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Digital Class-D Subwoofer Amp, art 1

Here's a close-up look at the pros and

digital amplifiers. By Thomas Q’Brien

n the “old days” of audio, ampli- |

fiers were purely analog (tubes,

then transistors) and inefficient,
wasting power by generating heat. ;
The wasted power was a concern, espe- |
cially for portable and miniaturized
audio systems, so Class-D was used to
conserve power. Most Class-D amps use

pulse-width modulation (PWM) to con

vert the incoming audio to a pulse
train, although there are several varia-

tions of how this is done.

Class-D is the same technigque used
in classic motor drivers, but modern ;
high-speed electronics are required to
run at appropriate frequencies for acou- ;
rately driving a loudspeaker. There are |
benefits aside from efficiency when |
using the Class-D approach. Elimina- |
tion or reduction of some types of dis- |
tortion is possible, and good transient

response leads to a reputation for accu- PHOTO 1: Modulator board.

rate sound.

In a Class-D a,mphﬁer, a modulator
converts the inpyft signal to a pulse }
siream. The modulator output is & low- }
power signal. High-power circuits ;
(called the “output stage”) amplify this ;
signal, and the high-power output i
i tal”; it's merely a configuration designa-
{ tor, as in Class-A, Class-B, Class-AB, and
i so on. Class-D amplifiers came to be |
i known as “digital amplifiers” because |
i they output a two-state signal (although
{ some Class-D amps use more states), as |
i do digital logic circuits. The output of a
i Class-D amp drives the load through a |
i filter, removing the high frequency |
typical consumer.
i deal only with analog signals, and the
i output is not discrete-time (as in a com-
! puter); these amps are called analog
i ClagsD amps,

drives a speaker through a passive filter,

ABOUT THE AUTHOR

Thomas J. O'Brien attzined a 83EE ai Drexel Universi-
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cons of true

The filter removes highfrequency noise |

from the signal driving the speaker.

DIGITAL CLASS-D

Although it may seem reasonable, the |
! tortion to reasonable levels, Amplifiers
requiring large amounts of feedback
! are sometimes viewed as poor designs,

“D” in Class-D doesn't stand for “digi-

“carrier.” However, most Class-D amps

www.audioXpress.com
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It is difficult to achieve high perfor-
! mance with analog Class-D because
! analog modulators are inherently
i noisy. At least one level of analog feed-

back is usually employed to lower dis-

and are susceptible to instability,
The term “digital amplifier” is also

! used as a marketing tool. “Digital” has

come to represent high quality in mass-
market audio. For example, the word
“digital” has even been applied to head-
phones. This can be confusing to the

Digital Class-D amplifiers, often
called “true digital amplifiers,” convert
digital audio data (pulse-code modula-

! tion (PCM), usually from CD or DVD) to



PWM with logic circuits; this process is :
! feedback, and digital
! Class-D doesn’t have
i feedback.

ing the signal from analog to digital or ;

vice-versa adds artifacts to the audio. i ADVANTAGES
Also, digital Class-D amps do not re-
quire analog feedback to reach high- |
performance levels, as do typical ana- :
! for DC offset because
On the qualitative side, digital Class- §
! tally fixed near zero.
 In fact, digital Class- J7
i D amps are very re-

discrete-time. Converting the digital
signal to analog before amplification is
not necessary. The process of convert-

log Class-D amps.

D is the most direct connection from a
digital audio source to a loudspeaker,
This directness provides very transpar-

ent sound, and some believe it to be the |
{ tion hecause their

best way to hear a CD. Folks who swear

by tube amps would rather hear the |
completely defined
i in the digital do-
i main, and it doesn’t
vary as much over

recording on LP instead, anyway.
Digital Class-D amps can achieve out-

standing performance levels, including

low distortion and high dynamic range.

