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Abstract

This paper presents the development, characterization, and experimental validation of a
64-channel acquisition system for acoustic imaging based on commercial audio interfaces,
external AD/DA converters, and optical ADAT expansion. The study addresses the feasibility
of using professional audio equipment as a cost-effective alternative to dedicated multichan-
nel measurement front-ends, with particular emphasis on inter-channel temporal alignment,
spectral consistency, phase stability, and synchronization repeatability. Electrical loopback
measurements were performed using impulsive signals and logarithmic sine sweeps, allowing
impulse responses, frequency response functions, and sample-level offsets to be estimated
under different hardware topologies, clocking strategies, and operating systems. The re-
sults show that successful multichannel acquisition alone is insufficient for beamforming
applications: the decisive requirement is the temporal invariance of the inter-channel delays.
Configurations relying exclusively on ADAT clock recovery may exhibit converter-level
offsets and, in some cases, non-repeatable latency variations. Conversely, BNC word-clock
synchronization preserved internal alignment within each interface group, leaving only stable
interface-level offsets that could be compensated through loopback-based time-alignment
correction. The proposed architecture was further validated with a 61-microphone arc array
in anechoic conditions, producing acoustic maps consistent with simulated point-spread
functions. The results demonstrate that cost-effective audio-based architectures can support
reliable acoustic imaging when synchronization, loopback referencing, and systematic signal
correction are incorporated into the measurement methodology.
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1 Introduction

The construction of high-channel-count acquisition systems constitutes a central requirement in
several branches of experimental acoustics, particularly when the spatial structure of the sound
field must be measured, interpreted, or reconstructed. Applications such as acoustic imaging,
beamforming, source localization, holography, and three-dimensional directionality assessment
depend not only on the quality of the individual transducers, but also on the simultaneous
and coherent acquisition of a large number of signals distributed over space. In this context,
microphone arrays provide a methodological framework through which the acoustic field can be
sampled at multiple positions, allowing spatial information that would be inaccessible to a single
sensor to be inferred from inter-channel amplitude, phase, and time-delay relationships [9, 14].

Acoustic imaging techniques are especially sensitive to the architecture of the acquisition
system. Since the position of a sound source is commonly estimated from phase differences
or time-of-arrival differences among array channels, measured signals must maintain a stable
temporal relationship throughout the acquisition process. Any uncertainty in the relative timing
between channels is therefore translated into an uncertainty in the reconstructed source map. For
a given time mismatch A¢, the corresponding phase deviation increases with frequency according
to A¢ = 2w fAt, where f is the frequency of the analysis. Hence, even delays corresponding
to only a few samples may become relevant at higher frequencies, producing phase errors
capable of degrading localization accuracy, widening the main lobe, increasing sidelobe levels,
or introducing spurious acoustic sources in the reconstructed image.

1.1 Motivation, research gap, and objectives

The main research gap addressed in this work lies between two contrasting realities. On the
one hand, commercial systems dedicated to acoustic measurement offer high reliability and
well-controlled synchronization, but their cost may limit their dissemination. On the other hand,
professional audio equipment provides a cost-effective and scalable alternative, but its use in
acoustic imaging requires careful validation, since its performance with respect to inter-channel
coherence, latency stability, and spectral uniformity is not necessarily specified for this purpose.

Accordingly, this study addresses the construction and experimental characterization of a 64-
channel multichannel acquisition system for acoustic imaging, implemented using commercially
available audio interfaces and external AD/DA converters. Conceived for microphone-array
measurements, the proposed system is evaluated with particular attention to temporal synchro-
nization, inter-channel coherence, and spectral consistency. Instead of regarding audio equip-
ment as a straightforward replacement for dedicated measurement hardware, the study adopts a
characterization-driven perspective, through which the practical feasibility, intrinsic limitations,
and measurable deviations of the architecture are critically assessed within the requirements of
acoustic imaging applications.

The specific objectives of the study are as follows:

* to implement a 64-channel acquisition architecture based on professional audio interfaces
and external AD/DA converters expanded through the ADAT protocol;

* to configure and compare different synchronization strategies among the devices com-
posing the acquisition system, including ADAT clock recovery and BNC word-clock
distribution;
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* to characterize the temporal alignment, repeatability, and inter-channel delay behavior of
the acquisition chain through electrical loopback measurements;

* to assess the spectral consistency and the delay-induced phase behavior of the acquisition
chain; and

* to evaluate the feasibility of the proposed system as a cost-effective platform for mul-
tichannel acoustic measurements, including loopback-based time-alignment correction
procedures and its validation in an acoustic-imaging application.

By addressing these objectives, the article contributes to the development of accessible experi-
mental infrastructures for acoustic imaging, providing both a practical implementation strategy
and a methodological assessment of the conditions under which audio-based multichannel sys-
tems may be employed in scientific acoustic measurements [11]. Furthermore, the article itself
may serve as a guideline for the design and construction of similar architectures.

2 Theoretical background

This section outlines the main theoretical concepts underlying the development and assessment
of the proposed multichannel acquisition system. The discussion is restricted to the topics most
directly related to the present study. Further theoretical and technical details can be found in the
referenced literature.

2.1 Digital audio architectures for coherent acquisition

Microphone-array processing relies on the preservation of inter-channel time and phase relation-
ships, since these quantities encode the spatial structure of the acoustic field. In high-channel-
count systems, the relevant issue is therefore not merely the availability of multiple inputs, but
whether the acquisition architecture preserves the temporal conditions required for coherent
spatial analysis.

Commercial audio interfaces and external converters provide an accessible route toward large-
scale acquisition systems. In this context, the ADAT optical protocol is particularly attractive
because it enables modular channel expansion, allowing multiple conversion units to be inte-
grated into dense architectures such as 64-channel configurations. From an implementation
standpoint, this makes audio-oriented hardware a practical candidate for experimental infrastruc-
tures that demand scalability without the complexity or cost typically associated with dedicated
instrumentation.

Scalability alone, however, is insufficient to establish scientific suitability. In multidevice
arrangements, all converters must operate from a common temporal reference so that the recorded
signals correspond to the same sampling instants. Otherwise, fixed offsets, drift, jitter, or non-
repeatable latency may alter the relative timing among channels and compromise the coherence
of the acquired data.

2.1.1 Implications for acoustic imaging

Any distortion introduced at the acquisition stage may propagate directly into localization, beam-
forming, and field reconstruction. Array-based methods assume that inter-channel differences
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arise from sound propagation; when the hardware introduces additional timing or phase devia-
tions, these artifacts may be interpreted as physical information rather than as acquisition-induced
errors.

For this reason, the assessment of multichannel audio hardware must extend beyond nominal
recording performance. What must be demonstrated is the preservation of temporal alignment,
repeatability, and spectral consistency under representative measurement conditions. Within this
framework, the present study addresses both the feasibility of a cost-effective acquisition strategy
and the methodological principles required for the conception of comparable architectures.

2.2 Digital clock synchronization

In digital audio systems, the sampling clock defines the temporal reference for analog-to-digital
and digital-to-analog conversion. Whereas a single device typically operates from its internal
clock, multidevice architectures require a shared reference to ensure coherent sampling across
all channels. Without such synchronization, relative timing errors may arise, leading to phase
instability, clicks, sample slips, or non-repeatable latency.

In professional systems, this common reference may be distributed either through a dedicated
word-clock connection, typically implemented via BNC cables, or through digital audio links
that embed timing information, such as ADAT, AES/EBU, or S/PDIF, see Figure 4. In both cases,
coherent operation depends on all devices being locked to the same temporal basis, so that the
acquired signals correspond to the same sampling instants.

In this context, it is useful to distinguish between jitter and drift. Jitter denotes short-term devi-
ations of clock edges from their ideal temporal positions, whereas drift refers to slower variations
in clock frequency over time. Although both phenomena degrade synchronization quality, they do
so differently: jitter primarily affects short-term sampling accuracy, whereas drift progressively
alters the relative timing between devices during extended or repeated acquisitions [7, 12, 15].

2.3 ADAT optical interface

The ADAT optical interface, originally derived from the Alesis Digital Audio Tape system,
became a widely adopted protocol for expanding digital audio systems through optical trans-
mission via TOSLINK' connections [1]. In its conventional single-speed configuration, ADAT
transmits eight channels of uncompressed digital audio at 24-bit resolution and sampling rates
up to 48 kHz through a single optical TOSLINK cable. In practical implementations, optical
TOSLINK cables are commonly kept within short lengths, often around a few meters, in order to
preserve reliable optical transmission. At higher sampling rates, the number of available channels
is reduced through sample multiplexing schemes, commonly referred to as S/MUX. Thus, a
single ADAT optical connection typically carries eight channels at 44.1 kHz or 48 kHz, four
channels at 88.2 kHz or 96 kHz, and two channels at 176.4 kHz or 192 kHz.

