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Application of the Complex Cepstrum to Locate
Acoustic Sources Near Reflective Surfaces
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and
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The complex cepstrum is used to correct bearing estimations of acoustic sources in the presence of a reflective
surface. The echo time delay, given by the complex cepstrum, then is used in conjunction with the bearing
estimation and measurement array height to determine the distance to the source. Consequently, the location of
the acoustic source is determined with one detection array. An automated liftering procedure is used that zeros
out a block portion of the cepstrum including the echo information. The problem of the resulting distortion is
alleviated by applying a coherence criterion to the recovered direct signals at each microphone. Thus, to a large
degree, the operator interactive nature of cepstral processing is overcome for this application. For the test signals
and geometries considered, the cepstrum is shown to accurately correct for bearing errors in acoustic signals
contaminated with reflections from nearby surfaces as well as provide the necessary information to determine
the source location.

Nomenclature
c - speed of sound (343 m/s)
dx = source path distance
d2 + d3 = echo path distance
/ = frequency
G12 = cross spectrum
h = array height
£ = microphone spacing
TV = number of independent sample sets
T = number of frequencies considered
a. = source bearing relative to horizontal axis
A£ = echo time delay
|8 = angle of array axis to horizontal
6 - source bearing relative to array axis
712 = coherence
oj = circular frequency

Introduction

THE complex cepstrum and the power cepstrum have been
used in many situations to separate convolved signals

generated by an event.1 However, the power cepstrum is more
popular in most acoustic applications. In particular in the
aerospace field, the power cepstrum already has been used to
correct the spectrum of sound radiated from jet engine inlets
for ground reflection effects2'3 and estimate the effects of
reflections on acoustic measurements of aerospace vehicles in
wind tunnels.4 Bolton and Gold5 have also used the power
cepstrum to measure the complex surface impedance of
absorptive materials typically used in the control of aircraft
cabin noise.
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Some proposed applications in acoustics require the recov-
ery of the time history of the principal acoustic signal. In these
situations, it is necessary to use the complex cepstrum, a
process in which phase information is retained throughout.1

For example, it is well known that the bearing of a single
acoustic source in a freefield at a reasonable distance can be
estimated by using the cross-spectral information of the
acoustic signal measured at an array of microphones.6 Acous-
tic source location experiments, however, quite often are
performed in non-free-field environments where reflective
surfaces may be located nearby. In this case, the bearing
estimation has an induced error due to the interference of the
reflected (echo) signal with the direct signal.6 Examples are
acoustic source location of aircraft in outdoor applications
and the measurement of acoustic source bearings in the ocean
with reflections from the ocean floor or thermal layer dis-
continuities.

In this investigation, the complex cepstrum is applied to
acoustic signals measured in a non-free-field environment in
order to remove the contaminating effect of echoes on the
bearing estimation. The echo time delay, which can be
determined from the cepstrum, then is used to calculate the
distance to the source, thus completely determining its
location. Previous work of this nature has been concerned
with investigating the performance of the complex cepstrum
using computer-simulated signals.7 Results of the simulation
demonstrate that the complex cepstrum still performs well for
signal recovery when the reflective surface is relatively absorp-
tive and the background noise of a moderate signal-to-noise
ratio is present. The present investigation, however, is con-
cerned with a laboratory investigation of the application of the
complex cepstrum to the source location process. The cep-
strum is applied to acoustic signals measured in an anechoic
chamber containing a source, reflective surface, and micro-
phone array. The bearing of the source is re-estimated once
the signals have been processed, and it is shown that the
cepstrum processing removes the error induced by the reflec-
tive surface for the test signals and geometries considered, as
well as giving a good estimate of the source distance. In
particular, a method of liftering that largely overcomes the
interactive nature of the cepstrum is introduced and discussed.
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(See Ref. 1 for an explanation of cepstral terminology.) Fin-
ally, characteristics of the cepstrum as related to signal recov-
ery and bearing estimation are discussed.