However, in some applications, perfor
mance is slightly compromised to :
! ations as with analog Class-D ampli- i
: fiers. Also, digital modulators don’t rely :
{ cy is high, so there’s little wasted heat;
therefore, heatsinks, power supplies,
! and drive electronics can be very small
i without loss of quality or output power.
Class-D amp. Crystal oscillators provide |

i OVERCOMING DISCRETE-TIME

¢ LIMITATIONS

lower the price of this technology by re-
ducing signal processing in the modu-

lator or by using cheaper FETs, FET ;
drivers, inductors, and capacitors. The
PCB layout, as do analog modulators.

output stage transition time must be

very fast and the output impedance
must be very low in order to minimize :
the timing for accurate pulse widths
! and dead-time delays {see section on ;
! deadtime delays later in this article). In
It is difficult, but not impossible, to |
! widths and dead times are determined
: i pulse width is also continuously vari-
! able. In & digital Class-D system, the
i PWM is a clocked output, meaning that

distortion. The modulator must pro-
duce very accurate PWM with low
noise, as well,

build a digital Class-D amp with high

performance and reasonable cost. The
cost of digital Class-D is slightly higher ;
than analog ClassD. Digital ClassD re- }
 erating in the digital domain because i
circuits like equalizers, filters, and ef-
i fects are often implemented digitally
| with no need to convert to analog.

quires a hetter output stage because

analog Class-D can gbrrect for output |
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FIGURE 1: Half-bridge configuration.
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FIGURE 3: SA1 system configuration and required voltages.

and component vari-
on tight component tolerances, super-
low noise components, and precise

A crystal oscillator digitally clocks a

an analog Class-D amp, the pulse
by analog circuits and are more prone

to noise than is a digital ClassD amp,
Digital Class-D also benefits from op-

Amplification does not add a level of

: complication to systems running DSP
| on the signal, and sometimes can be
| { performed in the amplifier itself. A sim-

ple example is volume control. Many
. | “integrated amps” have simple selec-
—— oure [
. i In this case, tone controls or equaliz-
i ers are performed outside the amplifi-
‘ er, Selection switches are loss-less in |
the digital domain, and velume con-
i trols simply scale the audio data and
| are easily built into a digital Class-D |

| tion switches and a volume control. |
: ! quencies are between 200kHz and
{ 500kHz. Digital PWM clocks range
! from 10MHz to 100MHz. For example,

In addition to eliminating the need

£ for feedback, digital Class-D enjoys the

www.audioXprass.com

same benefits as analog Class-D. There
is no zero-crossing distortion. Efficien-

! In a continuous PWM system (analog
! ClassD), the average output voltage is

continuously variable because the

the pulse width must be a multiple of
clock cycles.
For the pulse width to have 16-bit ac-

i curacy, you would need 65536 available
i pulse widths. At a pulse repetition rate

(switching frequency) of 200kHz, this

{ would require 76ps clock cycles (a

13GHz clocid). Because this is impracti-

! cal (at least today), you must use a slow-
i erclock.

Typical Class-D PWM switching fre-

! with a 50MHz clock and 200kHz PWM,
i you get 250 available pulse widths, This

is less than 8-bit resolution!
The trick here is to exploit the fact

that the switching frequency is much
! higher than the intended frequency
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you are reproducing. By selecting sev- ;
eral different pulse widths in a repeat-
ing pattern, you can produce average
pulse width values between the actual |
ones. For example, if the pulse width
had 100 allowed positions (from 0% to
100%), and an average of 50.5% pulse |
width is desired, the output pulse :
- width would alternate between 50% and |
51%. The algorithms that produce the ;

pulse widths, effectively increasing
the resolution, vary in complexity and i
performance,

i tained. In order to keep the Class-D
{ amp from radiating this interference, it
i is important to enclose the output stage
| in a shield.

Typically, this shield is the amplifier

i enclosure, which contains not only the
i output stage(s), but the entire amplifier
i system, Non-metallic enclosures (for
éxample, speaker cabinets) require the
i output stage to be in a shielded “box”
with ventilation to allow heat to es-
i cape. The simplest type of enclosure
¢ for a ClassD amp is an aluminum (or
i other metal) box with evenly spaced
i vent holes.

