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The performance advantages of current-driving moving-coil loudspeakers is consid-
ered, thus avoiding thermal errors caused by voice-coil heating, nonlinear electromagnetic
damping due to (B!)? variations, and high-frequency distortion from coil inductive
effects, together with reduced interconnect errors. In exploring methods for maintaining
system damping, motional feedback is seen as optimal for low-frequency applications,
while other methods are considered. The case for current drive is backed by nonlinear
computer simulations, measurements, and theoretical discussion. In addition, novel
power amplifier topologies for current drive are discussed, along with methods of drive-

unit thermal protection.

0 INTRODUCTION

The moving-coil drive unit is by far the most widely
used electroacoustic transducer in both high-perform-
ance studio and domestic audio installations, as well
as in general-purpose sound reinforcement. Conse-
quently it has attracted numerous studies to investigate
its inherent distortion mechanisms (see, for example,
[1}-[11]), which as a consequence are well understood.
Much work has also been carried out on improving
drive-unit linearity by the application of motional
feedback techniques, which provide a useful enhance-
ment in performance at low frequencies. Improvements
to the basic regime of motional feedback have been
made by including an additional current feedback loop
[12], [13], which is reported to reduce high-frequency
distortion. This method is a specific implementation
of what we will term current drive, a subject that, it
is felt, has not received the attention it deserves.

This paper therefore aims to explore in detail the
benefits of current drive in reducing the dependence
of drive-unit performance on motor system nonlinear-
ities, in particular the voice-coil resistance which
undergoes significant thermal modulation.

In a conventional voltage-driven system (one where
the power amplifier output voltage is regarded as the
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information-representing quantity), the current is ini-
tially limited by the series elements of voice-coil re-
sistance and inductance, together with the interconnect
and amplifier output impedance. A force related to the
current in the system then acts on the drive unit moving
elements as a result of the motor principle, and once
motion occurs, an electromotive force is induced in
the coil to oppose the applied signal voltage, thus con-
straining the magnitude of current flow. The accuracy
to which the drive-unit velocity responds to the applied
signal is, therefore, dependent on the series elements
in the circuit, and any signal-related changes in their
value will result in distortion.

- The voice-coil resistance is of specific concern, as
it is usually a dominant element. As a result of self-
heating in excess of 200°C, a significant increase in
coil resistance occurs of typically 0.4%/°C for copper,
leading to sensitivity loss, lack of damping, and cross-
over misalignment. In their paper, Hsu et al. [6] con-
cluded that a satisfactory method of compensating for
this effect had yet to be found.

At higher audio frequencies, the coil inductance also
becomes significant, resulting in a loss of sensitivity.
In addition, the inductance suffers dynamic changes
with displacement, providing a distortion mechanism
which is further complicated by eddy current coupling
to the pole pieces in the magnetic circuit [14, pt. 1].
A further problem is distortion mechanisms at the am-
plifier—loudspaker interface, such as interconnect errors
[14, pt. 4] and interface intermodulation distortion
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[15]-[17].

To overcome these limitations, the drive unit should
be current rather than voltage controlled and interfaced
directly to a power amplifier configured as a current
source, thus offering a high output impedance. The
performance advantages of this technique are discussed
in detail, supported by computer simulation of the non-
linear system together with objective measurement on
a prototype two-way active loudspeaker system.

To complement this study, the application of both
motional feedback and noninteractive frequency re-
sponse shaping as a means of aligning the drive unit
Q to the required value is discussed. Finally, the topic
of current source power amplifier design is considered
along with the presentation of some novel types of
circuit topology, while the subject of drive-unit pro-
tection under current drive is also examined.

The technique of current drive in active loudspeaker
systems is seen as being of particular importance in
view of the performance advantages demonstrated over
conventional systems in terms of both reduced linear
and nonlinear distortion. For high-quality system design,
current drive is seen as the more logical methodology,
with voltage drive appearing as the result of established
practice and convenience.

1 LOUDSPEAKER PERFORMANCE UNDER
VOLTAGE DRIVE

In order to establish a performance reference, this
section considers motor system linearity for a moving-
coil drive unit under conventional voltage drive. For
the tests, a Celestion SL600 135-mm-diameter bass—
midrange driver was used, mounted in its enclosure.
It was chosen partly due to the excellent cone and sur-
round behavior, meaning that the distortion contribution
of these elements is small.

To enable performance predictions under general
signal excitation to be made, the variation of parameters
with coil displacement was measured. This is shown
in graphic form, in Fig. 1 for Bl product, compliance,
and coil inductance. The linear parameters for the model
are given in Table 1, which explains the terminology
and also the equivalence between the electrical model
and the mechanical model used. The approach broadly
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Fig. 1. Variation of model parameters with displacement.
Negative displacement indicates motion toward magnet. (a)
Bl product. (b) Mechanical compliance. (c) Electric coil in-
ductance.