Experimental Setup and Procedure
A schematic diagram of the experimental setup and assoc-

iated test equipment is shown in Fig. 1. The tests were per-
formed in a 2.3 x 2.6 x 4.0 m anechoic chamber with a low-
frequency cutoff approximately at 250 Hz to simulate a
free-field environment. The acoustic signal was generated by a
horn driver positioned in one corner of the chamber and
measured by a microphone array consisting of two B and K Vi
in. microphones positioned at the other end of the chamber.
The microphones were fixed so as to have a spacing of 5.08 cm
from center to center. Acoustic reflections were generated by
covering a major portion of one wall of the chamber with a
removable reflective surface constructed from !/z in. plywood
covered with steel sheeting and braced on the rear side with 2
in. wood studs.

Test signals were generated by using a Wavetek 275 digital
signal generator. The test signal used was a swept sine burst5

sweeping from 0 to 5000 Hz in 30 ms. The required signal
sequence was generated digitally on an IBM 370 mainframe
computer and then down-loaded via a modem link to the
memory of the Wavetek 275. It should be noted that the test
signal was digitally generated at 20 kHz on the IBM 370,
ensuring frequency content past 5000 Hz. On triggering the
Wavetek, the test signal was recalled, converted to an analog
signal, smoothed, amplified, and then fed to the horn driver.
The use of the Wavetek greatly facilitated the experiments,
since it enabled a wide range of test signals to be used with
accurate repeatability.

Microphone signals were acquired using a Zonic 5003
two-channel signal processor. The sample rate was set at 10
kHz, giving a Nyquist frequency of 5000 Hz, and an
anti-aliasing filter with a rolloff near 3000 Hz was employed.
Ithaco high-pass filters set at 100 Hz were used to remove very
low-frequency background noise associated with structurally
transmitted noise to the anechoic chamber. A record length of
1024 points was taken, giving a sampling time of 0.1023 s.
Triggering of both the Wavetek 275 and Zonic 5003 was
achieved by using a square-wave generator set to allow the
Zonic 5003 to acquire complete and individual records of the
signal.

Once the microphone signals were sampled digitally, the
data sequence was then up-loaded to the IBM 370 using the
modem link. All cepstrum processing and bearing-finding
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calculations then were performed on the IBM computer.
Control of both the Wavetek and Zonic was achieved by a
Tektronix 4052 terminal and microcomputer, which could be
switched to view outputs of the Zonic and IBM 370 as re-
quired. Signals were also monitored with oscilloscopes and
voltmeters to ensure that no distortion was occurring in the
system.

The test system ensured a great deal of flexibility in per-
forming the experiment, combining the advantages of local
control with the computing power of a mainframe computer.

Complex Cepstrum
Figure 2 shows the block diagram of the process used in the

formation of the complex cepstrum and subsequent signal
recovery. As discussed in Ref. 8, the complex cepstrum is
defined as the inverse transform of the complex log of the
Fourier transform of the time history. The complex cepstrum
differs from the power cepstrum in that phase information is
retained throughout; however, the name "complex" is some-
what misleading as the complex cepstrum is purely real in
value. The final units of the cepstrum are time and are denoted
"quefrency" to indicate that the result is in the cepstral
domain.

The central process in the formation of the complex
cepstrum is the complex log. As outlined in Ref. 8, the log
process converts convolutions in the Fourier transform of
signals with coherent echoes into additive components. On
taking the inverse transform, the additive components are
separated and the information due to the echo appears as delta
functions along the quefrency axis of the complex cepstrum.1'8
The information due to the direct signal is similar in
characteristic to an autocorrelation function that is centered at
a quefrency of T = 0 in the complex cepstrum.