In the present study, this limitation is particularly relevant because the number of simultaneous
channels constitutes a central requirement for acoustic imaging. Since reducing the channel count
would compromise the intended array configuration, the analysis is restricted to sampling rates
compatible with eight-channel ADAT transmission, namely f; = 44.1 kHz and f; = 48 kHz.

ITOSLINK, originally developed by Toshiba, is a standardized optical fiber connection used for the transmission
of digital audio signals. In this interface, the signal is transmitted by light rather than by an electrical conductor,
which provides galvanic isolation between devices and reduces susceptibility to electromagnetic interference.
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Figure 1: Digital audio interconnection formats, connectors, and clock: ADAT (optical),
TOSLINK (optical) cable, AES/EBU (XLR), S/PDIF (RCA), word-clock (BNC), and
75 Q BNC cable. [4, 19, 24].

The ADAT protocol organizes the transmitted data in frames associated with successive
sampling instants. Each frame contains audio samples from up to eight channels, each represented
with 24-bit resolution, in addition to synchronization and auxiliary information. A simplified
representation of this structure is shown in Figure 2. Since the optical stream carries both audio
data and embedded timing information, no separate clock line is required when synchronization
is performed directly through ADAT. The receiver recovers the clock from the incoming optical
stream, typically through a Phase-Locked Loop (PLL) [6, 13]. Consequently, the quality and
stability of this clock recovery process may influence the temporal alignment among channels
and devices.

Sync 192 bits (8 x 24 bits) Aux
Sync CH1 CH2 CH3 CH4 CH5 CH6 CH7 CHS Aux
ADAT frame

Temporal flow

Figure 2: Simplified representation of an ADAT frame containing synchronization information,
eight 24-bit audio channels, and auxiliary data.
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2.4 Latency and temporal alignment

Latency is the time interval between the occurrence of an analog event and its representation
in the digital domain, or conversely between a digital signal and its analog reconstruction. In
multichannel acquisition systems, the absolute latency of the system is usually less critical than
the relative latency among channels. If all channels exhibit the same delay, the temporal structure
of the measured sound field is preserved. However, if different channels exhibit different delays,
the acquired signals become artificially misaligned. For example, at a sampling rate of 48 kHz,
one sample corresponds to approximately 20.8 ps; thus, a relative delay of 3 samples between
two channels corresponds to about 62.5 us. Assuming a sound speed of 343 m/s, this delay is
equivalent to a propagation-path difference of approximately 21.4 mm, which is sufficient to
affect phase-based localization and beamforming results.

These offsets may be fixed or variable. Fixed offsets can, in principle, be measured and
compensated during post-processing, provided that they remain invariant over time and across
measurement sessions. Variable offsets, on the other hand, are considerably more problematic,
since they undermine the repeatability of the measurement system and may require a loopback
reference for each relevant acquisition group or even for each converter.

The phase deviation introduced by a temporal delay At at a frequency f is given by [17]

Ad = 2T fAL. (1)

If the delay corresponds to N samples at a sampling rate fg, then

N
At = —, ()
s
and therefore N
A =21f—- 3)

Js

As an illustrative example, a delay of one sample at f; = 44.1 kHz corresponds to

1 -5
At=——=22 1 ~22. .
t 44100 676 x 107 s 68 us

At f = 10 kHz, this delay produces a phase deviation of
A¢ =27-10000-2.2676 x 1075 ~ 1.424 rad ~ 81.6°.

This result shows that even a one-sample delay may become highly significant at high frequencies.
For this reason, sample-level misalignments cannot be neglected in experimental multichannel
acoustic measurements, especially when phase information is used for spatial processing.

2.5 Acoustic imaging and beamforming

Acoustic imaging comprises a set of experimental and computational techniques intended to
reconstruct the spatial distribution of acoustic sources from measurements performed over a
finite number of receiving positions. In this context, the measured sound field is interpreted not
only through its spectral content, but also through the spatial information contained in the relative
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amplitudes and phases observed among the sensors. Among the most established techniques
for acoustic imaging, three approaches are commonly emphasized: acoustic holography, sound
intensity methods and beamforming. Acoustic holography is generally associated with near-field
measurements and allows the reconstruction of the sound field over a surface close to the source
region. Sound intensity methods, in turn, are based on the estimation of the active acoustic energy
flow. Beamforming differs from these approaches by enabling the localization and mapping of
sources from array measurements, including applications in the far-field, for which the incident
wavefronts can often be approximated as planar, or near-field.

The fundamental principle of beamforming is the coherent combination of signals acquired
by a microphone array in order to emphasize sound arriving from a prescribed position or
direction while attenuating contributions from other regions of space. Thus, beamforming can be
understood as a spatial filter, whose selectivity is determined by the array geometry, the number
of sensors, the frequency range, the assumed propagation model, and the distance between the
source and the array. When the source is sufficiently far from the array, the impinging wavefront
may be represented by a plane wave. Conversely, for near-field problems, the curvature of the
wavefront becomes relevant and the source is more appropriately represented by a monopole
model. Therefore, the choice between a point-source or plane-wave formulation depends on the
relation between the source distance, the array aperture, and the wavelength of interest.

The simplest interpretation of beamforming is given by the delay-and-sum formulation [16].
Consider an array composed of M omnidirectional microphones located at positions X, =
(Xm,Ym,Zm), With m = {1,2,... ,M}. For a candidate source position X, in a predefined scanning
region, the distance between the focus point and the mth microphone is

Ty = [Xm —Xp|, 4)

in which the distance between the focus point and the array reference position is denoted by
rp = }Xp | The relative delay required to focus the array at x,, is then given by

/
rp—17r
Ay = L—" (5)
c
in which ¢ represents the speed of sound. In the time domain, the delay-and-sum beamformer
output may be written as

b(t) =~ Y wmpm(t —An), (6)
m=1
in which p,,(¢) is the pressure signal measured by the mth microphone and wy, is a spatial weight-
ing factor. For near-field focusing, this weighting may also include a correction for spherical
spreading, so that microphone signals are both phase-aligned and amplitude-compensated before
summation. If the assumed focus point coincides with the actual source position, the microphone
signals are coherently added and the beamformer output is maximized. If the focus point does not
correspond to a true source location, the phase alignment is imperfect and destructive interference
reduces the beamformer response.

For acoustic imaging, the scanning region is discretized into a grid of candidate source
positions. For each grid point, a propagation model is used to compute the expected phase and
amplitude relationship between a hypothetical source at that point and each microphone in the
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array. This model is commonly expressed through a steering vector g(xX,,, @), defined as

g=1[g1 & - gM]T, (7)

whose entries contain the transfer functions between the candidate source position and the
microphone positions. In free-field, a monopole-based steering function may be written as

e—jk’xm—x,,’

; 8)

gm(xp» CO) =

47r|xm—xp

in which k = 27 f/c is the acoustic wavenumber. This expression accounts for both propagation
delay and spherical spreading from the candidate source position to the sensor. In practice, the
steering vector represents the acoustic signature that would be observed by the array if a source
were located at a given scanning point. Beamforming therefore compares the measured data
with this modeled signature and assigns higher values to positions whose predicted propagation
behavior is more consistent with the measured sound field.

Conventional Beamforming (CB) is a frequency-domain method usually formulated from the
cross-spectral matrix of the microphone signals [5, 22]. In practice, the time signals acquired
by the M microphones are first divided into finite data blocks, optionally windowed, and then
transformed into the frequency domain by means of the Fast Fourier Transform (FFT). Thus, for
each frequency bin @y, the complex pressure of the mth microphone may be written as

Pm<w€) = FFT {pm[n]}€ ’ (9)

in which p,,[n] is the discrete-time pressure signal measured by the mth microphone and ¢ denotes
the frequency-bin index. The beamforming procedure is then carried out independently for each
frequency, or over a selected frequency band after an appropriate spectral averaging or band
integration. Let the vector of complex pressures at a given frequency be

p(ay) = [Pi(wy) Py(w) - Pu(on)]'. (10)

The cross-spectral matrix C(@y) is then defined as

C(oy) = % (p(er)p" (1)), (11)

in which (-)! denotes the Hermitian transpose and (-) indicates spectral averaging over data
blocks. This matrix contains the auto-spectral terms along its main diagonal and the cross-spectral
terms outside the diagonal, thereby preserving the relative magnitude and phase relationships
between all microphone pairs. Consequently, the cross-spectral matrix summarizes the spatial
coherence information required to estimate the direction or position from which sound energy is
arriving.