Table 1. Model parameters for example drive unit.

Electrical model

Mechanical model

Parameter

Voice-coil resistance R.=7.0Q
Voice-coil inductance L.*
Enclosure compliance

Suspension compliance Lems

Moving mass
Mechanical resistive losses
Source impedance

Lcmb = Cmb(Bl)2
= Cns(BI)®
Crmes = Mps/ (BI)?
Res = (B1)*/ Ry
Z, (assume zero)

Rume = (BD*R, kg/s
Cne = L/(BI)> m/N
Cop = 750 X 107 m/N
Chns* m/N

M, = 0.0183 kg

R = 2.4336 kg/s

Zng = (BDZ, kgls

Bl = force factor (N/A)*
* Indicates nonlinear elements.
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follows that of Small [18], except that a mechanical
model is used in preference to the acoustic one. Fig.
2(a) shows the equivalent electrical model for the drive
unit, connected to an amplifier and interconnect of series
source impedance Z,, showing the mechanical imped-
ance as a lumped quantity Z;,. Analysis of this model
gives the transfer function between amplifier output
voltage and cone velocity,

VoBI
u = ; o
ZnlZ, + (BD)*1Z4]
where

u = cone velocity, meters per second

Vo = amplifier source voltage, volts

B = flux density for motor system, tesla

I = coil length in field B, meters

Z, = lumped mechanical impedance, kilograms per
second

Z; = lumped electric impedance (Zg, R., and sL.),
ohms.

Referring the mechanical impedance to the “primary”
of the B/ transformer to show its constituents gives the
electrical model of Fig. 2(b), while referring the elec-
trical parameters to the “secondary” results in the me-
chanical model of Fig. 2(c). Both these models are
useful in the forthcoming discussion, although emphasis
is placed on the mechanical system.

The mechanical model forms the basis of a transient
analysis procedure, which can readily incorporate non-
linear parametric variations. The details of this approach

Bl product variation
Rt «2
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Fig. 2. Modeling of drive unit in sealed enclosure, under
voltage drive. (a) Basic electromechanical model. (b) Elec-
trical model. (c) Mechanical model.
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Fig. 3. Simplified nonlinear model
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were given in an earlier paper [19], where it was seen
to avoid the approximations forced by an analytical
solution. It may be contrasted to that of Kaizer [3],
where drive-unit nonlinearity was modeled by Volterra
series expansion. Fig. 3 shows the simplified circuit
for the computer model, where it is assumed that the
driving amplifier has zero source impedance. The output
quantity acceleration is derived from the voltage across
the moving mass element M 5, while a signal propor-
tional to displacement is obtained from the voltage
across the enclosure compliance C ;. This displacement
voltage is used to drive three nonlinear amplifiers A4,
As, and Ag, whose transfer characteristics are expressed
as polynomials, representing the measured variation
in coil inductance, Bl product, and compliance, re-
spectively. A technique was adopted whereby the three
nonlinear functions were first represented by a Fourier
series from which the corresponding polynomials were
generated. A 30th-order approximation to each function
was deemed necessary to avoid undue error. The zero
displacement values for these parameters were then
summed by constant factors Ly, By, and Cy. Each of
the modulation outputs in the diagram is coded by an
asterisk and number to indicate which circuit parameters
it modulates.

To produce distortion predictions from this model,
a sine wave input is used and the system allowed to
reach steady state. A single cycle is then sampled as
input data to a fast Fourier transform, which indicates
the relative amplitude of the distortion harmonics.

At 100 Hz, with the source voltage chosen to give
a current of 1 A peak, a reasonable relation between
theoretical and measured distortion spectra can be seen

Amplitude
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in Fig. 4. The model slightly overestimates most dis-
tortion components, probably due to errors in measuring
the nonlinear parameters. However, at high frequency
the model does not prove usable, due to factors such
as the complicated nature of eddy current losses and
hysteresis effects in the magnetic circuit. The measured
3-kHz at 1A peak distortion spectra are shown in Fig.
5, while intermodulation products between 50-Hz and
1-kHz sine wave inputs of equal amplitude are shown
in Fig. 6.

The effect of voice-coil heating is a major problem
under voltage drive, and it is interesting to note the
severe difficulty in obtaining these measurements due
to the sensitivity loss and frequency response errors
which occur as the coil heats up. A further problem
caused by heating is that of crossover misalignment in
the case of passive systems. To illustrate this effect,
Fig. 7 shows an idealized two-way second-order cross-
over aligned to 3.4 kHz. The drive units are represented
by resistive elements, and the overall system transfer
function is evaluated by effectively subtracting the high-
pass and low-pass outputs. Fig. 8 then compares the
system transfer function arising from coil heating to
200°C with the intended response at 20°C. Although
oversimplistic, this model does show that large errors
can result.

