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A simple digital method is described that can produce an undistorted acoustic sine wave using an
amplifier and loudspeaker having considerable intrinsic distortion, a common situation at low fre-
quencies and high power. The method involves, first, using a pure sine wave as the input and meas-
uring the distortion products. An iterative procedure then progressively adds harmonics with
appropriate amplitude and phase to cancel any distortion products. The method is illustrated by pro-
ducing a pure 52 Hz sine wave at 107 dB sound pressure level with harmonic distortion reduced
over the audible range to >65dB below the fundamental. © 2014 Acoustical Society of America.

[http://dx.doi.org/10.1121/1.4868374]
PACS number(s): 43.58.Ry, 43.58.Vb [DAB]

I. INTRODUCTION

The distortion in audio electronics can usually be
reduced to negligible amounts by careful design and the use
of negative feedback. The situation for electromechanical
transducers is quite different. Indeed producing undistorted
acoustic sine waves is sometimes difficult, especially at low
frequencies and high power, because of harmonic distortion,
chiefly in the loudspeaker. Nevertheless, such signals are
useful. The need that prompted this study was the investiga-
tion of subtle nonlinear behavior in a purely acoustic system,
in which the nonlinearity was only observed at high power
and low frequency.! Although comparison of the harmonic
content of the output with respect to the input can reveal the
degree of distortion, such measurements become increas-
ingly unreliable as the harmonic content of the input
becomes dominant, hence, the need for an undistorted input.
A similar comparison between input and output is not possi-
ble for psychophysical experiments. One example would be
investigating the very low frequency response of the human
ear: At frequencies below about 20 Hz, the ear is very insen-
sitive, so high power may be required, but at such frequen-
cies some of the harmonic distortion would fall in the range
where the ear is sensitive and potentially give false positive
recognition.

For general signals, loudspeaker distortion can be sub-
stantially reduced using pre-distortion filters or active
control.>™ For the particular, less demanding purpose of
making a single, pure sine wave, this Letter reports a simple
process that reduces the harmonic distortion near the posi-
tion of the microphone by several tens of dB.
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Il. METHOD

The initial signal generated by the computer is a sine
wave denoted by xo() = €' with unit amplitude and fre-
quency, mg. This signal passes through an audio interface, a
power amplifier, a loudspeaker, an acoustic field, a micro-
phone, a pre-amplifier, and the audio interface back to the
computer. The complex loop gain (measured in a prelimi-
nary step at each harmonic, k, of interest with frequency,
kwg) is GyH, where Gy indicates the (complex) gain of the
microphone and pre-amplifier and H; is the gain of the am-
plifier and loudspeaker. The signal returned to the computer
after the first pass is yo(?),

yO(t) — Hl (Gleiwof _|_ Z Gkﬁkeikw(),), (1)

k>2

where the coefficients f3, indicate the harmonic distortion in
the measured output returned to the computer when the input
is a pure sine wave. The method consists of adding harmo-
nics with appropriate magnitude and phase to the input in
order to remove the harmonics in the output signal. The sig-
nal level at the speaker will be f,H;. To cancel the second
harmonic in yg, we divide the second component of its spec-
trum, Yo(2wy), by the gain, GoH,, and subtract it from x,
giving a new signal x;(¢) = e/’ — (H;/H,)p,e**". Then
the output signal returned to the computer, y;, is deduced
from Eq. (1) to be

Yi (l‘) = (GlHleiwot _ GzﬁzHleZiwnt) —|—G2,32H162iw0t
+terms of frequency > 3w. )

Its first component is unchanged. The first intermodula-
tion product, in 2wy, is cancelled by the corrective term, so
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that the next lowest component is in 3wy. We iterate this
method N — 1 times,

n+1

} :Ynfl(ka) ikaot
Xn = Xp—1 — G.H e )

k=2 Ktk

(1 <n <N —1). Then, the harmonics added by the correc-
tive term are all above (N + 1)wy. At the nth iteration, to
calculate each corrective term, we calculate the spectrum of
the output signal and measure Y, | (kwo) 2 <k <n-+1).
The values of G H; (2 < k < n+ 1) are also required to cal-
culate each corrective term. To measure these values, sine
waves of unit amplitude at frequency kwy (2 < k < N), are
consecutively input in a preliminary step.

