control block. The control block serves

to correct for the inevitable errors generated in the fundamental elements of the

system. Throughout the years this principle of power amplification using
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switching technology has been called class D power amplifiers [9], PWM

amplifiers [10], [4], switching power amplifiers and digital power amplifiers

[11]. Here the more general designation - Pulse Modulation Amplifiers (PMA)

[5] will be used. The pulse modulation may be either analog (analog PMA) or

digital (digital PMA), and within the last decade there has been focus on digital

pulse modulation [13], [14] realizing power digital to analog conversion.

However, independent on the use of analog or digital modulation, the pulse

modulator output, power stage output and filter output are inherently analog,

and thus sensitive to jitter, pulse amplitude distortion or any form of non-ideal

behavior. It has proven very difficult to realize the desired audio performance

with both analog and digital modulation.

1.2 Power stage non-ideal characteristics

The power switch converts the pulse modulated waveform to power levels. The

inevitable pulse distortion introduced by the switching output stage can be

categorized into Pulse Timing Errors and Pulse Amplitude Errors [3]. Pulse

Timing Errors (PTE) have the following sources:

· Delays from turn-on or turn-off to the actual level voltage transition in the

power stage are different in the turn-on and turn-off case. The delays depend

on various parameters in the Power MOSFET physics and the driver

hardware, and is as such complex to analyze and difficult to correct directly

by tuning.

· The necessary blanking delay between a turn-off and the following turn-on in

a switching leg leads to a deterministic uneven harmonic distortion.

· Finite rise- and fall times of the pulse signal.

Pulse Amplitude Errors (PAE) have the following sources:



· Power supply perturbations. The switching power stage has a Power Supply

Rejection Ratio (PSRR) of 0dB without control, and any perturbation will

directly intermodulate with the audio signal.

* Finite power switch impedance. The impedance of the switch during the ON

period is not zero but finite.

2. Control objectives

There are more objectives of applying efficient control systems to the PMA.

Obviously, the main objective is to achieve a perfect reproduction of the

amplified reference such that the input - output relationship is constant K within

the bandwidth on interest, independent upon any uncertainties and disturbances

that might be introduced in the fundamental elements of the system. More

specifically the objectives are the following:

* Minimization of all effects of non-linear behavior in terms of distortion, noise

and intermodulation within the complete operating range of the power

amplifier.

· Lowered requirements for modulator and power stage linearity and noise.

This directly reduces the resulting complexity (cost) of these elements.

· Improved efficiency by relaxation of the power stage design. Hence, the

power stage can be optimized isolated for efficiency with much less focus on

open loop linearity performance if the control system is sufficiently good.

· Stabilization of frequency response and the amplifier gain.

· Simplified power supply design leading to a lower system complexity.

· Improved robustness. The control system should provide a natural correction

of variations due to spread in production, aging, temperature variations etc.

Applying control systems to the PMA does not come without possible

complications:



· Stability is no longer 100% guaranteed, as it is the case with a non-controlled

system.

· Performance degradation in some aspects with careless design. Control

systems do not inherently provide improvements !.

· Added complexity.

Still, the control system is considered an essential part of the complete PMA

system in Fig. 1. Recent, new control topologies specifically for digital PMAs

have been presented in [2], [3]. But due to space constraints, only control

systems dedicated to analog PMAs are considered in this paper.

2.1 System model

All control problems starts with a detailed investigation on the plant (i.e. the

control object). Fig. 2 shows a detailed model of the basic system including the

modulator, power stage and demodulation filter (assumed 2. order). The first

block represents the inevitable delay to throughout the system arising from

propagation delays in the modulator, driver and power stage. The time delay is

critical since it causes a frequency dependent phase shift. Thus, the order of the

plant is inherently infinite ! gp represent the equivalent linear gain of the

modulator and power stage. In practice both the modulator and specifically the

power stage will behave as a dynamic nonlinear system. The non-linearity is

reasonably low below clipping, but rises rapidly when over modulation occurs.

Hence, the non-linearity has a limiter characteristic.

The noise input in the PMA non-linear model, rs, represent the perturbation on

the power supply that will intermodulate with the modulating signal. This can be

characterized as a disturbance input, which can be significant at low frequencies.