Thus, since the information due to the echo is compressed
into delta functions, it is possible to "lifter" these delta
functions by zeroing them out of the cepstrum along the
quefrency axis. The cepstrum process then is reversed, and the
final result is the recovery of the wavelet in the time domain
without the presence of its echo. Different types of liftering
can be used.1 For this investigation, a block lifter was used in
which a complete quefrency block of the cepstrum including
all the delta functions is set to zero. The advantage of this
method is that it precludes the rather operator interactive
nature of the liftering process in first identifying the delta
function locations and then deciding whether to remove them
by zeroing, interpolation, etc. The width of the block is simply
chosen as a constant and calculated to be wide enough so that
it will include all delta functions for a minimum echo delay
time. Obviously, this type of liftering removes information
associated with the direct signal and results in some distortion
of the recovered wavelet. However, as discussed later, this
distortion problem can be circumvented in bearing estimations
by using a coherence test, and the process enables a relatively
automated procedure to be used. Similarly, the more broad-
band/random content in the signal, the more cepstral infor-
mation will be concentrated at low frequencies, and less
distortion will occur from block liftering. Thus, the extent of
distortion depends on signal characteristics and for many
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Fig. 1 Experimental apparatus. Fig. 2 Cepstal recovery process.



AUGUST 1988 COMPLEX CEPSTRUM TO LOCATE ACOUSTIC SOURCES 907

applications could be negligible. For example, Refs. 4 and 9
demonstrate that aerospace signals consisting of pure tones on
broadband noise will have a power cepstrum with most of the
signal information compressed in the low quefrencies.

Other aspects of the complex cepstrum that are important
are shown in Fig. 2. In particular, the complex logarithmn is
a multivalued function leading to discontinuities in the phase
curve. These discontinuities must be removed by unwrapping
the phase, and this was achieved here by using an algorithm
developed by Tribolet.10 Similarly, the complex function must
be Hermitian symmetric, and this necessitates removing a lin-
ear component from the phase at the midpoint to pull it down
to zero. On reversing the cepstrum process, the linear com-
ponent is reinstalled to ensure accurate prediction of overall
time delays in recovered wavelets.

The performance of the complex cepstrum on signal
recovery already has been studied using computer simulation.7
In general, as mentioned before, the main requirement is that
the test signal have a reasonable bandwidth so that the direct
signal appears at low quefrency in the cepstrum. However, the
cepstrum combined with block liftering was found to give
quite accurate recovery of wavelets in the presence of
distortion and noise, provided these are not too excessive.7
Other processing aspects of the cepstrum can be found in
Refs. 1 and 5.

Bearing Estimation Algorithm
The calculations of the bearing estimation were performed

on the mainframe IBM 370 machine. A block diagram of the
processes is given in Fig. 3. The top of the diagram starts with
data acquisition of the signal at each microphone by the Zonic
signal processor. In the more general case, TV data sets of each
signal are sampled and transferred to the IBM. The next three
steps in the algorithm implement the recovery of the direct sig-
nal by forming a complex cepstrum, liftering (if required), and
reversing the process. For the experiments reported, five data
sets were obtained and the liftering was standardized to zero-
ing the cepstrum from quefrencies of 3.9-98.3 ms. This lim-
ited this application to echo time delays of greater than 3.9 ms.

Once the direct signals are recovered, their autospectrums
and cross spectrums are estimated and averaged over the N
samples to remove noise and form a reasonable statistical
sample. As outlined in the Appendix, the bearing angle of the
source then is calculated from the microphone array cross
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spectrum. In theory, any one frequency of the cross spectrum
can be used to calculate the bearing angle. However, the
practice assumed here is to obtain a bearing angle from the
average of all the bearings calculated at each frequency, or
bearing angle

T
0= U Of/T

i= 1

where i is the frequency index number and T the total number
of frequencies considered. This procedure tends to average out
errors in the bearing estimation calculations.

Before the bearing-averaging procedure is implemented, it is
necessary to satisfy several criteria on the accuracy of the
cross-spectrum information. Upper and lower cutoff frequen-
cies were chosen based on microphone spatial aliasing and the
accuracy of measurement of the phase difference between the
microphones, respectively, as

c/M <f< c/2t (1)

where £ is the microphone spacing and c the speed of sound.
Thus, for a microphone spacing of 5.08 cm, the upper and
lower frequencies are 1688 and 3375 Hz, respectively. Note
that the aliasing filter used prior to data acquisition must be
set at a cutoff frequency to prohibit both spatial and fre-
quency aliasing.