Typical hole spacing is %", and typi-

‘ cal diameter is %”. The enclosure needs
! vent holes to provide some convection

airflow while gontaining emissions.

i Good PCB layohit is critical, not only to
! minimize transmitted RF, but also to

ensure well-controlled power output

RFI CONCERNS
Like any switching amplifier, Clags-D
generates high voltage and current ;
skews during output state transitions,

This in turn produces RFI (radio-fre- |

quency-interference) that must be con- |

and low output impedance.

Analog audio is still prominent. In
some digital audio systems, there is no
access to the digital data, and “legacy”
audio equipment outputs only analog
audio. Existing analog equipment can



drive a digital Class-D amp if an analog- |
to-digital converter (ADC} is used to de- |

rive digital data from the input.

BRiDGED OUTPUT

By “bridging” the output of an amplifi-
er, you can obtain nearly twice the volt- ;
age across the load, resulting in rough- :
ly four times the output power. A dual ;
supply (positive and negative voltages)
is not necessary to run in this configu-
ration. Typical Class-AB amps are half- |

bridge, dual supply type.

Ancther consideration with Class-D
amps that makes bridging popular is
that non-bridged output stages suffer
from the power-supply “pump” effect.
During output state transitions, the out- i
put filter recoils from being driven at a |
high voltage when the drive is released |
(FET is turned off). After you turn the
power supply switch (FET) off, flyback
current from the inductor pumps the |
capacitor of the opposite side through |
the body-diodes of the FETs. This i
moves the power supplies up and ;

down, distorting the output.

—p  — T DELAY

/A

ON 7/
LOW DRIVE

OFF / /

ON // —
HIGH DRIVE

/
OFF 7/

GND
FIGURE 5: Delays to prevent shoot-through.

//
+Vs //
OQUTPUT

the current pump from the output filter
can be applied to only one supply reser- |
voir (capacitor), so the pump effect i
doesn't oceur. The full-bridge configura- ;| SA1 SUBWOOFER AMP -
tion (Fig. ) has two sides, the A-side |
and the B-side. The A-side switching !
output inverts with respect to the Bside
future upgrades, including full-range

switching cutput.

In a Class-D amp, the powersupply
i placing the entire system. For example,

voltage determines the gain of the am-

plifier. It is possible to vary the power- |
i supply voltage to control “volume.” !
i stage boards. Separation of the modula-

In a bridged configuration (Fig. 1), | This works only if the system is open-

loop (no feedback) hecause feedback
corrects most of the gain difference,

The SA1 amp consists of a modulator
board and an output stage board, The
separation of these two sections allows

operation or more power, without re-

a stereo system would consist of a
stereo modulator board and two cutput
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tor and output stage makes it easy to i

shield the output stage by itself.

The SA1 runs from an analog input, |
but is a digital Class-D amplifier. An ;

ADC converts the analog input to digi- i MODULATOR BOARD

tal; this configuration is compatible

with current surround-sound systems, ;

ADC and complex programmable logic

own board (Fig. 8.

of the system is a CPLD, which func-

tions as a signal processor and con-
troller. The controller portion runs the ;
i ADC and is used to shut down the out- i

i put stage in the absence of audio (see
: | next paragraph). The audio input to the
'{ CPLD is I?S type (common interface for
- i ADCs and DACs), and the output of the
;i CPLD is PWM.

i AUTO SHUTDOWN

i Second, in digital Class-D, the audio
i level of the input is measured digitally,
i eliminating the need for a level detec-
:{ tor (comparator), Third, the timer used
i to measure how long audio has been
{ below the threshold is simply a
i counter in the digital domain. These
| advantages eliminate circuitry and in-
" | crease reliability in the case of a digital
device (CPLD) are on the modulator i
{ board, and the output stage is on its ;
: DEAD-TIME DELAYS