Errors due to interconnect effects are also seen to be
of importance. Measurements of the error across a se-
lection of 5-m interconnects have revealed errors up
to 15 dB below the main signal. It is worth noting that
the error is a function of drive-unit—crossover imped-
ance and, while mainly linear, also contains a nonlinear
component due to the nonlinear nature of the load.
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Fig. 4. Measured 100-Hz harmonic distortion, voltage driven. Table compares with predicted result.
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2 THE CASE FOR CURRENT DRIVE

To assess the performance advantages of a current-
driven moving-coil drive unit, a similar procedure is
adopted to that of Sec. 1, though a current source is
substituted for the voltage source, with output imped-
ance assumed infinite. An immediate consequence of

Amplitude
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this strategy is that the series elements of coil resistance,
coil inductance (with attendant eddy current losses),
and interconnect lumped series elements, together with
Bl and the lumped mechanical impedance no longer
influence the instantaneous driving current. The sig-
nificance of this observation is best illustrated by ex-
amining the current-driven velocity transfer function,
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Fig. 5. Measured 3-kHz harmonic distortion, voltage driven.
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Fig. 6. Measured 50-Hz and 1-kHz intermodulation distortion, voltage driven.
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u=— )]

where I is the amplifier output current in amperes.

Comparison with the voltage-driven case, Eq. (1),
shows that for current drive, the transfer function is
of a simpler form, independent of the terms Z; and
(BI)®. 1t is therefore anticipated that lower distortion
will result from elimination of the term [Z; + (BI)?/
Z,]. Performance is therefore free of any linear and
nonlinear contributions from Z,, the (Bl)? term, and
shows areduced dependence on compliance nonlinearity
within Z,, together with any frequency-dependent non-
linear interactions. The mechanical model for the drive
unit and enclosure is then reduced to that of Fig. 9.

To demonstrate this claim, a transient analysis at
100 Hz with 1-A peak drive current was performed,
using the nonlinear model of Fig. 10. A reasonable
match between measured and predicted distortion is
again obtained, as shown by Fig. 11.

Comparing this result with the voltage-driven case
(Fig. 4) shows a measured and predicted distortion
reduction of around 9 dB for the second harmonic,
with third- and fourth-order products being reduced by
between 3 and 7 dB, depending on whether the measured
or the predicted values are taken (the predicted results
yielding the better distortion reduction).

Regarding the 3-kHz at 1A peak measurement given
in Fig. 12, this shows a substantial reduction of over
26 dB to the voltage-driven result in Fig. 5. Likewise,
the 50-Hz-1-kHz intermodulation distortion is im-
proved, as indicated by Fig. 13.

These results show the importance of eliminating
the distortion contributions of the (BI)? and Z terms
in a relative comparison between current drive and
voltage drive. Thus at the high-frequency end of the
drive unit’s operating range, the elimination of per-
formance dependence on coil inductance modulation
and eddy current losses is seen to be a valuable asset.
Further, the current-driven system is completely free
from any voice-coil thermal effects. Although the ar-
gument is based on a bass—midrange drive unit, with

significant cone displacement, tweeters were found to

: LP HP
(o,
§L1 C2
0.46mH 4. TpF
r Vin Vout
Ry HP
O

RL.Ry : Tn at 20°C for correct alignment
13n at 200°C

Fig. 7. Idealized two-way system with second-order crossover.
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benefit also, with a more modest 3—7-dB measured
distortion reduction across the band, along with the
elimination of coil-heating effects.

Finally, the performance independence on linear in-
terconnect errors is also welcome when a low shunt
capacitance cable is chosen—a high resultant series
inductance being of no significant consequence.

3 DRIVE-UNIT TRANSFER FUNCTION
ALIGNMENT UNDER CURRENT DRIVE

Small signal analysis reveals that under current drive,
there is a change in frequency response compared with
the voltage-driven case, the principal cause being the
loss in electromagnetic damping from the low-imped-
ance voice-coil circuit. Consequently, the drive unit
Q at fundamental resonance rises to that determined
by the mechanical parameters— generally too high for
optimal system alignment. To illustrate this, Fig. 14
compares the measured frequency responses of our ex-
ample drive unit under both current drive and voltage
drive. The rise in output around the fundamental res-
onance under current drive should be noted, along with
a reduction in high-frequency rolloff due to the voice-
coil inductance no longer appearing in the system
transfer function.

In order to realign the acoustic transfer function,
three methods have been investigated.