The other disturbance input, vp, represents the high frequency components

constituted by harmonics of the carder and intermodulation components. This
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noise generator varies considerably with modulation method as illustrated in

[5], [6]. It is important to consider this pulse-generator when designing control

systems. The level produced by the generator is high, e.g. the signal to noise

ratio at the switching power stage output is best case unity (e.g. with NBDD

modulation [5]) but in general negative ! Fortunately, the noise energy is

concentrated well beyond the target frequency range. Still, vp generally has a

determining influence on the control system performance, since components of

this generator superpose the measured output signals. The filter, F(s,ZD, is

assumed to be a standard second order filter, which will provide sufficient

attenuation of the noise from vv in most situations. The filter Q depends on the

load impedance, which is not known by the controller. In order to be able design

a robust controller, it is in general necessary to specify the load impedance

within reasonable bounds. This corresponds well with practice, since typical

loudspeaker loads are within the range 2-16 ohms. The final input, vn, represents

all other disturbance inputs (noise, distortion components), referenced to the

output.

3. Defining linear control topologies

Control systems design is constrained by a broad range of requirements, and it is

virtually impossible to obey them all. In the following, it is attempted to realize

the control objectives using various linear methods. First, consider the general

linear feedback system in Fig. 4. The output is a superposition of three

contributions:

CA 1 AB (1)y= r+--n+ d
1+ CAB 1+ CAB 1+ CAB

The following general terminology will be used throughout the following:



Parameter Definition Description

L CAB Loop transfer function

H CA Closed loop transfer function
I + CAB

S i Sensitivity function
I + CAB

The term sensitivity is very natural, since s directly dictates the reduced

sensitivity afforded by feedback. Assuming at this point that the amplifier

distortion, noise etc. can be modeled by an additive parameter e, the sensitivity

of A to e is:

(2)
s_=x=£_Ade

without control. For the system controlled by the loop the sensitivity is:

s# edA 1 1 Sl (3)A de I+CAB =I+CAB

This relation is the fundamental reason for applying feedback control to the

analog PMA system, since the sensitivity to all disturbance inputs rs, vp, v_are

reduced corresponding to the sensitivity function. The following parameter:

Smax = maxlX(/co)I X/cowithintargetbandwidth (4)

will be used to evaluate controller performance throughout the following. Three

output stage variables are considered as measured variables: The PMA output

Vo,the filter inductor current i Land the local power stage output ve . The control

configuration or control topology refers to the restrictions imposed on the
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overall linear controller by decomposing it into a set of local controllers

(subcontrollers, units, elements and blocks) with predetermined links. Three

fundamental linear control topologies shown in Fig. 5, Fig. 7 and Fig. 9 are

considered throughout the following, each with distinctly different

characteristics.

Topology 1: This is the obvious control structure where the output is the only

measured variable. The controller is subdivided in three elements, a forward

path compensator C(s), a feedback path compensator B(s) and an initial

reference shaper R(s) to stabilize the high frequency dynamics. Variants of this

topology has been used in e.g. [9].

Topology 2: This control structure also only uses one measured variable, which

is the "local" switching power stage output. The controller involves three sub-

controllers as topology 1. A variant of this simple topology has been

investigated in [4] where the target was dedicated loads in active speaker

systems.

Topology 3: The control structure uses two measured variables, iLand Vo. The

multivariable controller is subdivided in 5 elements, two forward path

compensators Cc(s) and cv(s), and two feedback path compensators Bc(s) and

By(s). Finally, a precompensator R(s) serves to stabilize the high frequency

dynamics. The topology was first investigated in combination with PMAs in [7].

4. Linear controller synthesis

In the following, frequency normalized methods to synthesize controllers for the

three topologies are devised, on the basis of the simplified model of the PMA

model shown in Fig. 3. It is outside the scope of this paper to investigate the

robustness of the synthesized controllers towards any of the plant uncertainties,
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as e.g. propagation delay, power stage gain perturbations and perturbation on the

filter components. This is an essential step before implementation of the

controllers presented in the paper [1].

The general advantage of linear control is the simple modeling, optimization and

verification. The controllers are optimized by loop shaping, which involves

explicitly shaping the magnitude of the loop transfer function such that the

objectives of the controller are reached. Fundamentally, to realize the benefits of

feedback control, the loop gain should be as high as possible. However, due to

carrier frequency limitations, time delays, un-modeled high-frequency dynamics

and other limitations there are more constraints to consider in the loop shaping

process. By simultaneous consideration of these constraints the following

relative bandwidth range can be specified for PMA control systems:

5<fu <10 (5)

A lower bandwidth will compromise audio performance and a higher bandwidth

will in general compromise efficiency and audio performance. With this

bandwidth limitation the loop gain is equivalently constrained as a consequence

of the stability requirements, e.g. the loop transfer function slope:

NL= d(ln]L_) (6)
dOn(to))

The slope has to be lower than -2 around the unity gain point for stability. The

optimal loop transfer function shape is determined by a simultaneous

consideration of the following design goals:

· A minimum of 30dB reduced sensitivity towards any disturbance in the

forward path within the complete frequency range.
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· A further reduced sensitivity to errors at lower frequencies, preferably 40dB -

50dB, since error sources dominate at low frequencies.