{ PWM, genera%d internally by the
i CPLD; drives the output stage with two
: The modulator board (Fhoto 1) converts |
: the analog input to control signals used |
which require a powered subwoofer by the power circuits (Fig. 4). The heart ;
and have a linelevel analog output for ;
that purpose. The system consists of |
two boards and a power supply. The :

ClassD amp.

signals, high-drive and low-drive. This
is done to prevent shootthrough, which
is the condition where current flows

through both FET's in series, sffectively

shorting out the power supply (Fig. &).
Shoot-through is a concern because the
FETs and FET drivers have inherent



propagation delays and limited slew |
rate. Delays in the drive allow one FET |
to turn fully off before another in series
{ duce series resistance. FETs function |
as switches between the power supply
i and the filter (Fig. 6).
The circunit accepts 3.3V-level signals

is furned on.

CUTPUT BOARD

The output board (Photo 2) converts i
the low-level drive signals from the !
CPLD to an output powerful enough to

through a passive filter used to remove ;
the switching frequency. High-current ;
i drive the passive output filter in a full-

inductors are used in the filter to re-

and converts them to 12V-level signals

using & FET driver. The 12V-level sig-

drive a speaker. It drives the load | nals drive a “half bridge FET driver,” }

PHOTD 2: Qutput stage board.

which in turn drives the FET gates
through small resistors. The FETs

bridge configuration.
Digital Class-D amplifiers can be

i made full range. In order to reproduce

SA1 SPECIFICATIONS
Rated power output: 115W into 402 {1% THD+N @
100Hzy

Instantaneous peak power: 230W into 46
THD+N: <0.1% up to 50W @ 100Hz

' Signal-to-noise rafio; S0dB
Dynamic range: 90dB

Intended load: 4Q _
Frequency response: 20Hz 1o 1kHz 108

Auto standby: 1 minute, 25 seconds aftar mpul is
<30mV RMS

PWM swilching fraquency: 384kHz
Master -:;'Icck: 49.152MHz

REFERENCES
1.-Alan Bayke, “Build & 200-wait Digital Power Amplif-
er,” Efectronics Now 4/97, pp. 33-44,

2. Michael Fremer, "Sharp SM-SX100 Digital lntegrat-

d Amplifier,” Stereophie, 710, pp. 7379,

3. Baseom H, King, “Tact Audio Milennium Digital Am-
- pifier,” Audfio, /99, pp. 52-57.




higher frequencies than the subwoofer
range (>1kHz) with low distortion, addi-
tional digital sipnal filtering is needed.
This additional filtering is not included
in the SA1, which can be used full
range if the analog input filter is taken
out of the circuit, but the amp may
gound harsh at high frequencies.

In Part 2 we'll continue with a look
at digital amps in general, and the SA1,
in particular. %



Digital Class-D Subwoofer Amp, Part 2

Part 1 introduced readers to the specifications of the SAT digital |

amplifier kit. We continue here with a look at the theory behind the

company’s design. By Thomas O’Brien

fficiency is power in (from the
power supply) divided by |
power out (into the load). Be- |
cause of switching losses, |
which heat up the FETSs, the output |
stage wastes some power to heat. As
power-supply voltage increases, so |
does heat dissipation. The equations !
that calculate efficiency are simplified :
because there are many parasitic loss- ;
es and complex component interac- i
tions that are ultimately negligible.
Efficiency is & number from 0 to 1 (0% !

to 100%).
Efficiency of the output stage is:

1

Nouw =7
[ Vlsw | R_T}
"Pop Rt

EFFICIENCY OF THE SYSTEM

Powering the modulator circuits and ;
FET drivers reduces efficiency. In the i
SA1, +12V is used for these circuits, |
and requires 200m4, or 2.4W. The ;
2.4W comes from a DC/DC converter }
that is 75% efficient, so the DC/DC !
converter requires 3.2W. Even if the |
output stage were 100% efficient, at |
3.2W output into the load, the amplifi- |
er as a system would be only 50% effi- |
cient, In this example, half the power }

is wasted in the modulator.

