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ABSTRACT

An acoustically transparent, configurable microphone array with omnidirectional elements, designed for
room acoustics analysis and synthesis, and archaeological acoustics applications, is presented. Omnidirec-
tional microphone elements with 2 mm-diameter capsules and 1 mm-diameter wire mounts produce a nearly
acoustically transparent array, and provide a simplified mathematical framework for processing measured
signals. The wire mounts are fitted onto a 1.6 cm-diameter tube forming the microphone stand, with the
microphones arranged above the tube so that acoustic energy can propagate freely across the array. The
wire microphone mounts have some flexibility, and the array may be configured. Detachable arms with small
speakers are used to estimate the element positions with an accuracy better than the 2 mm microphone
diameter.

1. INTRODUCTION

Microphone array technology is widely used, and has
found application in specialized fields such as room
acoustics analysis and synthesis, and archaeological
acoustics [1]. Fig. 1 illustrates an array in use at
the Chav́ın de Huántar archaeological site [1, 2]. For

such applications, a three-dimensional, mechanically
robust, and easily maintained system is required.
Recent array designs include spherically baffled ar-
rays, unbaffled geodesics, regular polyhedra, and
others [3, 4, 5, 6, 7, 8]. While greatly successful, such
designs have certain drawbacks. Spherically baffled
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Fig. 1: Configurable Microphone Array.

Fig. 2: Example Array Designs [4, 6, 8, 7].

arrays we built suffered from crosstalk between the
elements, perhaps due to propagation of mechani-
cal disturbances along the baffle. Such arrays are
potentially difficult to transport and maintain in an
archaeological acoustics setting where there are lim-
ited resources and workspace, and where equipment
is exposed to the elements.

The geodesic array described in [4], tetrahedral ar-
rays described in [5, 6, 7] and the like are easier to
transport and maintain, but have mounting struc-
tures interior to the array, and as a result do not pro-
vide an undisturbed acoustic sampling of the sound-
field. For an octahedral array design, we found that

sound propagating around its 2 cm-diameter base
was attenuated by as much as 0.25dB in the 1.0–
5.0kHz range, depending on frequency and arrival
direction. Such attenuation, though small, limit
the ability to separate sources as a function of di-
rection. What is desired in the context of acous-
tic analysis and microphone array signal processing
(see, e.g., [9, 10]) is a near-perfect sampling of the
soundfield, i.e. an array that is acoustically transpar-

ent.

In this work, we present a microphone array, shown
in Figs. 1 and 3, which provides a nearly acousti-
cally transparent sampling of the soundfield at the
array elements. The idea is to use small elements
and move the microphone base away from the ar-
ray. In our design, we used sixteen 2 mm-diameter
capsule wire mounted omnidirectional microphones.
The mounting wires are somewhat flexible and are
gathered into a bouquet-like structure, creating a
roughly 16 × 30 × 30 cm size array of micro-
phones attached to a 1.6 cm-wide copper tube, the
top of which is about 8 cm below the lowest element
of the array. The default configuration occupies a
greater extent in the horizontal plane so as to ac-
commodate the relatively greater lateral sensitivity
of human hearing needed for our applications.

The acoustically transparent and flexible nature of
the design, while advantageous in many regards, re-
quires calibration to determine the microphone po-
sitions. Impulse response measurements are used
to measure a series of ranges and total direct path
energy measurements between known speaker loca-
tions and the unknown microphone positions. The
range measurements are used to estimate positions,
while the direct path energy is used to estimate the
relative speaker gains is seen below in §5. A hard-
ware and software calibration system has been devel-
oped which produces microphone position estimates
having root mean square errors of less than 2.0 mm.

In Section 2, we detail the microphone array design,
and in Section 3, its acoustic transparency is evalu-
ated. Section 4 and Section 5 present position and
gain calibration methods, Section 6 covers example
applications, and Section 7 is a summary.

2. ARRAY DESIGN

The proposed microphone array shown in Fig. 3 is
a collection of 2 mm-diameter omnidirectional ele-
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Fig. 3: Configurable Microphone Array.