3.1 Electronic Equalization Using Open-Loop
Compensation

The addition of a low-level equalizer to redefine the
low-frequency alignment of a drive unit under voltage
drive is a well-documented technique [20], [21]. The
approach is equally applicable to current drive. If the
drive-unit transfer function is of the form

$2T?
$?T? + sTJQm + 1

G(s) =

where T is the time constant of fundamental resonance,
in seconds, and Q. is the mechanical drive-unit Q,
and the desired low-frequency target alignment is written

s2T§
s?T2 + sT./Q. + 1

Gt =

where T is the redefined system time constant, in sec-
onds, and Q.. is the compensated Q value, then, assuming
a second-order low-frequency alignment is retained,
the equalizer transfer function is defined:

X(s) = szTg >
s T2 + sT.JQ. + 1

y <s2T§ + sT/Qm + 1)

szTg
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Fig. 9. Mechanical model of drive unit in sealed enclosure under current drive.
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that is,

XG5) s’T? + sTT,Q, + T2T?
s —3
$2T? + sT./Q. + 1

3

The equalizer used for experimental purposes is rep-
resented by the cascaded integrator structure of Fig.
15. Comparing the transfer function of this system with
X(s) in Eq. (3), the time constants, are

T, = QT
T,

T2:—C
Qc

accL” outeut

non-linear function
generation amplifiers

sum zero dispiacement values

o »1(81} modulation

‘i’(mb 'A321000C mp

V: voltage source representing

. oa2 compliance
input current to the drive unit

modulation

%
compliance

Fig. 10. Simplified nonlinear model for current-driven sim-
ulation.
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and the summing constants,

Cl =1
¢, = &T:
Qst

T:
Cy = =%

3 Tz_

This gives the ability to redefine the system Q and,
if required, provide low-frequency extension.

Computer simulation of the equalizer and the example
drive-unit—enclosure combination shows in Fig. 16(a)
the overall system response for a Q realignment to
0.7071 with no resonant frequency shift, while Fig.
16(b) shows the effect of a resonance realignment to
40 Hz, with @ = 0.7071.

The disadvantage of this approach is the sensitivity
to drive-unit mechanical parameter changes. To in-
vestigate this effect, the drive-unit mechanical param-
eters were subjected to =20% tolerance and a Monte
Carlo analysis based on 25 trials carried out to show
the effect of random parametric variations within this
range. The results reveal a 2-dB response error standard
deviation around the area of fundamental resonance in
both cases. However, in practice, mechanical parameter
variations are likely to be better controlled with a well-
engineered drive unit.

A novel technique of altering low-frequency re-
alignment, which has been described in [22], is the
“ace bass” system after Stahl. This method relies on

Amplitude
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dBv
.......................................................... T
HARMONIC FUNDAMENTAL
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.......................................................... - " 7
3 SW2 ) k66
........................................................... - — g
10 ..................................................................................................
dB
/D1vV
-80
START: 0 Hz BW: 1.875 Hz STOP: 500 Hz

Frequency

Fig. 11. Measured 100-Hz harmonic distortion, current driven. Table compares with predicted result.
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providing the power amplifier with both a negative
output resistance to cancel the drive-unit resistance
and a synthesized parallel reactance in effect to modify
the drive-unit mechanical parameters. While this tech-
nique does exhibit insensitivity to mechanical parameter
variations (less than 1-dB standard deviation error on

Amplitude
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the same basis as the open-loop compensator for 40-
Hz realignment), it does, as the author admits, incur
problems due to voice-coil heating. The error for our
example drive unit is shown in Fig. 17, by computer
simulation with the voice-coil temperature at 20°C
(reference) and increased to 200°C, where the low-
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Fig. 12. Measured 3-kHz harmonic distortion, current drive.
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Fig. 13. Measured 50-Hz and 1-kHz intermodulation distortion, current driven.
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Fig. 14. Measured frequency response of example drive unit. (a) Voltage drive. (b) Current drive.
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Fig. 15. Representation of open-loop equalizer.
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frequency alignment was set to 40-Hz resonance with
Q0 = 0.7071. Where low-frequency extension is re-
quired, the extra power needed to combat the drive
unit’s falling response means that coil heating effects
are particularly troublesome, hence reinforcing the need
for current drive in this type of application.

3.2 Motional Feedback

Motional feedback is considered the optimal method
for Q alignment of low-frequency drive units under
current control and was consequently incorporated into
the prototype development system. Qur earliest ref-
erence to the technique is due to Voight in 1924 [23],
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T S co 138,

......................................................... -98,
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Frequency (Hz)
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------- G e g,
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Fig. 16. Simulated current-driven system response with equalizer. (a) No resonance change (65 Hz), 0 = 0.7071. (b)

Resonance lowered to 40 Hz, Q = 0.7071.
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where the lack in damping from an open-loop tube
output stage led to similar problems as faced under
pure current drive. The approach was later abandoned
for general use when Black [24] formalized negative
feedback techniques and amplifier output impedance
could be reduced. Since then there has been much in-
terest in motional feedback in high-performance ap-
plications, using a variety of sensing methods to ob-
tain velocity, displacement, or acceleration feedback
[25]-[28]. ‘

The method selected in this study was to wind a

Amplitude (dB)
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sensing coil over the primary drive coil for reasons of
cost effectiveness, with little additional complexity over
a standard drive unit. The penalty of this mechanical
simplicity is that as well as generating a signal pro-
portional to cone velocity, there is also transformer
coupling that induces an error from the driving coil
into the sensing coil. Methods used to deal with this
effect have included the use of additional neutralizing
coils [29], [30]. In this case, the rather different method
of electronic compensation has been adopted. Fig. 18
shows how this has been achieved, together with a

48

18, 132.9

b8,

1.