For a given scanning position, CB estimates the source power by projecting the measured cross-
spectral information onto the steering vector associated with that position. The corresponding
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array power response is
H(Xm ay) C(ay) g(xp, )

‘g(Xp,(L)g>’4

g

A(Xp, ) = , (12)

in which the denominator provides the appropriate normalization with respect to the steering
vector norm. By evaluating Equation (12) over all points of the scanning grid, an acoustic map is
obtained for each frequency bin or frequency band of interest. Peaks in this map indicate regions
whose modeled propagation characteristics are most consistent with the measured array data. The
resulting image may then be represented as a color map and, when appropriate, superimposed
on an optical image of the measurement scene, allowing the acoustic contribution of different
regions to be visually interpreted.

The spatial resolution and dynamic range of a conventional beamforming map are strongly
governed by the array aperture, microphone distribution, frequency, and source distance. Larger
apertures generally improve angular resolution, whereas insufficient spatial sampling may lead
to spatial aliasing at high frequencies. In addition, the sidelobe structure of the array point-
spread function (PSF) may introduce artifacts in the acoustic image, especially when strong
sources coexist with weaker ones. Despite these limitations, CB remains one of the most widely
used methods in acoustic imaging due to its conceptual clarity, computational efficiency, and
robustness in practical measurements.

2.5.1 Point-spread function of the array

Following the conventional beamforming formulation introduced above, the spatial performance
of an array is evaluated through its point-spread function (PSF) [23]. In acoustic imaging, the PSF
represents the response produced by the array and by the imaging algorithm when the acoustic
field is generated by an ideal point source located at a known position. Therefore, it provides a
direct description of the spatial selectivity of the measurement system, including the width of the
main lobe, the distribution of sidelobes, the effective resolution, and the possible occurrence of
spatial artifacts.

In the present analysis, the PSF was obtained by simulating the acoustic field generated by
a monopole source and processing the resulting microphone signals with CB. Let x5 denote
the position of the simulated point source. Using the free-field monopole model introduced in
Equation (8), the synthetic pressure vector measured by the array may be written as

ps(0) = q(0) g(xs, @), (13)

in which g() is the complex source strength and g(xXs, @) is the steering vector associated with
the true source position. For a deterministic point-source field, the corresponding cross-spectral
matrix is given by

Cs() = ps(0) p(w). (14)

Substitution of Equation (14) into the CB formulation of Equation (12) yields the frequency-
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dependent array response to the simulated point source:

H
Aps(xp, @) = = X, ©) Cs(a))ﬁ(xp,a))' (15)

‘g(xpv (D)‘

The normalized point-spread function is then defined as

PSF(x,, @) — —APSFXp. @) (16)
P max APSF (Xp, (1))
X,EQ

in which Q denotes the scanning domain. This normalization makes the maximum response equal
to unity and allows the spatial pattern of the array to be compared across different frequencies
independently of the absolute source amplitude. For graphical representation, the normalized
response is usually expressed in decibels (dB) according to

PSF4g(x,, w) = 10log, [PSF(x,, w)]. (17)

3 Methodological development

This section presents the methodological development adopted for the construction and evaluation
of the proposed 64-channel acquisition system. The procedures were designed to compare the
investigated configurations both temporally and spectrally, with emphasis on inter-channel
alignment, repeatability, and synchronization stability.

As discussed in the theoretical background, the ADAT protocol imposes a direct relation
between the sampling rate and the number of channels transmitted simultaneously. Since a high
channel count is essential for beamforming and microphone-array measurements, configurations
that reduce the number of available channels were not considered. Therefore, the system was
evaluated primarily at f; = 44.1 kHz and f, = 48 kHz?. All measurements were conducted with
Matlab [25] combined with ITA-Toolbox [3].

3.1 Acquisition systems

The experimental investigation was conducted on both MacOS and Windows platforms, us-
ing audio-interface configurations® defined according to the compatibility constraints of each
operating system. Under MacOS, two configurations were evaluated. The first consisted of a
hybrid arrangement comprising one PreSonus FireStudio Lightpipe [18] and one RME Digi-
face USB [21], whereas the second employed two RME Digiface USB interfaces, thereby
allowing a fully RME-based configuration to be assessed under the same operating system,

This variation was necessary because, when the PreSonus FireStudio Lightpipe was used only as the clock
master without a FireWire connection, its clock operated at 48 kHz. In more elaborate setups, dedicated clock-
distribution hardware connected via BNC word-clock lines may also be employed to provide a centralized
timing reference for multiple devices.

3Although dedicated 64-channel ADAT-to-Dante (audio-interface) solutions exist, they were not accessible in the
laboratory, which motivated the construction and assessment of a multi-interface architecture.

10
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observe Figure 3. In both configurations, each audio interface was connected to four Behringer
ADAS8200 converters [2], resulting in a 64-channel acquisition architecture.

Under Windows, the measurements were restricted to the dual-RME configuration, since the
FireWire-based PreSonus interface could not be used in that environment. In selected tests, the
PreSonus interface was employed only as a clock-generation device via BNC, allowing its role in
the synchronization strategy to be evaluated independently of its use as an acquisition interface.
Table 1 summarizes the main equipment used in the experimental configurations of the proposed
architecture.

f EESIEE " lightpipe a2

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 2

behringer DIGITAL 1/0
S
| I

0
our

OEOEOEOE

(¢) RME Digiface USB (audio-interface).

Figure 3: Acquisition systems: PreSonus FireStudio Lightpipe [18], Behringer ADA8200 [2],
and RME Digiface USB [21].

Additional configurations were also evaluated, including the use of a (previous) Behringer
ADARS8O000 converter. This configuration was relevant in identifying that the combined use of
ADASO000 and ADAS8200 units may require additional loopback references, since different
converter models may exhibit different latencies and slightly different frequency responses.

11
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Table 1: Main equipment used in the experimental multichannel acquisition configurations.

Equipment

General description

Relevant features

Role in the system

PreSonus FireStudio
Lightpipe [18]

RME
Digiface USB [21]

Behringer
ADAS8200 [2]

FireWire digital audio inter-
face for multichannel optical
audio transmission.

USB digital audio interface
based on optical ADAT con-
nectivity.

Eight-channel AD/DA
converter and microphone
preamplifier unit with optical
ADAT connectivity.

Up to 32 channels of ADAT or S/-
MUX optical input/output; 24-bit
operation; word-clock input/output
via BNC.

Four optical ADAT input and output
ports; up to 32 input and 32 output
channels in ADAT mode; operation
under MacOS and Windows.

Eight analog inputs and outputs;
24-bit conversion at 44.1 kHz or
48 kHz; ADAT optical input/output;
external synchronization via ADAT
or BNC word-clock input.

Audio interface in the hy-
brid MacOS configuration
and clock-generation device
in selected tests.

Audio interface in both hy-

brid and dual-RME configu-
rations.

External converter used to
expand each audio interface
by eight analog channels per
ADAT connection.

Table 2: List of components employed in the system assembly.

Item Quantity Application
PreSonus FireStudio Lightpipe 01 Audio interface

RME Digiface USB 02 Audio interface
Behringer ADA8200 08 AD/DA converters
8U Rack Case 8U x 40 cm or deeper 01 System assembly
Standard rack power strip 01 Electrical connections
IEC C13 power cord 09 Electrical connections
TOSLINK cables 16 ADAT IN/OUT connections
75 Q BNC cables, 30 cm each 08 Clock connections
BNC T-shape adapter MX 75 Q 08 Clock connections

75 © BNC termination 01 Clock connections
USB 2.0 type A to B male cable 02 Interface connections
Fireware 800/400 cable 01 Interface connections
Standard rack screews (usually M5 or M6 x 15 mm) 40—64 Equipment mounting
Notebook (Windows and Mac OS) 02 System control
Velcro and nylon cable ties = Rack organization
Identification and fastening tapes — Rack organization
Organization rack panels (blanking, venting etc) 00—06 Rack organization

Consequently, when heterogeneous converter units are included in the same acquisition chain, the
adjustment procedure must account not only for temporal offsets, but also for possible spectral
differences among devices.

The assembled acquisition system is shown in Figure 4, where different combinations of
audio interfaces and ADAT converters can be observed. Due to the large number of channels,
a hierarchical channel-numbering scheme was adopted. Each ADA8200 unit was treated as a

12
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(a) Front view and frontal connections. (b) Rear view and rear connections.

Figure 4: Acquisition system assembled in an 8U rack case on each side (40 cm depth).

.BNC Clock Sync P
Roarin | [waour ') RME Digiface USB
PreSonus FireStudi . ADAT IN

Lighpipe (@ ApaT ouT

\ _4x Benringer il VU ax Benringer ADA8200

ADATIN MAIN OUT 5 5
PR PreSonus FireStudio

.BNC Clock Sync 00 g g ONG (W) Lighpipe

ADATIN
] ~
(@ ApAT ouT RME Digiface USB #01

PN
RME Digiface USB #02

\_4x Benringer ADA8200 \_4x Benringer ADA8200

(b) Windows and MacOS configurations.