· Simple controller implementation, and well-conditioned control signals

throughout the system. Low requirements for the resulting controller

component tolerances.

· Stability and robustness towards any variations and uncertainties within the

fundamental elements of the PMA.

The primary specification is the loop bandwidth, tou, from which all other loop

parameters are derived. A general case example is considered throughout the

following with the following parameters:

Parameter Value Description

g 20 Desiredamplifiergain

gp 20 Nominalpowerstagegain

4.1 Topology 1 controller synthesis

The linear model for topology 1 is shown in Fig. 6. The six nominator and

denominator roots of the controller serves to provide an appealing loop

characteristic. With all elements of the control loop defined, the resulting loop

transfer function is found:

Ll(s): KcK e (l;_lS+l)(_'z2s+l)(xz3s+l) CO2 (7)
K (_'pls+l)('rp2s+l)(_p3s+ 1) sa +_OoOs+cooeo 2

The loop is shaped as the best compromise between the above outlined

objectives. The optimized parameter values are given in Table 1. With all roots

in the loop transfer function defined, the compensator DC gain Kc has to be
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Parameter Value Comment

fu 5 < fu < 10 Unity gain frequency (Primary specification

fN - _.k_ 1 Optimized compensator LF-pole frequency
- 2_rp, _'_fu

f p2--_._l._2n.rp2 _0 fu Optimized compensator LF-pole frequency

1 2fu Optimized compensator HF-pole frequency

f zl, f z2 2f u Cancellation zeros frequencies

1 1 OptimizedcompensatorHF-zero

f_3:2,_---_ _f_'
fo 2 Postfilternaturalfrequency

Qo 1 Post filter Q (Bessel)
,5

1 Reference filter natural frequency
fr _fu
Qr 1 Reference filter Q (Bessel).

4-i
Table 1 Optimized loop parameter values for topology 1.

tuned to realize the desired control system bandwidth. This involves solving

It_(jcou)l=l.The reference input filter R(s) serves to control the resulting

frequency response, and the reference filter natural frequency is specified such

that the system response is essentially determined by the reference filter

response,

Verification

Fig. 11 (Top) shows Bode plots for each component in the loop and the resulting

loop transfer function with the specified parameters, and Fig. 11 (bottom) shows

the resulting closed loop response with/without reference input filter. From these

investigations of the nominal model, it is verified that the system characteristics

are as desired. The bandwidth is as specified and the slope of the loop transfer
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Specification Value Description

Bandwidth 3 Normalizedbandwidth

Frequency response + O.IdB Nominal load

Phaseresponse +300 Nominalload

Smax -25dB Max. of sensitivity function within bandwidth

PM 39 o Phase margin

GM oo Gain margin

Table 2 Essential parameters for the synthesized topology 1 controller

function is close to -1.5 leading to Sm_< -25dB with the specified loop

bandwidth. The essential parameters for the synthesized controller are

summarized in Table 2.

4.2 Topology 2 controller synthesis

The linear model for topology 2 is shown in Fig. 8. The resulting general loop

transfer function is:

Le(s ) KcKp *_ls+l (8)
K (Xpls + 1)(zp2s + 1)(_:pas+ 1)

With the specified general loop parameter values it is attempted to synthesize

the same appealing characteristics as for topology 1. The general parameter

values for the optimized loop are specified given in Table 3. Obviously, two

compensator zeros are not required to compensate a second order output filter.

But otherwise, the remaining zeros and poles are placed as for topology 1, only

s =-,_3-l is now realized in the feedback path.

Verification

Fig. 12 (Top) shows Bode plots for each component in the loop and the resulting

loop transfer function with the specified parameters, and Fig. 12 (bottom) shows

the resulting closed loop response with/without reference input filter. The
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Parameter Value Comment

fu 5< fu < 10 Unity gain frequency (Primary specification)

f N = _.L_2nxp_ 1 fu Optimized compensator LF-pole frequency

f p2 = __l__2_rrp2 _0 f u Optimized compensator LF-pole frequency

1 2fu Optimized feedback path compensator B(s)

fp3 = 2/l:,p3 HF-pole frequency

I 1 OptimizedcompensatorHF-zero

fzl = 21C_.z"-"_ _ fu

1 Postfilternaturalfrequency
fo _fu

Qo 1 Post filter Q (Bessel)
45

1 Reference filter natural frequency
fr _fu

Qr 1 Reference filter Q (Bessel).
45

Table 3 Topology 2. Optimized loop parameter values.

essential parameters for the synthesized controller are summarized in the table

below.