Fig. 4: Microphone Element with Mounting Wire

ments (Countryman B6 Omni Lavalier), connected
to flexible 1 mm wire mounts. A single microphone
element is shown in Fig. 4. The microphone ele-
ment mounting wires snap onto connectors mounted
on a 1.6 cm-diameter copper tube base, which is in
turn mounted on a standard camera tripod. Note
that the detachable microphone elements, mounting
tube, and standard tripod may be compactly stored
and are easily transported. Also, microphone ele-
ments are easily replaced in the event an element
is damaged. Finally, the microphone elements are
water-resistant.

To determine the unknown microphone element po-
sitions, custom calibration hardware was developed
as seen in Fig. 5. The calibration hardware con-

Fig. 5: Array with Calibration System.

Fig. 6: Calibration Arm

sists of four 2 cm-diameter speakers attached at ad-
justable, but known locations using 80/20 aluminum
bar [11]. A single detached speaker/aluminum bar
arm can be seen in Fig. 6. As described in §4, these
four speakers are used in sequence to take a series
of impulse response measurements for each speaker–
microphone pair. Additionally, the calibration hard-
ware was designed to be detachable, leaving the cal-
ibrated array ready for any further measurements
with a negligible modification to the overall acousti-
cal footprint of the array.

While only three speakers are required for the cali-
bration methods presented, the fourth speaker pro-
vides an overdetermined system and is used to im-
prove the accuracy of the resulting position estima-
tor. Additionally, as described in §4.4, it should
be noted that the calibration speaker positions were
chosen so as to maximize the microphone position es-
timate accuracy. Before the calibration process and
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summary of the results is presented, an evaluation
of the acoustic transparency of the array is detailed.

3. TRANSPARENCY EVALUATION

To measure the acoustical impact of the microphone
mount, we placed the array between an additional
reference microphone, also a Countryman B6, and
a K&H Model O110 speaker, and measured a se-
ries of impulse responses. The reference microphone
was placed within the array to act as one of the el-
ements to measure the acoustic contribution of the
microphone base as a function of the position of the
base relative to the microphone elements. Keeping
the speaker and reference microphone at fixed po-
sitions, we moved the array vertically over a range
of 36 cm, measuring impulse responses every 2 cm.
As illustrated in Fig. 7, the first measurement was
done with the reference microphone 24 cm above the
array base, and the last measurement done with the
array base occluding the path between the speaker
and reference microphone, 12 cm below the base.

Fig. 7: Geometry of Transparency Evaluation.

Transfer function magnitudes were computed for
each array position; a reference transfer function
magnitude was computed with the array removed.
The ratios between the transfer function magnitude
and the reference magnitude are plotted as an image
in Fig. 8. The measurements show the acoustical im-
pact of placing the microphone mount inside or near
the convex hull of the array. Deviation of nearly
1 dB can be seen at close distances, which would
result in a significant loss of performance in array
processing applications where differences in micro-
phone signal levels are important. Note that with
the reference microphone 12 cm or so away from the
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Fig. 8: Magnitude Deviation vs. Mount Position;
0 cm corresponds to the tip of the holder being on
the speaker-reference microphone axis.

array mount, however, the measured transfer func-
tion is within 0.1 dB of the reference value out to
5.0 kHz, as seen in Fig. 3.

4. POSITION CALIBRATION

As the array is naturally configurable, it is necessary
to determine the microphone element positions. In
this section we describe the calibration process with
the speaker arms affixed as in Fig. 5.

Impulse response measurements from each speaker–
microphone pair are used to determine the speaker–
microphone ranges and then the microphone po-
sitions. The speaker–microphone range is esti-
mated by cross-correlating the direct path portion
of the impulse response with its minimum-phase ver-
sion [12]. The arrival time is the time of the cross-
correlation maximum, and is normalized by the loop-
back delay of the measurement system. The arrival
time is finally scaled by the speed of sound to give
the range between the microphone and speaker.

The microphone locations are then estimated as
those minimizing the sum of square range errors
to the four speakers. A closed-form divide-and-
conquer estimator [13] was used to initialize an it-
erative Gauss-Newton method for non-linear least
squares (GN-NLLS). Speaker-microphone range er-
rors on the order of 2 mm were noted, and micro-
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phone position estimate errors less than the 2 mm
microphone diameter were seen.