Thus, all cross-spectral information outside these limits was
discarded during the averaging process. As mentioned previ-
ously, the block liftering used tends to distort the recovered
signal at each microphone. Thus, in order to overcome this
problem, the coherence between the recovered microphones
signals was calculated, and all frequencies for which the
coherence y\2 was less than 0.98 were discarded. The remain-
ing frequencies were then averaged and the resulting bearing
estimation calculated. Thus, the third criterion is

T
2
2 0.98 (2)

Source Distance Estimation
Figure 4 gives the geometry of the test arrangement, limited

to one plane.
If the echo delay time, estimated from the complex

cepstrum by the location of the first delta function1 (rah-
monic), is At, then

(d2 (3)

where c is the speed of sound.
By examining the geometry of the test arrangement and its

image in the reflecting plane, it can be seen that

[2h + dl sin(cx)]2 cos(<x)]2 - (d2 (4)

Solving for (d2 + d3) from Eq. (3) and substituting in Eq. (4)
gives the source distance as

- 4h2]/[4h sin(a) - (5)

Fig. 3 Bearing-angle calculation procedure.

where h is the detection array height. As shown in Fig. 4, if the
detection array axis has an orientation of /3 relative to the
horizontal, then a = 6 — /3, where 6 is the source bearing
measured relative to the array axis.6

In essence, it can be seen from Fig. 4 that the image of the
detection array in the reflective surface effectively provides
another source-bearing estimation from a different location.
Thus, the source distance can be obtained by triangulation.
This implies that to obtain a reasonable source distance
estimation the array must be located well above the reflective
surface.
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Fig. 7 Complex cepstrum at microphone 1.

Experimental Results
For the experimental results presented here, the source was

positioned at an angle of 6 = 146 deg to the microphone array
(corresponding to the notation of Ragone6 discussed in the
Appendix). As the array axis was positioned at an angle of
j8 = 148.7 deg to the horizontal, this gave a theoretical
source-bearing angle relative to the horizontal of a= — 2.7
deg. Other relative dimensions were that the array height was
2.39 m, whereas the distance to the source d{ was 3.80 m. The
length ratio between the direct and reflected acoustic paths
was 0.637, thus giving a theoretical echo time delay of 6.3 ms.

Figure 5 shows the time history of the acoustic signal
measured at microphone 1 with the reflective surface present
in the chamber. Although the swept sine function from the
Wavetek was flat with frequency, the amplitude of the test
signal varied due to the frequency response of the speaker. It
is also impossible to distinguish the direct signal and echo as
they are overlapping in time. The second half of the time
history has been appended with zeros in order to alleviate
cepstral aliasing.1'5

Figure 6 presents the autospectrum of the time history of the
previous figure. The main characteristic of this figure is the
periodic ripple associated with successive destructive and
constructive interferences of the echo with the direct signal.
Overall, the spectrum can be seen to be relatively flat up to
approximately 3000 Hz at which point the anti-aliasing filter
takes effect.

Figure 7 gives the corresponding complex cepstrum. For this
graph, the first few points of the cepstrum are not plotted in
order to expand its range and facilitate viewing of its
characteristics. A delta function can be seen in the cepstrum
located at a quefrency of 6.25 ms. This implies that the echo
delay time is also 6.25 ms to be compared with the theoretical
value of 6.3 ms. The second rahmonic (delta function) can
also be distinguished at a quefrency of 12.5 ms and so on.

The cepstrum of Fig. 7 was block liftered in the liftering
algorithm from quefrencies of 3.9-98.3 ms, the cepstral
process was reversed, and the direct signal time history
recovered. The mean-square error11 of the recovered signal
was calculated by comparing the microphone time history
without the reflective wall installed. A value of 0.013,
normalized to the maximum amplitude squared of the time
history, was obtained, indicating reasonable recovery of the
direct wavelet. However, some distortion was evident. The
autospectrum of the recovered wavelet then was calculated
and is plotted in Fig. 8. Also plotted in the figure is the
measured autospectrum when the reflective surface is not
present, and thus no liftering was carried out on the cepstrum.
The recovered autospectrum can be seen to be a very good
estimate of the direct spectrum over most of the frequency
range. The main effect of the block liftering is a smoothing of
the autospectrum.
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Figure 9 presents the coherence calculated between the
recovered signals at each microphone. Without liftering, the
coherence is close to unity across most of the frequency range.
Block liftering can be seen from Fig. 9 to cause "drop outs"
in the coherence due to signal distortion, and it is at these
frequencies that the cross-spectral information is discarded in
the bearing calculation.