Figure 5: Connection diagrams of the evaluated acquisition systems.

13
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channel group*. The complete system was assembled in an 8U rack case’. This arrangement
facilitated transport, cable organization, physical protection, and repeatability of the connection
layout. Table 2 presents a detailed list of the components used in the system assembly, in order
to enable its replication by interested researchers.

The complete connection diagrams for the MacOS and Windows configurations are shown in
Figure 5. These diagrams summarize the interface topology, the ADAT optical interconnections,
and the clock-distribution scheme adopted in each evaluated setup.

3.2 Clock configuration

Two synchronization strategies were evaluated experimentally: recovery of the clock from the
ADAT optical stream and distribution through dedicated BNC word-clock connections. In all
cases, a single device was configured as the master clock, while the remaining units operated
as slaves. The comparison therefore focused on the practical performance of the two clock-
distribution schemes, rather than on different synchronization topologies.

Figure 6 presents the Behringer ADA8200 sync configuration switch and the physical com-
ponents employed in the word-clock configuration (BNC T-connectors and 75 €2 termination).
In this BNC configuration, proper termination was required to reduce reflections along the
clock-distribution line and to ensure stable signal transmission.

(a) Sync section of the (b) 75 Q BNC T-connector with two (¢) 75 Q BNC termination.
Behringer ADAS8200. female ports and one male port.

Figure 6: Physical components used for clock synchronization for the Behringer ADAS200 con-
verters and in the cascaded BNC word-clock connections.

3.3 Experimental procedure

The experimental procedure was designed to evaluate the temporal behavior of the acquisition
system under different operating systems, interface combinations, and clocking strategies. Nearly
all measurements were carried out by means of electrical loopback tests, in which an analog
output channel is physically connected to the input channels through XLR cabling. In this
configuration, the same excitation signal is fed back into the system, allowing the relative timing

“Instead of numbering the channels sequentially from 1 to 64, they were renumbered from 1.1 to 8.8. The first
digit refers to the ADA8200 unit, whereas the second digit refers to the channel within that unit. For example,
channel 50 corresponds to channel 7.2.

3A rack unit is a standardized measure used to define the height of rack-mounted equipment. Each unit corresponds
to 1.75”, approximately 44.45 mm, in height. Standard rack width is 19.00”, approximately 482.60 mm, whereas
depth depends on the specific system configuration [20].

14
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between input channels to be assessed directly from the recorded waveforms. Figure 7 illustrates
the adopted loopback connection scheme.

The first channel of the first ADA8200 unit, denoted as Channel 1.1, was adopted as the
temporal reference in all tests. Using passive splitter cables, the output signal was simultaneously
routed to Channel 1.1 and to each of the remaining inputs, so that the reference channel was always
acquired jointly with the other channels under identical loopback conditions. In this analysis,
only the acquisition chain was evaluated in terms of synchronization; the signal-generation path
was kept fixed throughout the measurements and was therefore treated as a common excitation
reference, with no independent synchronization analysis performed on the output channels.

System front view~/ [ Generation [l Acquisition System rear view—/

Figure 7: Loopback connection diagram — example showing measurements of Channels 1.1
(reference), 2.1, 3.1, and 4.1 using Output 1.1 as the reference source.

The investigated configurations were organized into eight experimental groups:

1. RME Digiface USB with ADAT clocking on MacOS;

RME Digiface USB with BNC word-clock synchronization on MacOS;

RME Digiface USB and PreSonus FireStudio Lightpipe with ADAT clocking on MacOS;

A »D

RME Digiface USB and PreSonus FireStudio Lightpipe with BNC word-clock synchro-
nization on MacOS;

two RME Digiface USB interfaces with BNC word-clock synchronization on MacOS;
RME Digiface USB with ADAT clocking on Windows;
RME Digiface USB with BNC word-clock synchronization on Windows; and

® N W

two RME Digiface USB interfaces with BNC word-clock synchronization on Windows.

For each configuration, successive measurements were performed under controlled pertur-
bations of the system. These perturbations included removing and reconnecting optical cables,
removing and reconnecting BNC cables, turning ADAT converters off and on, restarting the
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clock source, changing the sampling rate and then returning to the original value, and repeating
measurements without any physical or virtual disconnection. The purpose of these tests was
to determine whether the observed sample offsets were fixed, repeatable, and compensable, or
whether they varied over time and after reconnection procedures.

3.3.1 Test signals

Impulse and logarithmic sine-sweep signals were used as test signals, their respective spectro-
grams are shown in Figure 8. Impulsive excitation allows for the direct visualization of temporal
offsets in measured responses, making it suitable for identifying misalignments at the sample-
level. Logarithmic sweeps, in turn, allow the estimation of impulse responses and frequency
response functions with improved spectral resolution and signal-to-noise ratio.

Tonal signals were not used as the primary method for temporal-alignment assessment. Al-
though tones may be useful for evaluating phase at a specific frequency, they can conceal
integer-period delays. For example, at 1 kHz and f; = 44.1 kHz, a delay of approximately 44
samples corresponds to nearly one complete period. Under this condition, two signals may
appear to be in phase in a time-domain plot despite being delayed by one full cycle. Therefore,
broadband test signals were preferred for temporal characterization.

22 0 ' 0
20 [
Hie 8 || @
=21 1038 | |02
14 ° | o
012 = | =
g 10 £ |
> 8 20 @ | B0 9
o 6 = 6 | =
L 4 4 ‘
? -30 - I ——— LR
00 05 10 15 20 25 30 35 40 00 25 50 75 100 125 150 17.5 20.0
Time (s) Time (s)
(a) Impulse signal. (b) Logarithmic sine-sweep signal (5 Hz — 22 kHz).

Figure 8: Spectrogram of the test signals (nWin = 1024, nOver = 512, and nFFT = 1024).

3.4 Data processing

The acquired signals of all channels were processed in order to estimate inter-channel delays,
impulse responses, magnitude responses, and phase deviations. For each measurement, the
impulse peak of each channel was compared with the reference channel, and the delay was
expressed in samples. This procedure enabled the construction of tables summarizing the temporal
alignment of the acquisition system under each tested condition.

Frequency response functions were obtained from the measured excitation and response
signals. The resulting magnitude responses were normalized at 1 kHz when appropriate, allowing
channel-to-channel spectral differences to be more clearly observed. Phase responses were
analyzed in order to relate measured temporal offsets to frequency-dependent phase deviations,
according to Equation (3).
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3.4.1 Experimental delay estimation during acoustic measurements

Since the 64-channel system is composed of two 32-channel acquisition groups, two electri-
cal loopback channels were used as temporal references. Channels 1 to 31 correspond to the
microphone signals acquired by the first audio interface, while Channel 32 corresponds to the
first loopback. Similarly, Channels 33 to 63 correspond to the microphone signals acquired by
the second audio interface, while Channel 64 corresponds to the second loopback. Thus, the
measured signals were divided into two acquisition groups, each one associated with its own
loopback reference.

Let x,,,[n] denote the signal acquired by the mth microphone channel, and let ¢ [n] and ¢ n]
denote the loopback signals associated with the first and second acquisition groups, respectively.
The microphone-channel sets are defined as

4 ={1,2,....31} and % ={33,34,...,63}, (18)

whereas | [n] = x3;[n| and £;[n] = x¢4[n].

Two complementary correction procedures were considered. The first one, referred to here as
the delay-based approach, estimates only the relative temporal offset between the two acquisition
groups. The second one, referred to as the deconvolution-based approach, corrects the recorded
acoustic signals by deconvolving each microphone group by its corresponding loopback signal.
The distinction between these two procedures is important because they have different fields
of application. The delay-based approach can be used in passive beamforming measurements
once the inter-group delay has been estimated, whereas the deconvolution-based approach is
only applicable when the source under analysis reproduces the same known sweep used as the
electrical reference.