4.1. Time-of-Arrival Estimation

To compute the range, impulse response measure-
ments are computed between each speaker and mi-
crophone using a technique similar to that described
in [14].

Time-of-arrival estimates τij between each speaker
i and microphone j are found by maximizing the
correlation between the direct path portion of the
impulse response hij(t) and its minimum-phase ver-
sion hmpij

(t)

τ̂ij = argmax
τ

∑

t

hij(t − τ)hmpij
(t). (1)

This technique was recently used to estimate inter-
aural time differences [12], and found to be insensi-
tive to the details of the speaker–microphone trans-
fer function magnitude. In this way, the arrival time
estimates are expected to be valid even though the
speakers generate little energy below 1.0 kHz. It
should be pointed out that even though the calibra-
tion speakers generate little low-frequency energy,
their small size provides a near point source radia-
tion.

4.2. Sound Speed and Loopback Delay

The time-of-arrival estimate must be normalized by
the loop-back delay λ of the system and scaled by
the speed of sound c to convert the measured time-
of-arrival τ̃ij into a range measurement

ρ̃ij = c(τ̃ij − λ), (2)

where ρ̃ij is the measured distance or range in me-
ters between the ith microphone and the jth speaker.
The loopback delay of the system λ can be estimated
by simply measuring the closed-loop delay of the sys-
tem. The sound speed c is a function of humidity
and temperature [15],

c = 343.2(1 + 0.0016h)

[

T

Tr

]
1

2

, (3)

where h is the percentage of molar concentration of
water vapor, T is the temperature in degrees Celsius
(C), and Tr is the reference temperature of 293 K.

Commodity humidity and temperature sensors were
found to be suitable for such purposes.

To verify the accuracy of the sound speed calcula-
tion (2) and the loopback delay measurement, mea-
surements of the time delay τ̃ were made at a set
of known ranges ρ. The sound speed and loopback
delay were then estimated as the minimizers of the
sum of square errors between the measured and hy-
pothesized ranges,

{ĉ, λ̂} = argmin
c,λ

∑

n

(ρn − c(τ̃n − λ))2. (4)

As seen in Fig. 9, the estimated loopback delay
and sound speed accurately reproduce the measured
speaker-microphone ranges (the root mean square
error was on the order of 2 mm, coincidentally
the microphone diameter). Furthermore, the es-
timated loopback delay and sound speed matched
those produced by direct measurement and (3) to
within 0.1%.
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Fig. 9: Sound Speed and Loopback Estimation.

4.3. Microphone Position Estimation

Denote by xi, the ith microphone position and sj ,
jth the speaker position where i = 1, 2, ..., N and
j = 1, 2, ..., M , with N and M the number of micro-
phones and speakers, respectively. For a given set
of positions, the hypothesized ranges between each
speaker and microphone is

ρij = ‖ xi − sj ‖ . (5)
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Given a set of range measurements ρ̃ij , the micro-
phone positions are estimated as those minimizing
the sum of square differences between the measured
and hypothesized ranges,

x̂i = argmin
xi

∑

j

[ρ̃ij − ρij(xi)]
2. (6)

This was done using a Gauss-Newton iteration [16],
initialized with an average of the four three–speaker
solutions described in [13]. The position update is

x
(k)
i = x

(k−1)
i + (JT J)−1JT ǫ(k−1), (7)

where J is the Jacobian at iteration (k − 1)

J =







βT
11
...

βT
1N






, (8)

where βij is the column direction cosines between

the (k − 1) position estimate x
(k−1)
i and the jth

speaker sj ,

βij = (x
(k−1)
i − sj)/ ‖ x

(k−1)
i − sj ‖, (9)

and where ǫ(k−1) is the difference between the mea-
sured and hypothesized ranges,

ǫ(k−1) =









ρ̃i1 − ρi1(x
(k−1)
i )

...

ρ̃iN − ρiN (x
(k−1)
i )









. (10)

Note that in the presence of Gaussian measured
range errors, (6) is the maximum likelihood estimate.