At the end of the procedure, the signal measured by the
microphone has the distortion components removed. The
microphone and the pre-amplifier have flat responses
between 20 Hz and 20 kHz, and the audio interface has gain
variations <3% and a linear phase. Then, unless there is
some extremely unlikely exact cancellation of distortion
components somewhere within the loop, the output of the
loudspeaker will also be undistorted.

lll. MATERIALS

A computer is connected via a firewire audio interface
(MOTU 828, Cambridge, MA) to a power amplifier (Briiel
and Kjer, Denmark, model 2706) and a loudspeaker
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(Peerless, Denmark) with a cone diameter of 155 mm. The
speaker is not enclosed and has no baffle; this reduces its ef-
ficiency at the fundamental and thus increases the relative
harmonic distortion. A pressure-field microphone (1/4 in.
Briiel and Kjer model 4944A) is positioned 50 mm from
the center of the cone, initially on the axis of the loud-
speaker. Its output is connected to the computer via a con-
ditioning pre-amplifier (Briiel and Kjer Nexus type 2693)
and the audio interface. Measurements are conducted in a
room treated to reduce ambient noise and reverberation.
Each iteration uses a sound sample of length 0.74 s, com-
pared with which the processing time is negligible, so N
iterations take <N s.

IV. RESULTS

The input signal is initially a pure sine wave of unit am-
plitude at the desired frequency; here, we chose 52.49 Hz so
that none of its first 100 harmonics are multiples of 50 Hz,
the frequency of the mains in Australia. The amplifier gain is
set to produce a sound level at the microphone of 107.4dB
with respect to 20 yPa. Figure 1 shows three spectra. The
first is that of the distorted sound recorded in the first mea-
surement. Distortion is considerable; harmonics two to four
are, respectively, 20dB, 33 dB, and 38 dB below the funda-
mental. The second shows the spectrum after three iterations;
harmonics two to four are now between 66dB and 67 dB
below the fundamental, but the intermodulation products
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FIG. 1. The reduction of harmonic distortion by successive iterations. (a) The sound pressure spectrum (in dB with respect to 20 uPa) recorded by the micro-
phone when a pure sine wave at 52.49 Hz was input to the distorting system. (b) The result after three iterations. (c) After 100 iterations, all harmonics in the
audible range have been reduced to >65 dB below the fundamental. (The small peaks at 150 and 250 Hz are harmonics of mains interference, not harmonics

of the signal.)
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have increased the power of some of higher harmonics. The
third shows the result after 100 iterations. At this stage, all
harmonics in the audible range have been reduced to be
>65 dB below the fundamental.

In this situation, since the loudspeaker itself generates
negligible harmonic distortion above ~5kHz, 100 iterations
were enough to reduce all harmonics in the audible range to
a level comparable with the background noise.

This technique minimizes the distortion as measured by
the microphone and if the microphone is located at the input
of the acoustic device being investigated, the input will be
undistorted, which suffices for the examples mentioned in
the Introduction. In other locations, the possible presence of
reflections and the inherent frequency dependence of the di-
rectivity of the loudspeaker can result in incomplete cancel-
lation of the harmonic distortion.

For the demonstration in this paper, the microphone was
located in the near-field radiation of a loudspeaker, which
was unbaffled to increase its harmonic distortion, but which
also increases the frequency dependence of its angular
response. Up to 15° off axis, the cancellation of harmonic
distortion remained below —60dB for all harmonics. At
larger angles, the correction signal sent to the speaker cannot
compensate exactly for any nonlinear distortion that has
strong angular dependence. For high harmonics, for which
both distortion and correction terms have very small absolute
magnitudes, variation of the distortion with angle has little
effect on the ratio of harmonic to fundamental. For low har-
monics, the distortion and, therefore, the correction terms
are usually greater, so the absolute difference between
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distortion and cancellation becomes important. In our exam-
ple, the second harmonic was —20dB with respect to the
fundamental on axis and corrected to —77dB. At 60° off
axis, distortion at the second harmonic is corrected from
—17dB to only —26dB, while distortion of the tenth and
higher harmonics are corrected to <—70 dB.

In this paper, we have shown how to produce a pure
acoustic sine wave; however, the method is readily applica-
ble to any desired waveform.

V. CONCLUSION

This simple method demonstrated how to produce a
pure sine wave with the amplitude of the harmonics in the
audio range reduced to 65dB or more below the amplitude
of the fundamental.
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