55, 3115 508,

Frequency (Hz)

Phase (defrees)

255, SRS 50,

Frequency (Hz)

Fig. 17. “Ace bass” system frequency response simulations. Resonance set to 40 Hz, Q = 0.7071. (a) Voice-coil temperature

20°C. (b) Voice-coil temperature 200°C.
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block diagram of the prototype system. So that the
sensing coil does not reintroduce thermal errors, it must
be interfaced to a high-input impedance buffer amplifier.
The coupling error compensator consists of a filter
matched to the transfer function of the coupling error
characteristic, which increases by around 15 dB per
decade up to 1 kHz at zero coil displacement. Some
change in both the magnitude and the slope of this error
is apparent with coil displacement, together with an
unpredictable response above 1 kHz. To reduce this

" high-frequency residual error, the second-order low-
pass filter at 1 kHz in the velocity feedback loop proves
effective and in any event is required to maintain loop
stability. Measurements have shown no increase in high-
frequency distortion (at 3 kHz) over the open-loop case,
indicating the effectiveness of this method.

To analyze the system, consider the simplified rep-
resentation of Fig. 19, consisting of transconductance
power amplifier, drive unit with sensing coil, and feed-
back path. The output voltage from the sensing coil V
is written

Vs = (Bl)su
where (BI); is the sensing coil B/ product, in newtons
per ampere, and u is the cone velocity, in meters per

second. Also,

Iy = [Vin — k(Bl)su] gm

where
Iy = amplifier output current, amperes
Vin = input voltage, volts
k = feedback constant

gm = amplifier transconductance, siemens.

Using Eq. (2),
u = (Bl) [Vin — k(BD)sul Yr gm

where Y, is the admittance of the mechanical drive-
unit model of Fig. 9. Thus

_ Vin (BI) 8m
T UYm + k@Bl Bl) g @

transconductance high input
power amptifier impedance buffer

sensing coil

couwpling error
compensator

2nd order
{ow-pass filter
(1kHz})

Fig. 18. Block diagram of prototype motional feedback sys-
tem.
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Examining the mechanical drive-unit model reveals

§C me

3 ; &)
N Mms Cmt + scmt Rms + 1

Yo =

where Cp, is the total mechanical compliance of the
system, that is,

Cms Cmb

Cpy = =28 7mb_
™ Cps + Cop

Substituting this result into Eq. (4) gives
u = [Vin (Bl)scmt gm][MmsCmt {S2
+ s(1/Mps) [Rs + (Bl)s (Bl)kgm]
T —
wo/Q

+ UMy Coel ™!

— 6)
)

Thus, for a second-order system,

) 1
© (Cot/M ) [Runs + &m k (BI) (BI);]

Q )

which may be rearranged to give

1/Q (Zwms/cmt)o'5 — Ry .
k = . 8
B1) Bl); gm ' ®

Investigation of system performance was carried out
as for the open-loop case, with nonlinear transient
analysis followed by measurement. It should be noted
that in the prototype, the sensing coil followed the
same B/ profile as the main coil, although to achieve
a further low-frequency distortion reduction over the
open-loop case, a more elaborate linear sensing mech-
anism is required. The transient analysis model will
not be detailed, as it follows the earlier methodology —
the velocity feedback signal was derived from the volt-
age across the mechanical resistance R, and the feed-
back path loop stability filter was set to 1 kHz, second
order. No transformer coupling effects were included
in the model. For a 100-Hz at 1A peak sine-wave ex-
citation, the measured distortion spectra are shown in

VS:(Bl)sU

sensing coil

{k}

Fig. 19. Simplified motional feedback model for analysis
purposes.
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Fig. 20, along with comparative data from the simulation
for a system Q of 0.7071. The results are seen to be

broadly similar to the open-loop case for nonlinear Bl

sensing, with a distortion reduction of around 4 dB on

Amplitude

0
dBv

10
ds
/DIV

-80

START:

PAPERS

the second and third harmonics resulting from predicted
linear velocity sensing.