Fortunately, as the output power !
rises, so does efficiency. At 100W out-
put and 90% output-stage efficiency, the !
output stage (not including the FET

RECOMMENDED POWER

SUPPLY :
The recommended power supply for SAT is from
Agtrodyne.

"ASTRODYNE LPP-150-36 (4:36‘\:‘ @ 150W)
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(87% efficiency).
Efficiency improves as oufput
power approaches magimum. As the

amplifier goes info clipping, the aver-
age output spends more time in the
maximum and minimum pulse-width
areas, where the ountput stage is most
from the 12V supply. This is simpler,

efficient.

Consider the difference in the size :
i of the heatsink for a 90%-efficient :
Class-D amplifier versus a 45%-effi-
! cient Class-AB amplifier. The heat dis- }
sipated in the 90%-efficient amp is 10%
i of the output power, and 55% in the ;
45%-efficient amp. The Class-AB amp :
i requires 5.5 times the heatsinking!
Efficiency of the complete amp sys-

i POWER-SUPPLY CONFIGURATION

i OPTIONS

i 36V was chosen to drive 4Q with
more than 100W. The recommended
supply is regulated, current-limited,
switching-power supply. You can use

tem is:

1

ngysg & 5o
{VSIIDLE N EJ
Po Ry

AL Lo g g b g s peergnidinng
) wn @ £l 120

FIGURE 7: THD versus power (input =
100Hz). Ali figures use load = 40, with

Astrodyne power supply.

Idle current of the amp is:

I =1

miE = Ligv + lsw

1,py is the current used by the 12V

! DC/DC converter, DC/DC conversion
drivers) dissipates 11W (111W x 90% ef-
ficiency = 100W out). If the other circnits |
in the amp dissipate 3.2W, total dissipa-
tion is 100W + 11W + 3.2W = 114.2W
modulator circuits, the DC/DC con-
verter would require 89mA from 36V.
The calculation used to figure the sup-

from the main supply voltage (36V in
the SA1) to 12V is about 75% efficient.
For example, if the 12V supply pro-
vides 200mA to the FET drivers and

ply current for the system can also be
applied to DG/DC converters (I, later
in this article).

The 5V supply is linearly regulated

but less eificient, than using an addi-
tional DC/DC converter, and is done to
drive the ADC with a low-noise power
supply. The 3.3V supply is linearly regu-
lated from the 5V supply, but the volt-
age drop (only 1.7V) is small enough

! that efficiency of this conversion is not
! anissue,

ATER ST NANEEN L SRR RRANERARENNANNNTANTBa AN ERY AN NA NT TN
4 & 4 w0 ¥ X A X 8 4w

orlLLL
7

FIGURE 8: THD versus input amplitude
{(input = 100H2).

www.audio)(presé.cum
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a linear supply, but it should be regu- |
lated to maintain good audio perfor- i
mance. A linear supply may be less |
expensive, but takes more space, is |
heavier, and requires custom circunit- |

1y to regulate.

If you use a sepa,rate 12V supply, the
12V DC/DC converter circuit must be |
bypassed. See the SA1 kit for details on |

this modification.

If you use a main supply of more

than 40V, the 12V DC/DC converter

should not be used because it has a

maximum inpuf veltage of 40V.
If lower power output is required,

and no external 12V supply exists, you i

can use a main power supply of as lit-

12V-only supply, connect the main

supply to the 12V, and bypass the §

DC/DC converter, which has a mini-
mum input voltage of 18V.

POWER-SUPPLY CURRENT LIMITERS

Although switching power supplies |

are more expensive than linear ones,

their outputs are likely to be regula,t-

sures that the voltage won't “dip” with
increasing load current, and that the
120Hz ripple found in linear supplies |
is not present. The current limiter in i
these supplies causes the output volt- |
| age either to disconnect momentarily i
or to dip, keeping the output current ;
below a set value, This protects the
power supply and amplifier from dam- ;
i age due to short circuiting the out-
ciency of the amplifier, so the power

puts or overdriving the audio input.