4.3 Topology 3 controller synthesis

The linear model of topology 3 is shown in Fig. 10. The current loop feedback

path Bc(s) is very simple, since the current is measured over an equivalent

measurement resistance which is feed directly back to the difference point, i.e.

Bc(S) = Rm. In order to derive the current from the switching power stage output,

the demodulation filter is represented by the inductance L, the filter capacitor c

and the load impedance R (assumed real). The impedance seen by the PWM

modulator output stage is:
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Specification Value Description

Bandwidth 3 Normalizedbandwidth

Frequency response + 0.2dB Nominal load

Phase response + 45o Nominal load

Smax -24dB ensitivity function

PM 410 Nominal phase margin

GM oo Nominal gain margin

Table 4 Essential parameters for synthesized controller (topology 2).

R s2LRC+sL+R (9)
Zo (s) = sL-_ -- -

I + sRC sRC + I

Subsequently, the transconductance from the compensator output to the power

stage output current (= inductor current) is:

s+co0

Kp =Kp sRC+I Kp Qo (10)
G°(s)= Zo(s) s2LRC+sL+R = L s 2 +O_os+6Oo 2

Qo

Where:

1 _ (11)COo= _ Qo = R = RCco0

(10) dictates a clear first order characteristic of the transconductance. Hence, the

current loop can be considered as a first order system, since the zero will have a

canceling effect on the complex conjugate filter poles. With the simple

compensator (see Fig. 10) the resulting current loop transfer function is found:

s+COo

CzlS+ 1 Kp Qo .Rm (12)
Lc(s)=Kcxtjls+l L s2+tO0s+COo 2

Qo
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Parameter Value Comment

rue 8 Bandwidth of current loop

fur 4 Bandwidth of voltage loop

f pl = _L.,rp_ 1 fur Voltage loop compensator pole

fzl 1 1 Voltage loop compensator zero.

f - _ 1 Current loop compensator pole
p2- _2 _fuc

fz2 1 1 Currentloopcompensatorzero

fo 1 Post filter natural frequency

Qo 1 Post filter Q (Bessel characteristic)
45

fr 1 Reference filter R(s) frequency
_fuc

Qr 1 Reference filter R(s) Q (Bessel characteristic).
,5

Table 5 Proposed parameter values for topology 3.

The current loop compensator gain Kc determines the bandwidth of the system

and is found by I£c(/C%)[=1. The closed loop transconductance of the current

loop can now be found:

Cc(s)Zo(s) 1 1

Ge(s) = I +Cc(s)Zo(s)Rm = Rmlq'
t_(s) (13)

1 1

Rm'rucs+l

_-2 requiresThis first order approximation with the closed loop pole at S-,uc

reasonable loop parameters.
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Specification Value i)escdption

Bandwidth 4 Normalizedbandwidth

Frequency response + 0.2dB Response in nominal load.

(Determined by input filter)

Phaseresponse +40o Nominalload

(Determined by input filter)

Smax,c -30dB Current loop sensititivity function minimia

within amplifier bandwidth,

Smax.v -12dB Voltage loop sensititivity function
minimum within amplifier bandwidth.

Pa4,c 70° NominalPhase margin of current loop

PM,v 600 Nominalphase margin of voltage loop

GM,c oo Nominal gain margin of current loop

GM.v 0o Nominal gain margin of voltage loop

Table 6 Essential parameters for the synthesized loops (topology3).

The characteristics of the voltage loop is strongly influenced by the current loop.

Besides the closed current loop transconductance Gc(s), the voltage loop is

constituted of several other elements as shown in the linear system model in Fig.

10. The resulting loop transfer function is:

K lrz2S+l 1 1 R 1 (14)
Lv(s)= v _2s+lRm SZuc+lsRC+lK

Due to the wide bandwidth of the current loop, the control plant seen by the

voltage loop, consisting of the current loop + post filter, is essentially a first

order system within the bandwidth of the current loop. This represents a very

important difference to the voltage loop synthesis for topology 1. The

compensator gain to realized the specified bandwidth is again determined by

solving Itq(jcouv)l=l. Suggested normalized parameter values leading, to

appealing loop characteristics are shown in Table 5.
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