As an example application, the array shown
in Fig. 10 was calibrated with the calibration speak-
ers placed at 0.58 m from the array holder cen-
ter. The estimated microphone positions are shown
in Fig. 11 and 12, and appear to closely match
the photographed positions. A root mean square
range error of slightly less than the 2 mm micro-
phone diameter was noted. Taking into account the
speaker geometry, this range error should translate
the speaker geometry into a roughly 1.4 mm position
error.

4.4. Calibration Geometry Evaluation

The accuracy with which the microphone position
estimator is dependent on the geometry of the cali-
bration speaker array. If the speakers are close to the

Fig. 10: Image of Top View.
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Fig. 11: Computed Top View.

array holder, ranges measured to the microphones
will accurately give the vertical positions, but will
not have the geometric leverage required to deter-
mine the horizontal components of the microphone
positions. Similarly, if the speakers are positioned
far from the array holder, the microphone signals
are weaker, the ranges are less accurately estimated,
and the geometry favors estimation of only the hor-
izontal components of the microphone positions.

In this section, we outline a procedure for determin-
ing the arm length giving the most accurate micro-
phone position estimates. The approach we take is
to evaluate the information inequality [17]—which
lower-bounds the estimate variance—over a range of
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arm lengths. Because the range measurement er-
rors are a small fraction of the ranges, the position
Fisher information is large, and we expect the bound
variance to approximate the variance of the position
estimator (6).

The needed bound was developed for position esti-
mates based on range measurements in [18], with
the bound variance given by the inverse Fisher in-
formation F−1, interpreted as the outer product of
the direction cosines between the microphone and
speakers βij ,

Var{x̂i} ≥ F−1 (11)

F = B
T Σ−1

i B (12)

B = [βi1 . . . βiM ] (13)

where Σi is the range measurement covariance, as-
sumed to be

Σi = σ2 diag

{

ρ2
ij

ρ2
o

}

. (14)

The range measurement covariance is diagonal, as
the ranges are derived from separate impulse re-
sponse measurements with independent additive
noise; they are proportional to the square range due
to spherical spreading.

For a measure of the position deviation as a function
of calibration geometry, the maximum of the trace of
the bound over all microphones is used to evaluate
a given speaker geometry.

max
i

tr
{

F−1(xi; s)
}

(15)

An optimal speaker position deviation bound is
found by minimizing this trace:

sopt = argmin
s

{

max
i

tr
{

F−1(xi; s)
}

}

(16)

Using the example array in Fig. 5, the Fisher in-
formation was computed as a function of the x-y
speaker position. An optimal speaker position of
0.45 meters was found using (16). The optimal
position was verified by adjusting the speaker arm
length, re-calibrating the system for the updated
speaker positions, and comparing the the average
root mean square error between the hypothesized
and measured ranges.
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Fig. 13: Maximum Position Deviation Bound.

Fig. 13 shows that the lower bound deviation in-
creases as the speaker position approaches the mi-
crophone mount or extends beyond the optimal po-
sition as expected.

5. GAIN CALIBRATION

In addition to the microphone position calibration,
it is beneficial to estimate the relative microphone
gains of each microphone element. While the rel-
ative microphone gains can be easily measured in-
dividually using a single fixed speaker–microphone
setup, it is possible to obtain a suitable estimate us-
ing the set of impulse responses taken for position
estimation.

The direct path energy of a given impulse response
can be used to estimate the relative gain for each
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element. The sum of the square direct path impulse
response is used to estimate the direct path energy,

eij =
∑

n

h2
d(n). (17)

The relative microphone gains can then be computed
as the weighted square root of the direct path energy

ĝij = α(θij)ρij
√

eij , (18)

where ρij compensates for spherical spreading loss
and α(θij) compensates for the speaker radiation
pattern loss as a function of angle between the
speaker–look bearing and speaker–microphone bear-
ing as depicted in Fig. 14.

Fig. 14: Speaker-Microphone Bearing Angle.

The set of individual microphone gain estimates
for each speaker are then normalized by the mean
speaker gain over all microphones. The mean micro-
phone gain over the set of speakers is then computed
to estimate the relative microphone gains. Note, the
median microphone gain over the set of speakers may
also be useful to suppress the influence of measure-
ment outliers.