In the delay-based approach, the inter-group offset was estimated from the impulse responses of
the two loopback channels. Let s[n] be the reference sweep signal used in the electrical loopback
characterization. The impulse responses associated with the two loopbacks were estimated by
deconvolution as

he,[n] = €1[n] @ s[n] and he,[n] = €>[n] @ s(n], (19)

in which @ denotes deconvolution. The peak positions of these impulse responses were then
obtained as
n| = argmax ’hgl [nH and ny = argmax |hg2 [nH ) (20)
n n

The relative delay between the two acquisition groups, expressed in samples, is therefore
An=n;—ny. 20

If An > 0, the peak of the second loopback occurs earlier than that of the first loopback, indicating
that the second acquisition group is advanced with respect to the first one. In this case, the first
|An| samples of the second group are discarded. Conversely, if An < 0, the first group is advanced,
and the first |An| samples of the first group are discarded. This procedure enforces a common
temporal reference between the two acquisition blocks before beamforming.
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Equivalently, the trimming operation can be written in a compact form by defining
dy = max(ny,ny) — ny and dy = max(ny,ny) —ny, (22)

where d; and d; are the number of samples removed from the beginning of the first and second
acquisition groups, respectively. The aligned microphone signals are then given by

Em[n] = xmn+di], me Y, (23)

and
Em[n] = xm[n+da], me%. (24)

This is the most appropriate interpretation for passive acoustic imaging, since the source signal
is not assumed to be known. In normal passive beamforming applications, the array only records
the sound field generated by the source under investigation. Therefore, no sweep is emitted by
the measurement system toward the acoustic source; the sweep is used only as an electrical
diagnostic signal for estimating the temporal offset between acquisition groups.

The deconvolution-based approach follows a different rationale. In this case, the microphone
signals recorded by each group are corrected by deconvolution with the corresponding loopback
signal. Thus, for the first acquisition group,

B[] = xpm[n] @ €4 [n] meY, (25)
whereas for the second acquisition group,
] = xim[n] @ 62 ] , me%,. (26)

The resulting signals /1, [n] represent impulse-response estimates in which the excitation signal
and the acquisition-chain response associated with each interface group are compensated through
the corresponding loopback. In the frequency domain, this operation may be written as

Xin(®)
Ly(w) ’

A

Hy(0) = meY,, gec{l,2}, (27)

where X,,(®) is the spectrum of the mth microphone signal and L,(®) is the spectrum of the
loopback associated with the corresponding acquisition group®. In practical implementations, a
regularized division may be used in order to avoid numerical instabilities at frequencies where
the loopback spectrum has low magnitude.

This deconvolution-based correction is only valid when the source also reproduces the same
known sweep used as the reference signal. Under this condition, the acoustic path between the
loudspeaker and the microphones is embedded in the measured response, and deconvolution
yields an impulse-response representation suitable for subsequent frequency-domain analysis.
This situation was adopted exceptionally in the experimental validation of the present article, in

®In the discrete implementation, the involved time-domain vectors are preconditioned so that the FFT-based spectral
division represents a linear deconvolution rather than a circular operation. This includes, when necessary, using
compatible vector lengths, appropriate zero-padding, regularized spectral division, and subsequent selection of
the physically meaningful portion of the resulting impulse response.
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which the same electrical sweep was supplied to the loudspeaker in order to generate a controlled
and repeatable acoustic excitation. It should not, however, be interpreted as the standard operating
condition of passive beamforming.

3.5 Operational systems

It is also important to present methodological information regarding the operating systems used,
since their operation and driver management are performed differently. When using the Windows
operating system, it is necessary to install the RME MADIface driver, which consists of the
executables madifaceusb_x64 and TotalMixFx_x64. The former is responsible for configuring
the RME interfaces, while the latter manages the playback and acquisition channels. In this
case, both interfaces are simultaneously recognized, with no additional configuration required
for their combined use. Matlab (as well as other software) recognizes the driver as a single
device, in which the playback and acquisition channels correspond to the concatenation of both
devices — that is, the RME interface defined as Device 1 contains Channels 1 to 32, while the
interface defined as Device 2 contains Channels 33 to 64. Figure 9 presents details regarding the
aforementioned drivers and their simplified use.

Under MacOS, each interface is recognized individually, which also enables the use of the
FireWire PreSonus interface. Therefore, it becomes necessary to create a virtual device, referred
to as an aggregated device. This procedure can be performed through the “Audio MIDI Setup”
utility, in which a name must be assigned to the new device and the audio interfaces to be
simultaneously used must be selected. In this case, it is possible to freely modify the order of
the devices, as well as rename their respective channels. The software used for playback and
acquisition will then recognize a new device with the chosen name, composed of the selected
interfaces. The aggregated device configuration can be observed in Figure 10. It is important
to emphasize that, similarly to the Windows case, the appropriate audio drivers must also be
installed in order for the operating system to correctly recognize the connected interfaces. For
documentation purposes, the versions of the operating systems and drivers are detailed in Table 3.

Table 3: System software and driver versions.

Operating system Matlab RME driver PreSonus driver
Windows 11, version 25H2 R2023b v1.02 not applicable
MacOS High Sierra, version 10.13.6 R2020a v3.223 4.2.1.464375875
MacOS Tahoe, version 26.2 R2025a v4.27 not applicable

4 Results and discussion

This section presents the experimental results obtained from the acquisition configurations evalu-
ated. The discussion focuses on temporal alignment, frequency-response consistency, synchro-
nization stability, and the practical implications of using ADAT or BNC clocking in a 64-channel
acoustic imaging system. A dedicated acoustic imaging application using the proposed system is
discussed in Section 5.
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Figure 9: Graphical User Interface of RME and Presonus drivers.

[ N J MEGA 64

MacBook Pro Microphone Clock Source:  Digiface USB (23824474) ¢
U

Sample Rate: 48,0kHz ¢
(( .n MacBook Pro Speakers

<4 Subdevices

_T_ Calib Digiface USB (23824474) Digiface USB (24276938)

Input Channels

N _T_ MEGA 64

Output Channels

¥ Digiface USB (23824474)

4, Digiface USB (24276938)

Audio Device Output Volume In Out Drift Correction

Digiface USB (23824474) 32 34
Digiface USB (24276938) 32 34
MacBook Pro Microphone 1 0
MacBook Pro Speakers 0 2

Configure Speaker:

Figure 10: MacOS audio device settings.
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4.1 Preliminary loopback measurements

Preliminary loopback measurements were performed in order to verify the basic behavior of the
acquisition chain. Figure 11 shows a representative optical-loopback ADAT measurement in
the time and frequency domains. These measurements were used to verify signal integrity, gain
consistency, and the suitability of the measurement procedure before evaluating the complete
multichannel configurations.

It 1s important to emphasize that, in this case, there is no signal conversion between the
measured optical output and input, that is, the signal is generated digitally and also acquired
in the digital domain. For this reason, the time-domain plot was generated with emphasis on
the discrete digital samples. The obtained result corresponds to a perfectly shifted impulse,
corroborating the analysis that the optical protocol did not introduce any significant influence on
the measurements.
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(a) Time-domain response. (b) Frequency-domain response.

Figure 11: Representative optical-loopback ADAT measurement used for preliminary verification
of the acquisition chain.

Furthermore, before comparing impulse responses between channels and converters, it is
necessary to establish a relationship between the test signals and the quality and reliability of
the results obtained. In general acoustic measurements, logarithmic sine sweeps are commonly
adopted, with impulse responses being obtained through deconvolution. However, in the context
of electrical measurements, it is also appropriate to perform tests using impulsive signals, as
presented in Section 3.3.1.

Accordingly, Figure 12 illustrates impulse-response estimates obtained from electrical loop-
back measurements performed through the XLR output and input connections, using both
impulsive excitation and logarithmic-sweep deconvolution. The results indicate that both test
signals proved to be suitable for the proposed applications. Therefore, logarithmic sine sweeps
were adopted for frequency response function (FRF) measurements, whereas impulsive signals
were also adopted for delay measurements.

4.2 Sample-level temporal offsets

Figure 13 contrasts two representative temporal-alignment scenarios. When comparing channels
routed through a single AD/DA converter and audio interface, the impulse responses exhibit
strict alignment within the discrete-time resolution. Conversely, cross-device evaluations reveal
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Figure 12: Comparison between impulse-response estimates obtained from impulsive excitation
and logarithmic-sweep measurements (electrical).

measurable sample-level offsets between distinct hardware units. Although these temporal
discrepancies may appear negligible, their resulting phase deviations amplify significantly at
higher frequencies, in accordance with Equation (3). Consequently, this comparative analysis
establishes a critical baseline for characterizing the synchronization integrity across the entire
multichannel acquisition architecture.

Still regarding the importance of selecting appropriate test signals for result analysis, Figure 14
presents the same type of measurement shown in Figure 13, but now using a 1 kHz sinusoidal test
signal. It can be observed that, coincidentally, the 44-sample delay between the impulse responses
corresponds exactly to one complete cycle of the frequency used in the measurement, giving
the false impression that the signals are aligned. This result reinforces the need for impulse- or
sweep-based procedures when validating multichannel acquisition systems for acoustic imaging.

The same results may also be interpreted through the deconvolution between the compared
channels. Figure 15 shows the corresponding phase spectra obtained from the deconvolution
of the channel pairs presented in the previous plots (Figure 13). When the impulse responses
are inherently aligned, as in the case of channels associated with the same AD/DA converter,
the phase spectrum remains essentially null. By contrast, when a relative delay of 44 samples
is present, the phase response exhibits the periodic pattern characteristic of a comb filter, in
agreement with the theoretical behavior discussed earlier.