The measured frequency response (Fig. 21) is seen
to be flatter than both the voltage-driven and the open-

(1) Sensing coil follows Bl profile of main coil
{2) Sensing coil with linear Bl characteristic

""""" ) AMPLITUDE RE 0dBV FUNDAMENTAL |~~~ 7~
HARMONIC : :
PREDICTED | PREDICTED
MEASURED  INON LINEAR(IK |LINEAR (2)
2 -43.8 -13.2 -47.2
3 -53.0 -51.1 -55,2
4 -71.0 -66,2 -69,3

BW:

1.875 Hz

STOP: 500 Hz
Frequency

Fig. 20. Measured 100-Hz harmonic distortion, current driven with velocity feedback. Table compares with predicted results
for both linear and nonlinear sensing-coil Bl profiles.

Amplitude i f
(dB) 1
12,5688 ] §
A
[ N Y L
1 A AL | As W v Lu./- \
],J WAV 'LA,W[ ¥ ; \
M A
’ V&;*ﬁfﬂ . ™
{ e
I v
0 100 200 300 400 500 700 800 900

1000
Frequency (Hz)

Fig. 21. Measured closed-loop frequency response for velocity feedback current-driven case, Q = 0.7071.
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loop current-driven cases (Fig. 14). The effect of al-
tering the feedback factor k is shown by the measured
step responses in Fig. 22 for Q = 3.0 (open loop),
0=10,and Q = 0.7.

3.3 High-Frequency Drive Unit with Electrically
Conductive Former

At high frequencies, the preferred damping method
is to use a drive unit with inherent electromagnetic
damping through a conductive coil former. With such
adevice, experiment has shown a negligible contribution
from voice-coil damping under voltage drive. Due to
the improved linearity of high-frequency drive units,
resulting from low coil displacement, the distortion
reduction of current drive is less marked (around 3—
7-dB reduction for drive units tested). However, the
advantages in terms of freedom from thermally induced
response errors and power compression are still valid.

4 POWER AMPLIFIER TOPOLOGIES FOR
CURRENT DRIVE

A voltage-driven system requires a power amplifier
with adequate bandwidth, low distortion, and a low
output impedance which is linear and frequency in-
dependent. With current drive, the latter requirement
translates to a high output impedance, which again
should be linear and frequency independent. Also, the
current demand under voltage drive [19], [31]-[34]
becomes a problem of voltage demand under current
drive. Consequently the maximum current delivery is
known, which aids amplifier protection, as the system
is inherently self-limiting.

The most basic strategy for generating a high output
impedance is by the use of negative current feedback
from a sensing resistor in the loudspeaker ground return
[12], [13]. A typical configuration is shown in Fig.
23. Analysis of this system reveals that the transcon-
ductance gy, is given by

Iy A

Em = VT (Zo + ZU) + Ri (1 + A) ®
in 0 L f

where

Iy = load current, amperes

Via = input voltage, volts

Z, = open-loop output impedance, ohms

Z; = drive-unit impedance, ohms

R¢ = current-sensing resistor, ohms

A = forward gain of amplifier.

Consequently the output impedance Z. may be written
Z. = (1 + ARt + Z, . (10)

This configuration, although a feasible solution, has
two main limitations. First, the forward gain of the
amplifier is frequency dependent, falling with increasing
frequency as a result of its dominant pole. As a con-
sequence, the output impedance falls with a similar
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characteristic. Second, the loudspeaker impedance is
both frequency dependent and nonlinear, leading to a
modulation of the system transconductance [Eq. (9)]
and being analogous to interface distortion in a con-
ventional voltage amplifier.

To investigate this effect in more detail, consider an
error function £, which is defined as

Voltage
1V/div

Voltage
1V div

(b)

Voltage
1V/div

time 2ms/div

(©)
Fig. 22. Measured step responses for velocity feedback cur-
rent-driven system. (a) Q = 3.0 (no feedback). (b) Q = 1.0.
(c)Q=0.7.
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where g, is the target transconductance, that is, g, =
1/R¢. Thus, using Eq. (9),

AR
E1 = -1
(Z, + Zy) + Re(1 + A)
that is,
Z, + R + Z
El — o f L

T (Z, F Z) + R (1 + A

Assuming (1 + A) R¢ >> (Z, + Z),
EL= —— = - — (11)

If we suppose as a numerical example that E; should
be less than 0.1%, then from Eq. (11),

1000Z;.
R:

A >

Hence, if R¢is set t0 0.5 ) and Z; assumes a maximum
value of 20 (), then Agg > 92 dB. This is seen to be a
high open-loop gain to maintain and illustrates well
the limitations of the current feedback technique, par-
ticularly as Z; is nonlinear.

A more optimal solution to the problem is to provide
a cascaded open-loop grounded-base isolation stage in
the amplifier structure to isolate the transconductance
amplifier from the load, as shown in Fig. 24. Several
advantages result from this enhanced technique.