The required α(θ) was estimated by a polynomial
approximation of the total direct path energy as a
function of angle [−90◦, 90◦]. Figs. 15 and 16 show
the directional response of the speaker and total di-
rect path energy respectively.

Using the example array in Fig. 5 and an eigth-
order polynomial approximation of direct path en-
ergy, Fig. 17 shows the relative microphone gain es-
timates and respective standard deviation on the or-
der of 0.25–0.5 dB across the four calibration speak-
ers.
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6. EXAMPLE PROCESSING

We present two example applications, one where the
array was used to track the location of sources, and
another where we studied reverberation character-
istics of a room through analysis of impulse arrival
angles and times. For both experiments, a calibrated
array was used for time-delay-of-arrival (TDOA) or
direction-of-arrival (DOA) algorithms such as Max-
imum Likelihood or Multiple Signal Classification
(MUSIC) to obtain a plot of signal strength as a
function of time and angle of arrival. These algo-
rithms are described briefly below and in more detail
in [9, 19].

6.1. Maximum Likelihood

Given a calibrated array of N microphones, the an-
gular direction of a sound source can be computed
using a maximum likelihood approach. As the loca-
tion can be time-varying, the signals are windowed
into overlapping frames of 10–100 ms. For micro-
phone n and frame k, we have signal xn,k(t). As-
suming far field sources, we obtain the likelihood
dependent on angle θ by time-delaying or advancing
xn,k(t) relative to the origin. The adjusted signals,
x′

n(·), are the original signals as seen from the center
of the array, assuming the source is located in the
far field at angle θ.

We then subtract out the mean signal x′

n,k(t) from
each of the time-adjusted signals. For correct values
of θ, the estimated signal will be correct and the
difference signals x′−x′ will be small. For directions
away from the source direction, we are left with a
larger error that will be penalized in the likelihood
function.

We may maximize the log-likelihood of the error or
a similar function thereof; for this specific trial we
maximized

L(θ) =

N
∑

i=1

[

xT
i x

(xT
i xi ∗ xT x)0.4

]

Note that the exponent of 0.4 (rather than the stan-
dard 0.5) in the denominator was seen to provide a
good visualization of source energy.

We can visualize the likelihood as in Fig. 18 over all
(θ, k) pairs and plainly see the three known speaker
sources located around the array where brighter ar-
eas represent high likelihood.
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6.2. MUSIC

Multiple Signal Classification (MUSIC), is an
eigenspace-decomposition method that may be used
as an alternative to likelihood functions as intro-
duced in [19, 9]. MUSIC operates under the as-
sumption that there are M far-field signals. Our
experiments involve known values of M or studying
perceived plots across several M , although there are
heuristics for finding a likely or optimal value.

The algorithm finds the eigenvectors γn of the covari-
ance matrix for our signals in the spectral domain,
Xn(k). The M of these corresponding to the largest
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eigenvalues will be treated as signal vectors, and the
remaining eigenvectors correspond to the (orthogo-
nal) noise subspace.

As described as Broadband MUSIC in [9], we again
use a cost function to determine our true direction
of arrival θ,

LMUSIC(θ) =

[

N
∑

n=M+1

γT
n (θ)Ra(θ)γn(θ)

]−1

,

where Ra is the spectral signal autocorrelation ma-
trix.

As in §6.1, this cost function may be used to gener-
ate a plot of arrival energy vs. direction of arrival
and time of arrival. Fig. 19 shows the likelihood
distribution of an impulse response over time in a
reverberant staircase. We see the expected direct-
path arrival, followed by early reflections from the
wall, and a dense late-field.

7. CONCLUSIONS

A new microphone array based on wire-mounted
microphones was presented for room acoustics and
archaeological acoustics applications. The wire-
mounted microphones allow for flexibility in shap-
ing the array, while mitigating the acoustic impact of
the array base. However, measurement tasks require
a calibration step, as the microphone positions will
be different after each setup. To solve this problem,
an automated hardware/software calibration system
was created that measures time delay of arrival to
accurately localize the microphones.
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