The three figures are based on illustrative measurements comparing Channels 1.1 and 5.1,
connected to the RME and PreSonus interfaces, respectively, in a MacOS environment with ADAT
clock synchronization. These boundary conditions are stated only for contextual clarity, since
their synchronization behavior is examined in detail in the subsequent results. Accordingly, the
selected channels and operating conditions should be interpreted as examples of the measurement
and analysis procedures, rather than as a complete assessment of this configuration.

In order to avoid redundancy in the presentation of plots such as Figure 13 for all analyzed
channels, tables were developed containing the types of measurements performed and their
respective results, including both informative and interpretative analyses. Table 4 presents the
results for all analyzed scenarios, along with their specifications and corresponding analyses
regarding the obtained results and system viability.

More specifically, Table 5 shows the relative sample delays among the measured channels
for all experiments and boundary conditions analyzed. The channels measured in each scenario
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Figure 13: Time-domain comparison of measured impulse responses with and without sample-
level temporal offsets.
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Figure 14: Limitation of tonal signals for temporal-alignment assessment. Integer-period delays
may be visually masked in narrowband analysis.
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Figure 15: Phase deviation associated with measured temporal delays, obtained from sweep-
based deconvolution.

are listed in Table 4, and the delay of the first channel is always zero, since it serves as the
reference channel. The rows in the table are divided into groups by horizontal bars, each bar
indicating a physical variation in the measurement conditions. That is, measurements 1 to 10
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were performed sequentially under an initial configuration. Intentional perturbations were then
introduced: power cycling the audio interfaces and the ADA8200 converters, disconnecting
and reconnecting TOSLINK cables, BNC cables, and USB cables, changing sampling rates,
modifying the clock source, as well as the synchronization attempt procedures described in
Section 4.4.3. After each set of perturbations, a new sequence of measurements (e.g., 11 to
20) was acquired. This process was repeated successively, generating consecutive blocks of
measurements, allowing the assessment of temporal invariance of the delays and the effect of
physical reconfigurations on the inter-channel offsets.

4.3 Amplitude differences among channels

The frequency responses of the Behringer ADA8200 converters were evaluated through loopback
measurements. Figure 16 presents the transfer functions between each measured channel and
the reference channel, defined as Channel 1.1. These measurements allow channel-dependent
magnitude deviations to be identified and provide a basis for evaluating whether equalization or
calibration adjustments are necessary prior to acoustic imaging measurements. For the results
shown, the gain controls of all channels on all converter units were set as close as possible to the
12 o’clock position.

From the obtained FRF results, it can be observed that the converter channels exhibit a sub-
stantially flat frequency response within the audible range from 20 Hz to 20 kHz. When directly
compared to the reference channel, the measured responses presented amplitude deviations of up
to approximately 5 dB among channels. These variations are mainly attributed to differences
in channel input sensitivity among the converters and, inevitably, to intrinsic positioning errors
of the gain controls due to human factors. However, such variations primarily produce vertical
offsets in the curves and can therefore be compensated through indirect adjustment of the micro-
phones connected to the converters. After normalization of the measured responses through this
adjustment procedure, the residual variations among channels remained below 1 dB within the
envelope of the presented curves.

4.4 Temporal stability

Temporal stability was evaluated by comparing repeated measurements performed with and
without physical or virtual perturbations of the acquisition system. In this context, the relevant
metrological criterion is not merely the presence of inter-channel delays, but their invariance over
time. A fixed delay, even when measurable at the sample level, can be estimated and compensated
through loopback references. Conversely, a non-repeatable delay prevents the establishment of a
stable temporal reference and therefore compromises the reliability of subsequent compensation
procedures.

This distinction is particularly important in a 64-channel architecture assembled from multiple
converter and interface groups. In such a system, temporal errors may arise at different hierarchi-
cal levels, including individual channels, converter units, ADAT groups, and audio interfaces.
Therefore, the interpretation of the measured delays must consider not only their magnitude, but
also whether they are associated with converter-level misalignment, interface-level latency, or
non-repeatable synchronization behavior.

The experimental results show that some configurations exhibited sample-level offsets among
channels or converter groups. When these offsets remained invariant after system initialization,
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Table 4: Summary of the inter-channel delay experiments. Channel 1.1 was adopted as the
reference channel in all cases.

Exp. SUT oS

Clock

Channels

Result

Feasibility

1 RME MacOS

ADAT

1.1/2.1/73.1/4.1

Delay of approximately +1
sample among channels of
each converter, invariant over
time.

Partial

2 RME MacOS

BNC

1.1/2.1/3.1/4.1

Channels synchronized in all
measurements and boundary
conditions.

Yes

RME +
3 PS MacOS

ADAT

1.1|5.1/6.1/7.1

Delay of approximately =+1
sample among channels of
each converter, in addition to
interface latency differences;
not invariant over time.

RME +
4 PS MacOS

BNC

1.1]5.1/6.1/7.1

Sample difference attributed
exclusively to latency between
interfaces, with no converter-
level misalignment within each
interface; invariant over time.

Yes

RME +
5 RME MacOS

BNC

1.1/2.1]5.1/6.1

Sample difference attributed
exclusively to latency between
interfaces, with no converter-
level misalignment within each
interface; invariant over time.

Yes

6 RME Windows

ADAT

1.1/2.1/3.1/4.1

Delay of approximately =+1
sample among channels of
each converter, invariant over
time.

Partial

7 RME Windows

BNC

1.1/2.1/73.1/4.1

Channels synchronized in all
measurements and boundary
conditions.

Yes

RME + .
8 RME Windows

BNC

1.1/2.1]5.1/6.1

Sample difference attributed
exclusively to latency between
interfaces, with no converter-
level misalignment within each
interface; invariant over time.

Yes

The feasibility categories adopted in Table 4 are interpreted as follows:

* Yes: the configuration requires only one loopback per ADA8200 group, or one loopback per audio
interface, depending on the system topology;

* Partial: the configuration requires one loopback per ADA8200 converter; and

* No: the configuration does not exhibit temporal invariance, remaining susceptible to sample-level
variations associated with the synchronization process.
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Table 5: Delay measurement results in samples (each column corresponds to one experiment).