1) Output impedance is essentially independent of
the transconductance amplifier A, being a function of
the grounded-base isolation stage.

2) Performance of amplifier A, is isolated from the
nonlinear load Zy, thus eliminating interface distortion
through loop gain modulation [see Eq. (11)].

3) Amplifier A, can, if desired, operate in class A
with its own supply =V, which may be of low value
to minimize power dissipation.

Vin *
Zq Io

Z,

R¢

Fig. 23. Basic current feedback derived transconductance
amplifier.
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4) The grounded-base stage can operate in class AB,
with a small standing current giving minimal distortion
penalty, as current I, = [, except for any base current
leakage to ground.

5) Unlike the topology of Fig. 23, the loudspeaker
load is referenced to ground, which simplifies instal-
lation and reduces the effect of interconnect capacitance
at high frequencies.

6) If points P and Q (Fig. 24) are coincident, ground-
ing-related errors are reduced due to signal currents
forming well-defined closed paths.

7) The circuit topology is effectively a complementary
cascode, therefore offering performance advantages in
bandwidth and linearity.

8) As the grounded-base stage operates open loop,
it does not degrade the loop gain and bandwidth char-
acteristic of amplifier A,.

9) The supply voltages =V, can, in principle, be
made adaptive to increase efficiency, when used in
conjunction with a predictive digital processor.

Fig. 25 shows an alternative power amplifier topol-
ogy, this time taking the form of a current gain stage.
It must therefore be fed from a transconductance
preamplifier. It has the advantage of having a ground-
referenced power supply =V, for the current amplifier
A;, meaning that in practice, several amplifiers in an
active system may share a common supply, reducing
complexity and cost.

Several prototype amplifiers have been built using
these techniques. The first was based on the Fig. 24
complementary cascode configuration and operated with
the transconductance amplifier A, in class A with error
feedback correction [35], [36], while the second was
based on the Fig. 25 topology and used class AB op-
eration for the current gain amplifier A; with more ex-
tensive error correction and also moderate overall
feedback. Both amplifiers were evaluated in terms of

Fig. 24. Transconductance power amplifier using grounded-
base output stage in complementary cascode configuration.
ﬁ)]Vsz

Z

—{ 03—
Olvs:
O R
i In | 4, f %

+ =
TTVm ) TTVsz
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Fig. 25. Alternative power amplifier topology.
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conventional measurements (Table 2) and were found
comparable to typical high-performance voltage power
amplifiers. On a practical note, it is judged important
to provide adequate high-frequency current gain in the
common-base stage to avoid distortion due to base
leakage current to ground.

5 POWER AMPLIFIER AND DRIVE-UNIT
PROTECTION UNDER CURRENT DRIVE

As the maximum available current from the trans-
conductance power amplifier is an inherent design pa-
rameter, it is therefore self-limiting, so the system is
simpler to protect. Indeed, this self-limiting charac-
teristic implies that the designer need not be so con-
cerned about protection circuitry, which has been cited
as a source of degradation [37], [38].

Unlike the voltage power amplifier, which requires
a series switching element for loudspeaker protection
against offsets and other fault conditions, the current
power amplifier requires a shunting element across the
loudspeaker, thus avoiding the problems of contact
degradation with time. Also a series fuse may be added
without signal impairment, whereas with a voltage
power amplifier, thermal modulation of the fuse wire
resistance offers a source of distortion. Whereas a
voltage amplifier requires short-circuit protection, a
current amplifier is sensitive to open-circuit conditions.
However, tests on the experimental amplifiers con-
structed have not given rise to a failure mode under
open circuit.

A major factor concerning system reliability is drive-
unit thermal failure. With conventionally powered loud-
speakers, the coil current (and hence power dissipation)
falls as temperature increases due to the thermal coef-
ficient of the coil, giving a degree of protection. Elab-
orate protection systems have, however, been described
for loudspeakers under voltage drive [39], [40]. Under
current drive, no such self-limiting occurs. Indeed, it
is an effect we are seeking to avoid. Thus, particularly
for high-power and high-reliability installations, a
method of sensing voice-coil temperature is required.
This is best explained with reference to the block dia-
gram system of Fig. 26. In addition to the main trans-
conductance power amplifier and drive unit, a second
low-power transconductance amplifier is provided to
drive an impedance scaled model of the drive unit. In
this model, R, represents the voice-coil resistance at
room temperature and Z, the drive-unit motional
impedance. After taking account of the scaling factors

DISTORTION REDUCTION IN MOVING-COIL LOUDSPEAKER SYSTEMS

in the current level and impedance of the reference
network, the difference in voltage across the drive unit
and reference network is obtained by a differential am-
plifier. The rms values of the input voltage Vi,, which
is proportional to the drive-unit current and of the dif-
ferential amplifier output, are then fed to a divider
network to produce a voltage V,, representing any in-
crease in coil resistance due to heating. Presuming the
temperature coefficient of the coil material is known,
a measure of temperature is then determined.