You can build over-current protec- |
tion into the amplifier, but this adds
to the series resistance of the output
and increases the complexity of the
: output stage. It was omitted from the

SA1 because the recommended power :
tle as 18V. Another option is to use a : :

supply is current limited.

It is important that the power supply
doesn't use a current-limit circuit that
shuts down the supply until AC power
{ is oycled. Suppose that you're waiching
i a DVD that includes an explosive
{ scene. Along comes a loud sound, and
the subwoofer turns off, Not only that, :
{ but there is no power switch, so you !
must unplug the unit and then plug it |

ed and current-limited. Regulation en- i in again to get it working!

POWER-SUPPLY CIRCUIT

The power-supply current required o
run the SA1 is not calculated in the
same way as for a Class-AB amp. Usu-
ally, the maximum current from the
power supply is the same, for exam-
ple, as the peak current through the
load at the top (or bottom) of a sine
wave driving the amplifier at 1kHz.
However, take into account the effi-

in is nearly the same as the power
out. Since the efficiency is high and
the voltage driving the amplifier is
higher than the output voltage, the re-
quired supply current is lower than
the output current.

The peak current into the load is:

and the power-supply current at maxi-

{ mum output power is:

Py
nVS

ig=



50W, 100W).
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~20dB).

MAXIMUM QUTPUT POWER

The system is designed to run from :

36V, but a supply as low as 18V is per

missible. The maximum power output ;
before clipping in a bridged configura- :

tion Class-D amplifier is:

P = LWRANG 2VZRy
2R

T

FWgangg 18 the range of pulse widths

from the highest output to the lowest, i
In the case of SAl, the pulse-width
range is % (limited digitally to exclude |
the top and bottorn 16%). During peak
! ply is currentlimited, clipping should
not damage the amp. Power into the |
: er makers is to claim huge “peak
i power” numbers. Actually, instanta-
! neous peak power is twice the output
power, unless the output is not a sine
{ wave, or is clipped. At the top and bot-

output voltage, the maximum pulss

width is %4, and the A-side of the bridge |
operates at 1% pulse width, Meanwhile,
the B-side operates at ¥4s pulse width, so
1%s of the supply voltage is across the
load. The pulse width ig limited to en- i MORE POWER
sure controlled operation of the output |
{ 60V, and the FET drivers can handle
: taneous” power is the output voltage
SA1 with 60V, for example, to deliver
{ large capacitors in an amplifier's

stage during peak output voltage.

Ry, is the load resistance, which is |
4Q. Ry is the total resistance through |
the FETs, output filter inductors, and |

46 audioXpress 4/01

| load. Reg, is Ry (series resistance) of
i the FET when it is fully turned on. The
: IRFZ44 FET’s R, is approximately
{ 0.03Q, and the inductors are about
| 0.020Q each (Rpy).

The total resistance around the out-

_ put loop is:

Ry =Ry, + 2Rpgy + 4Ry = 4.14,

| | This translates to 0.140 output resis-
 { tance, and the maximum output power
. i of SAl into 40 is:

FIGURE 9: THD versus frequency (output = | :

Fo= O'OQVSUPPLYE'

put power into 4Q} is more than 115W.
The LT1776 DC/DC converter has a

| maximum input voltage of 40V. To pro-

{ vide a higher supply voltage for the
i output section, you must use a sepa- |
| | rate +12V supply, and the LT1778 oir-
| { cuit must not be populated. With a
48V supply, the 8A1 can output 207W
| into 40, i

- POWER OUTPUT AND CLIPPING

" . ' | The amplifier can output more than :
FIGURE 10: THD versus frequency (input = ; the so-called “maximum output power” |
i because this is defined by where the
i amplifier is at 1% distortion (THD+N). i
i This is where the amplifier starts being

overdriven, and the output waveform

of the signal is flattened out. If the
input signal (sine wave) is large

power supply.
The output devices are stressed dur
ing clipping, resulting in extra heat.

The audio quality is poor when the am-
plifier is clipping, but if the power sup- |
: INSTANTANEOUS PEAK POWER

load during severe clipping approaches
instantaneous peak power.