Meas | Expl | Exp2 Exp3 | Exp 4 | Exp5 | Exp6 | Exp7 | Exp8
1 0010|0000 0111111 | 0 9 9 9 |00 2 2]/00-10|0000]|00 -46 -46
2 00100000 | 0-2862828| 0 9 9 9 [ 00 2 2| 00-10| 0000 | 00 -46 -46
3 0010[0000| 0282829 0 9 9 9 |00 2 2/00-10[0000]| 00 -46 -46
4 0010[0000|0-292929 | 0 9 9 9 [ 00 2 2/00-10[0000]| 00 -46 -46
5 0010[0000|0-3029-30| 0 9 9 9 |00 2 2/00-10[0000]| 00 -46 -46
6 00100000/ 0-30-30-30 | 0 9 9 9 [ 00 2 2[00-10| 0000 | 00 -46 -46
7 001000001 0-30-30-30 | 0 9 9 9 |00 2 2|00-10|0000 |00 -46 -46
8 00100000 0-31-31-31 | 0 9 9 9 [ 00 2 2|00-10| 0000 | 00 -46 -46
9 00100000 0-31-31-31 | 0 9 9 9 |00 2 2[00-10|0000 |00 -46 -46
10 |0010[0000|031-31-31 | 0 9 9 9 |00 2 2|/00-10[0000 ]| 00 -46 -46
11 [0000[0000|0-31-31-32 [ 0252525 |00 2 2 - - 00 -46 -46
12 {0000 ,0000 | 0-32-32-32 | 0252525 |00 2 2 - - 00 -46 -46
13 |0000[0000] 0-32-32-32 [ 0252525 |00 2 2 - - 00 -46 -46
14 0000 [0000 | 0-32-32-32| 0252525 |00 2 2 - - 00 -46 -46
15 [0000[0000|0-33-32-33 [ 0252525 |00 2 2 - - 00 -46 -46
16 {0000 [0000|0-33-33-33 | 0252525 |00 2 2 - - 00 -46 -46
17 {0000 [0000] 0-33-33-33 [ 0 25 25 25 | 00 2 2 - - 00 -46 -46
18 {0000 [0000 | 0-34-34-34 | 0252525 | 00 2 2 - - 00 -46 -46
19 [0000[0000]| 0-34-34-34 [ 0 25 25 25 | 00 2 2 - - 00 -46 -46
20 0000|0000 | 0-34-34-34 | 0252525 |00 2 2 - - 00 -46 -46
21 [0-100[0000]0-3535-35 [ 025 25 25 | 00 2 2 - - [ 00 46 46
22 | 0-100|0000| 0-35-35-35 | 0252525 |00 2 2 - - 00 -46 -46
23 | 0-100[0000 | 0-36-36-36 | 0 25 25 25 | 00 2 2 - - |00 46 -46
24 | 0-100 0000/ 0-36-36-36 | 0 25 25 25 | 00 2 2 - - 00 -46 -46
25 | 0-100[0000| 0-36-36-36 | 0 25 25 25 | 00 2 2 - - |00 46 -46
26 | 0-100 0000 0-37-36-37 | 0 25 25 25 | 00 4 4 - - 00 -46 -46
27 | 0-100[0000]| 0-37-37-37 | 025 25 25 | 00 4 4 - - [ 00 46 46
26 | 0-100|0000 | 0-37-37-37 | 0252525 |00 4 4 - - 00 -46 -46
29 | 0-100[0000]0-37-37-37 | 025 2525 [ 00 8 8 - - [00 46 46
30 | 0-100/0000 | 0-37-37-38 | 0 25 25 25 | 00 8 8 - - 00 -46 -46
31 000-1]0000 _ 0 44 44 44 [ 00103103 - - | 00338338
32 [000-1 0000 - 0242424 |00 2 2 - - 00-574 -574
33 [000-1[0000 - 0170 170 170 | 00 2 2 - - [ 00338338
3 | 000-1 0000 - 012 12 12 | 00 2 2 - - 00 2 2
35 | 000-1 0000 - 0555 |00 2 2 - - 00 50 50
36 | 000-1 0000 - 012 12 12 | 00 2 2 - - 00 -46 -46
37 1000-1 0000 - 05535 - - - -
3 [ 000-1 0000 - 0 6 6 6 - - - -
39 [ 000-1[0000 - 07 7 7 - - - -
40 | 000-110000 - - - - - -
41 (01110000 - - - - - -
492 (01110000 - - - - - -
43 (0111 - - - - - - -
4 (0111 - - - - - - -
45 | 0111 - - - - - - -
46 | 0111 - - - - - - -
47 o111 - - - - - - -
48 | 0111 - - - - - - -
49 (0111 - - - - - - -
50 | 0111 - - - - - - -
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Figure 16: Transfer functions between the channels of the Behringer ADA8200 converters and
the reference channel, defined as Channel 1.1.
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the corresponding configuration was considered partially viable, since the delays could be
compensated by assigning loopback references to the appropriate hardware groups. However,
when the offsets varied over time, compensation became unreliable, independently of the nominal
magnitude of the observed delay. The results summarized in Table 4 therefore indicate that the
feasibility of each topology depends primarily on delay invariance rather than on the mere
occurrence of successful multichannel acquisition.

4.4.1 Influence of the synchronization strategy

The comparison between ADAT-based and BNC word-clock synchronization clarifies the origin
of the temporal behaviors observed in the previous analysis. Both strategies enabled functional
digital audio transfer, but they differed substantially in their suitability for repeatable acoustic
measurements. ADAT synchronization has the practical advantage of embedding clock infor-
mation within the optical data stream itself, thereby reducing cabling complexity. However,
because the clock must be recovered by the optical receiver and associated PLL circuitry, residual
temporal-alignment uncertainties may occur among converter units.

In the configurations based on a single RME interface using ADAT synchronization, namely
Experiments 1 and 6, sample-level offsets of approximately 1 sample were observed among
converter groups. These offsets were generally invariant after system initialization. Although this
condition does not correspond to perfect inter-converter alignment, it remains experimentally
manageable when one loopback reference is used for each Behringer ADA8200 converter.
Under this condition, the loopback channels provide the necessary information to estimate and
compensate fixed converter-level delays during post-processing.

A less favorable behavior was observed when the PreSonus and RME interfaces were combined
through ADAT synchronization, as in Experiment 3. In this case, the measured delays did not
remain invariant over time. The temporal non-invariance can be observed in Table 5, particularly
in rows 1 to 10, in which delay variations occur between the reference channel and the measured
channels. In addition, the channels connected to the PreSonus interface exhibited an alternation
of approximately +1 sample. Because these variations were not repeatable, this configuration
did not provide a stable basis for delay compensation and was therefore considered unsuitable
for repeatable acoustic measurements.

In contrast, BNC word-clock synchronization exhibited a more robust temporal behavior
in all evaluated configurations. As indicated by Experiments 2, 4, 5, 7, and 8 in Table 4, the
converter groups associated with each audio interface remained internally aligned, regardless
of the operating system employed or the number of interfaces used. In configurations involving
more than one audio interface, fixed latency differences between interfaces were still observed.
However, these differences remained temporally invariant’ throughout the measurements and
were attributed to interface-level latency rather than to the individual ADAT converters.

Therefore, for the proposed 64-channel acquisition system, BNC word-clock synchronization
represents the preferable strategy. Its main advantage is not the complete elimination of latency
offsets, but the transformation of the synchronization problem into a stable and compensable

"The observed invariance is associated with the initialization conditions of the system. Variations in latency among
the audio interfaces may naturally occur after power cycling or reconnecting the system. Nevertheless, once
the interfaces were initialized and operating without physical modifications to the system configuration, the
measured latency offsets remained invariant throughout the performed measurements.
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one. Under this topology, converter groups remain internally aligned, while residual latency
differences occur primarily between audio-interface groups. As a result, a single loopback
reference per audio-interface group becomes sufficient, reducing experimental complexity and
increasing the reliability of acoustic-imaging measurements.

4.4.2 Absence of proper clock synchronization

Measurements performed without a properly defined synchronization strategy, that is, without
clock synchronization either via ADAT or via BNC, showed that clocking problems may lead
not only to delays, but also to time-varying amplitude and phase responses. Such behavior is
incompatible with acoustic-imaging applications, since the measured differences among channels
can no longer be attributed solely to the acoustic field.

Figure 17 shows the visual indication of failed synchronization attempts between the ADA8200
converters and the RME Digiface USB. Blinking synchronization indicators reveal that the
converters were repeatedly attempting to lock to the clock source. The figure is implemented
as an animation, and playback controls are provided so that the user can start and pause the
visualization.

e
Figure 17: Visual indication of synchronization attempts between the ADA8200 converters and
the RME Digiface USB. Blinking indicators denote unsuccessful synchronization
attempts. The sequence is presented as an animation with playback controls.

The absence of proper synchronization produces spurious signal peaks in the time domain,
consequently degrading the frequency response of the system. This behavior can be observed in
both domains, see Figure 18. In the time-domain response, abrupt discontinuities and irregular
peaks become evident, whereas the corresponding frequency response exhibits substantial spec-
tral inconsistencies and magnitude deviations when compared to the synchronized conditions
previously presented.

Additionally, a qualitative correspondence could be observed between the blinking synchro-
nization indicators shown in Figure 17 and the appearance of spurious pulses in the measured
signals. Visually, the temporal occurrence of such artifacts appeared to coincide with the repeated
synchronization attempts performed by the converters. However, no direct measurement or
synchronization-monitoring procedure was implemented to formally establish this relationship,
and therefore this observation should be interpreted only as an indicative qualitative assessment.
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Figure 18: Representative measurement obtained under improper clock synchronization, showing
temporal and spectral inconsistencies.

4.4.3 Synchronization-attempt procedures

Two procedures were tested in an attempt to eliminate sample-level offsets associated with PLL
locking and clock recovery.

* Procedure 1: simultaneous restart of the ADAT converters. This procedure was intended
to initialize the clock-recovery process simultaneously in all converters:

1. all ADAT converters were simultaneously turned off using the main power switch,
while the audio interfaces and remaining devices remained powered;

the system was left idle for 30 to 60 seconds;
all ADAT converters were simultaneously turned on using the main power switch;

the system was left idle for another 30 to 60 seconds; and

A

new measurements were performed.

* Procedure 2: restart of the clock-generation condition. This procedure was intended to
perturb the master-clock generation and force a new synchronization state:

1. the serial connection was disconnected and Matlab was closed;

2. the sampling rate and clock rate were changed using the control software of the
master-clock interface;

the system was left idle for 30 to 60 seconds;
the original sampling rate and clock rate were restored;
the system was left idle for another 30 to 60 seconds;

Matlab was reopened and the serial connection was re-established; and

N ke

new measurements were performed.
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Neither procedure consistently eliminated the observed sample-level offsets. This result indi-
cates that the offsets are associated with the synchronization and clock-recovery behavior of the
system rather than with a simple deterministic initialization sequence. Consequently, the most
reliable strategy is not to depend on a reconnection procedure, but to adopt a synchronization
topology that yields invariant delays and to measure the remaining offsets through loopback
references.