The output voltage V,, may be used to drive a com-
parator to shut down power to the loudspeaker drive
unit at a predetermined temperature. Alternatively, it
can be used to progressively attenuate the drive-unit
current to a safe level, or to provide curtailment of
low-frequency extension to reduce power dissipation.
The latter techniques are of particular interest to studio
monitors, where high reliability and continuity of op-
eration are paramount.

6 PROTOTYPE TWO-WAY ACTIVE
LOUDSPEAKER SYSTEM

The ideas presented in this paper have been incor-
porated into a working prototype two-way active loud-

attenuator
4 Y a

transconductance
power amplifier

[o RN -
VinT l\ - ==
1
{ |
gl ! Re' !
' z /| drive unit
m
= ( i | model
ow power )
transconductance \ :
amplifiee 00— — - ===
11 rms > divider —II rms LI
t Vout

Fig. 26. Drive-unit thermal protection system for current
drive.

Table 2. Performance comparison of prototype power amplifiers.

Measurement parameter

Test condition/notes

Class A design Class AB design

Rated output power
Total harmonic distortion re rated power

Intermodulation distortion at rated power
Hum and noise
Small-signal bandwidth

8 () resistive load

19 kHz and 20 kHz at equal levels
Unweighted re full power

75 W average 75 W average

20 Hz —88 dB —79 dB
1 kHz —84 dB —86 dB
20 kHz —79 dB —68 dB
<-—90dB —86 dB
—91dB —90 dB

-3 dB dc—-50 kHz 0.1 Hz-50 kHz
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speaker system, based on the Celestion SL600 loud-
speaker, because its high drive-unit quality and low
level of enclosure coloration would theoretically make
the benefits of current drive apparent on audition.

The system employs a discrete low-level electronic
crossover, feeding individual current power amplifiers.
One of the power amplifiers, based on the topology of
Fig. 25, running in class AB with error correction is
shown in detail in Fig. 27. Both power amplifiers are
mounted on the loudspeaker stand, which aids thermal
dissipation, with transformers mounted on the base to
give mechanical stability. Fig. 28 shows the complete
assembly. The crossover, motional feedback control
circuits, coupling error compensator, and transcon-
ductance line amplifiers are housed in a separate en-
closure (Fig. 29), which also incorporates level controls
for the input signal. The crossover time constants are
each independently adjustable for trimming, to enable
comparison with the original voltage-driven loudspeaker
to be made on a fair basis.

7 CONCLUSIONS

This paper has presented an alternative approach to
the amplifier—loudspeaker interface, where numerous
advantages have been cited through technical discus-
sion, nonlinear computer modeling, and measurement.
The principal advantages of current drive are seen to
be an elimination of performance dependence on voice-
coil resistance (which is thermally modulated) and also
coil-inductive effects, which give rise to high-frequency
distortion, along with nonlinear electromagnetic
damping due to B/ variations. The technique is similarly
insensitive to the lumped series elements of the am-
plifier—loudspeaker interconnect. However, it is often
necessary to lower the system Q caused by the loss of
amplifier-generated damping, either by open-loop
compensation, by special drive-unit design, or by mo-
tional feedback, where the latter is regarded as the
optimal method at low frequencies.

Having attempted a broad coverage of the principles
of current drive, it is hoped that a greater interest in

=

Fig. 27. View of prototype power amplifier based on Fig.
25.

pi -
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and awareness of the technique will result. The authors
perceive digital signal processing (DSP) as being in-
tegral to further developments in terms of crossovers,
motion feedback signal processing, and drive-unit pro-
tection against thermal and excursion damage. The
subject of digital crossover design has already been
researched in depth within the Group. This resulted in
atwo-way working system, operating on the data stream
from a CD player [41]. A further area of DSP to be
investigated is compensation for the drive-unit B/ profile
with coil displacement sensing, which under voltage
drive would not be so amenable to correction, due to
the more complicated nature of nonlinearities present
in the system transfer function. In addition, DSP tech-
niques have the potential to improve transconductance
power amplifier efficiency by using modulated switched-
mode power supplies.

While the research has been directed at moving-coil
drive units, there is no reason why current drive should
not be applied to ribbon transducers, which are often
mechanically well damped and would benefit from re-
moval of the matching transformer needed under voltage
drive.

Fig. 28. Prototype active loudspeaker system.

Fig. 29. View of control unit. System includes low-level
crossovers, velocity feedback circuitry, and transconductance
line amplifiers.
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The technique of current drive should find wide ap-
plications in both high-performance domestic and studio
applications, where it is felt that useful performance
gains will be made over conventional systems.
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