IRFZ44 FETs can handle a maximurm of
125V, Why, then, can’t you drive the

324W into 4Q? Aside from the expense

www.audioXpress.com

i of the required power supply, the three
{ basic reasons are overshoot, current re-
| quirements, and heat dissipation,

You can minimize overshoot on the

! output by slowing the output transi-
i tions (or by using additional circuit-
 1y), but you pay a penalty in distortion
! performance if the transitions aren’t
! fast enough. Either way, a rule of
| thumb is to stay within 10% of the
: FET's rated voltage to allow for some
i overshoot.

A power-supply voltage greater

| than 48V is not recommended for the

: SA1L. Suppose the efficiency of the out-
i | put section is 90% into a 40 load. It is

| With a 36V supply, the mazimum out-

! dissipated will be from the FETSs, not

| the inductors. For example, also sup-

i posing that the output power is 300W

safe to surmise that most of the heat

using & 58V supply, then about 10% of
that power (30W) would be dissipated

 through the FETSs. Since the dissipa-
{ tion is distributed evenly among the

four FETs, this is 7.5W per FET,
To be safe, your design should han-

dle twice the required dissipation (or
i close to it). This results in additional

heatsinking requirements as the

| power-supply voltage increases. At
i 20YW using a 48V supply, each FET

dissipates about 5W, and a 10W

| heatsink can be quite large (one for
i each FET, too). At 115W using a 36V
looks as though the top (and bottom)
 tion, easily provided by a slide-on
{ “5W” heatsink.

enough, the output will look more like }
a square wave than a sine wave. In this
i case, the distortion is high, and the
i limiit of the power to the load is based
: on the maximum current output of the

supply, each FET is below 3W dissipa-

The output inductors are current-lim-
ited as well, and can overheat and fail if

 they are pushed too hard. The induc-
{ tors used in SA1 are rated at 7.2A RMS
i and 21A DC. The DC maximum current
: specification (A DC) of the inductors
{ should be greater than Ip, and the AC
i maximum (in A EMS) should be

greater than 70% of I,

A common marketing trick of amplifi-

tom of a sine wave output, the “instan-

divided by the load resistance. The



power supply provide the momentarily
full specifications, and hardware de-
i scription. The full SA1 kit includes the
documentation kit, one modulator
board, and one output-stage hoard.

higher current.

DRIVING 82
Driving 4Q) is more difficult than dri-

ving 8Q2 because of the series resis-
tance of the FETs and inductors. How- }
ever, 40} was chosen as the ideal load
for the SA1 because you can deliver al- i
most twice the power into 4Q versus i CONCLUSION
80 (with the same power-supply volt-
age). 40 is a common subwoofer im- ;
pedance, and maximum output power i
{ lar architecture allows future configura

The output filter is a tuned circuit de-
signed to drive a 4Q load. To drive an |
type and voliage can be varied to pro-
half the value. This is described in the |
ciency means compact size and almost
¢ no heatsinking. &

is usually first priority.

BQ) load, the filter capacitors must be

SA1 Kkit.
The maximum output power of SA1
into BQ is:

Poyr= O'D%VSUPPLYE

SA1 KITS

The SA1 documentation kit (available
from Digital Amplifier Company, 1 |
Turret Drive, Limerick, PA 19468) in-

cludes schematics, layout information,

The configuration of the hardware
drives 4Q) at 115W, and is for use with
a single 36V supply.

The SA1 subwoofer amplifier delivers
high power with low distortion using
digital Class-D technology. The modu-

tion changes, and flexible mounting in
(or on) a subwoofer. The power-supply

duce a range of power levels. High effi-

If you are interesied in receiving schematics and ta-
bles to build Thomas O'Brien’s amp, please send a
large, self-addressed envelope with a lcose stamp or

postal coupon to Audio Amateur Comoration, PO Box
876, Peterborough, NH 03458, or visit our websne a
W, audioXpress.com