The bearing of the source was calculated using the
procedure outlined previously. Figure 10 gives a bearing plot
without the reflective surface in place and thus no liftering
carried out. The polar plot is constructed so that lines of equal
length are drawn at the angle computed for each of the
frequencies that satisfy the previous three criteria of Eqs. (1)
and (2). The average bearing angle for this situation was
calculated to be 144.6 deg relative to the array axis. The
distribution of the individual bearings are reasonably com-
pressed around the mean value. The 95% confidence limits for
the distribution were calculated to be ±0.489 deg indicating a
good degree of accuracy of detecting the correct angle of the
source.

The next test was to install the reflective surface in the
chamber and remeasure the source bearing. In this test,
liftering was not performed to remove the effect of the echo.
Figure 11 shows the bearing plot and the (average) estimated
bearing under these conditions. It is apparent that the presence
of the reflective surface has skewed the bearing estimate by
approximately 24 deg due to the resultant echo interfering
with direct signal. Likewise, there is a larger scatter associated
with the individual bearing rays, and the 95% confidence
limits are consequently ±5.46 deg. This result was thought to
be due to a signal-to-noise ratio problem at frequencies where
the echo interferes destructively with the direct signal or
nonlinearities associated with the finite width of the reflecting
surface.

The data shown in Fig. 11 were then cepstral processed and
liftered to remove the echo information. Figure 12 shows the
bearing estimation with the echo removed. The source bearing
in this case is estimated to be 144.53 deg with 95% confidence
limits of ±1.57 deg, again indicating a high degree of confi-
dence in the result. Thus, the cepstral process can be seen to
successfully remove the contaminating effect of the echo and
correct the bearing estimation. Likewise, the number of bear-
ings with large scatter has been reduced as these are associated
with the destructive interference of the echo on the direct
wavelet and thus have been removed by liftering. It is likely
that a further improvement in the accuracy of the bearing
estimation could be made by increasing the number of ele-
ments in the array.

Finally, the source distance was calculated from the esti-
mated bearing angle, the measured echo delay time, and
detection array height using Eq. (5). The corrected measured
angle a = 144.5-148.7= -4.2 deg.

Calculating dl from Eq. (5) gives the estimated source
distance as 3.66 m as compared to the actual value of 3.90 m.
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Fig. 9 Coherence of recovered signals at microphones.
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Fig. 12 Bearing plot with reflection and cepstral processing.

Thus, the source distance was measured with a 6% error.
Obviously this could be improved if a more accurate bearing
estimation was made.

Conclusions
An experiment has been performed to investigate the appli-

cation of the complex cepstrum to the location of acoustic
sources in the presence of a reflective surface. The results
demonstrate that, for the test geometries and signals consid-
ered here, the complex cepstrum can be used successfully to
remove the contaminating effects of an echo on bearing
estimation. Likewise, it has been demonstrated that the echo
delay time, which also can be obtained from the cepstrum, can
be used to determine the source distance, thus completely
specifying the source location in one plane with a one-point
array. For this particular application, the cepstrum process
has been made relatively automatic by using a block liftering
technique. The resultant distortion problems in the recovered
wavelet introduced by block liftering are overcome by using a
coherence criterion to indicate which frequencies of the
microphone cross spectrum retain accurate information. In
effect, the block liftering was found to smooth the recovered
autospectrum.
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Appendix: Bearing Estimations from
Cross-Spectral Information

The application of the cross spectrum of a two-microphone
array to the bearing estimation of an acoustic source in an
anechoic environment has been studied in detail by Ragone.6
In particular, the bearing angle 0 of a source at a reasonable
distance from the array is given by

(Al)

where c, co, and £are the speed of sound, frequency, and mic-
rophone spacing, respectively. The averaged cross spectrum of
the signals acquired at microphones 1 and 2 is G12. In Eq.
(Al), 6 is measured relative to the axis of the microphone
array, from microphone 2 toward microphone 1.

References
'Childers, G. C., Skinner, D. P., and Kemerait, R. C., 'The

Cepstrum: A Guide to Processing," Proceedings of the IEEE, Vol.
65, Oct. 1977, pp. 1428-1443.

2Miles, J. H., Stevens, G. H., and Leininger, G. G., "Application
of Cepstral Techniques to Ground-Reflection Effects in Measured
Acoustic Spectra," Journal of the Acoustical Society of America,
Vol. 61, Jan. 1977, pp. 35-38.

3Syed, A. A., Brown, J. D., Oliver, M. J., and Hills, S. A., "The
Cepstrum: A Viable Method for the Removal of Ground Reflection,"
Journal of Sound and Vibration, Vol. 71, No. 2, July 1980, pp.
299-313.

4Martin, R. M. and Burley, C. L., "Application of the Cepstrum to
Remove Acoustic Reflections from Model Rotor Acoustic Data,"
NASA TP-2586, 1986.

5Bolton, J. S. and Gold, E., "The Determination of Acoustic
Reflection Coefficients by Using Cepstral Techniques, I: Experimen-
tal Procedures and Measurements of Polyeurathane Foam," Journal
of Sound and Vibration, Vol. 110, No. 2, Oct. 1986, pp. 203-222.

6Ragone, V. G., "Acoustic Signal Source Estimations Using Cross
Spectral Analysis," M.S. Thesis, Virginia Polytechnic Inst. and State
Univ., Blacksburg, VA, 1981.

7Fuller, C. R., Elliott, K. B., Tavakkoli, S., O'Brien, W. F., and
Hurst, C. J., "Effects of Representative Distortion and Noise on
Wavelet Recovery Via the Complex Cepstrum," Proceedings of the
IEEE International Conference on Acoustics, Speech, and Signal
Processing, IEEE, NY, 1986, pp. 1641-1644.

8Oppenheim, A. V. and Schafer, R. W., "Digital Signal Process-
ing," Prentice Hall, Englewood Cliffs, NJ, 1975.

9Fuller, C. R. and Hardin, J. C., "Estimation of Echoed
Narrowband Signals in Noise Using a Windowed Power Cepstrum
Technique," Proceedings of the Institute for Speech, Signal Process-
ing, and Acoustics, Univ. of Queensland, Brisbane, Australia, 1987,
pp. 227-231.

10Tribolet, J. M., "A New Phase Unwrapping Algorithm," IEEE
Transactions of Acoustics, Speech and Signal Processing, Vol. 25,
No. 2, April 1977, pp. 170-177.

nBendat, J. S. and Piersol, A. G., Random Data Analysis and
Measurement Procedures, Wiley, New York, 1986.

Recommended Reading from the AIAA
Progress in Astronautics and Aeronautics Series . . .

MHD Energy Conversion:
Physicotechnical Problems
V. A. Kirillin and A. E. Sheyndlin, editors

The magnetohydrodynamic (MHD) method of energy conversion increases the effi-
ciency of nuclear, solar, geothermal, and thermonuclear resources. This book as-
sesses the results of many years of research. Its contributors report investigations
conducted on the large operating U-20 and U-25 MHD facilities and discuss problems
associated with the design and construction of the world's largest commercial-scale
MHD powerplant. The book also examines spatial electrodynamic problems; super-
sonic and subsonic, inviscid two dimensional flows; and nonideal behavior of an MHD
channel on local characteristics of an MHD generator.

TO ORDER: Write AIAA Order Department,
370 L'Enfant Promenade, S.W., Washington, DC 20024
Please include postage and handling fee of $4.50 with all
orders. California and D.C. residents must add 6% sales
tax. All orders under $50.00 must be prepaid. All foreign
orders must be prepaid.

1986 588 pp., illus. Hardback
ISBN 0-930403-05-3

AIAA Members $49.95
Nonmembers $69.95

Order Number V-101