4.5 General discussion

The findings confirm that the proposed 64-channel system is viable for acoustic imaging, provided
the synchronization method meets the temporal-stability demands of multichannel acquisition.
The decisive aspect, as established, is not the mere presence of inter-channel delays but their
invariance over time. Fixed offsets can be corrected via loopback-based adjustment procedures;
non-repeatable fluctuations, however, undermine phase consistency across separate measurement
sessions.

When relying on ADAT clocking, the specific hardware/software combination (interfaces,
converters, OS, and clock master) plays a critical role. With a single RME interface, offsets
remained constant after startup — enabling compensation through one loopback per ADA8200
converter, albeit with added adjustment effort. Mixing different interfaces (e.g., RME plus
PreSonus) under ADAT produced unstable behavior: delays varied between runs and even across
channels within the same converter group, rendering reliable compensation impractical for
repeatable measurements.

Conversely, BNC word-clock synchronization proved markedly more stable. Across all tested
configurations, converter groups stayed internally aligned regardless of OS or interface count.
Any residual latencies were fixed, interface-specific, and unrelated to ADAT converter errors. As
a result, the adjustment procedure becomes straightforward: one loopback reference per audio
interface (i.e., per ADAT converter group) suffices.

For the specific 64-channel system implemented in this work, which relies on BNC word-clock
synchronization with two audio interfaces (each connected to four ADA8200 converters), only
one loopback channel per interface was required — totaling two loopbacks. Consequently,
62 usable channels remain available for acoustic imaging. It should be noted that this number
depends on the chosen synchronization strategy. Had ADAT clocking been adopted, one loopback
channel would have been required for each individual ADA8200 converter, resulting in eight
loopbacks in total and reducing the number of usable channels to 56. Thus, the synchronization
method affects not only temporal stability, but also the effective channel count of the acquisition
system.

The experimental results also demonstrated the importance of selecting appropriate excita-
tion signals for synchronization validation and temporal analysis. Broadband excitation signals,
particularly impulsive signals and logarithmic sine sweeps, proved significantly more suitable
than tonal excitations for identifying inter-channel temporal offsets. As experimentally demon-
strated, sinusoidal signals may conceal delays corresponding to integer multiples of the analyzed
frequency period, producing misleading indications of temporal alignment at specific frequen-
cies. In contrast, analyses based on impulse responses and sweep deconvolution directly reveal
the actual temporal displacements between channels and their corresponding phase behavior
across the frequency spectrum. Therefore, adjustment procedures intended for acoustic-imaging
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applications should preferentially employ broadband excitations and impulse-response-based
analyses.

Finally, the measurements performed under intentionally improper synchronization conditions
demonstrated that the absence of a stable clock reference may produce not only inter-channel
delays, but also severe temporal and spectral inconsistencies, including spurious impulsive
artifacts and non-repeatable deviations in the system frequency response. Such effects reinforce
the importance of experimentally validating synchronization stability prior to practical acoustic-
imaging measurements, especially in large-scale multichannel systems based on cascaded digital
converters.

5 Acoustic imaging application

For the experimental application of the proposed multichannel acquisition system, an arc-shaped
microphone array was assembled and used as a spatial sampling aperture for acoustic imaging.
The array consisted of 61 microphones distributed along a circular arc in the XZ plane, with radius
R =1 m and angular positions uniformly spanning the interval from 0° to 90°. Thus, although
the acquisition system provided 64 available channels, only 61 channels were assigned to the
microphones composing the array, while the remaining channels were reserved for loopback
and reference measurements. Observe Figure 19 where the experimental chain is depicted. The
adopted channel distribution was defined as follows:

e Channels 1 to 31: microphones 1 to 31;

Channel 32: loopback 1;

Channels 33 to 62: microphones 32 to 61;

Channel 63: reference microphone, positioned outside the array; and

Channel 64: loopback 2.

5.1 Array geometry

The arc geometry was defined from the angular coordinate 3, measured from the horizontal
plane toward the positive z-axis. For an array placed in the XZ plane, the position of the m-th
microphone may be written as

r, = [RcosB, O RsinB,]  with m={12,...,61}. (28)

Since the array spans a quarter of a circle, the total angular aperture is

T
ABtOt = 900 = 7 rad. (29)
Consequently, the corresponding arc length is
T
Larc = RAﬁtOt =1- 7 =1.5708 m. (30)
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Figure 19: Experimental chain of the microphone array application (61 microphones, X-Mini
sound source, and small anechoic chamber).

With M = 61 microphones uniformly distributed along this aperture, the angular spacing between
adjacent microphones is

ABow  90°

T 60 =1.5°=0.02618 rad. (31)

AB =

The corresponding inter-microphone spacing along the arc is therefore
dayre = RAB =1-0.02618 = 0.02618 m. (32)

Equivalently, the chord distance between two adjacent microphones is
A 0.02618
dchord = 2Rsin (Tﬁ) = 2sin (T) =0.02618 m, (33)

which is practically identical to dy for this small angular increment.

The spatial-aliasing limit of the arc array may be estimated from the spatial Nyquist criterion,
according to which the spacing between adjacent sensors should not exceed half of the acoustic
wavelength. By adopting the adjacent arc spacing as the characteristic spatial sampling interval,
the maximum frequency before the onset of spatial aliasing is approximated by

€0

0. 34

f alias —
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For ¢y = 343 m/s and dyr. = 0.02618 m, this gives

343
fallas ~ 7. 0.02618 ~ 6550.8 Hz. 35)
Thus, the theoretical spatial-aliasing threshold of the implemented arc array is approximately
6.55 kHz. In practice, frequencies slightly below this value are preferable for robust acoustic
imaging, since the effective spatial bandwidth may also be influenced by the finite aperture, the
nonuniform angular projection of the array with respect to different source directions, positioning
tolerances, microphone phase mismatch, and the signal-to-noise ratio of the measurement.

5.2 Experimental arrangement and measurement conditions

The physical microphone array used in the experimental validation was constructed using Pana-
sonic WM61 electret microphone capsules coupled to dedicated signal-conditioning circuits.
This architecture was adopted to obtain a compact and low-cost measurement system while
preserving the basic requirements for multichannel acoustic acquisition, namely simultaneous
sensing, adequate electrical conditioning of the microphone outputs, and compatibility with
subsequent frequency-domain beamforming processing. The resulting array was experimen-
tally assessed in a small anechoic chamber, allowing the measurements to be performed under
controlled acoustic conditions and reducing the influence of reflections from the surrounding
environment.

Two sound sources were employed during the experimental campaign: an X-Mini mini
loudspeaker and a Genelec 8010A active monitor. The electrical excitation signal supplied to
the sources covered the frequency range from 180 Hz to 20000 Hz, thereby allowing the array
response and the resulting acoustic images to be evaluated over a broad spectral interval. In
addition, recordings were performed both with logarithmic sweep signals and with (broadband)
flat-noise excitation, so that the proposed deconvolution-based and delay-based methods could
be systematically assessed under comparable conditions. The X-Mini was selected due to its
compact dimensions, so that its radiation could be used as an experimental approximation of
a monopole-like source, particularly in comparison with the simulated point-spread functions
(PSFs). The experimental instrumentation is documented in detail in Figures 20 and 21. In total,
five measurement conditions were considered, as listed below:

X-Mini aligned with the microphone at 0°;
X-Mini aligned with the microphone at 45°;
X-Mini aligned with the microphone at 90°;

Genelec 8010A with the low-frequency driver aligned with the microphone at 0°; and

A o e

Genelec 8010A with the tweeter aligned with the microphone at 0°.

The experimental acoustic maps obtained from these measurements are presented together
with the corresponding PSFs. This joint presentation facilitates the interpretation of the results
by allowing the measured beamforming maps to be compared directly with the expected spatial
response of the array. In this way, source localization, main-lobe shape, sidelobe distribution,
and possible imaging artifacts can be more clearly assessed for each experimental condition.
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(a) X-Mini measurement aligned at 0°.

3 )
(b) Positioning of the Genelec with driver aligned at 0°.

Figure 20: Pictures of the experimental instrumentation (Part 1).

35



11™ Berlin Beamforming Conference 2026 Bogaz & Fonseca

(a) Overall alignment of the arc using a laser. (b) Front view of the aligned Genelec.

\

(c) Alignment of the microphone at 0° of the array. (d) Alignment of the X-Mini at 0°.

Figure 21: Pictures of the experimental instrumentation (Part 2).
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(¢) Experimental acoustic map (5 kHz).
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(b) Simulated PSF (5 kHz).
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(d) Simulated PSF (5 kHz).
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(f) Simulated PSF (2 kHz).

Figure 22: Comparison between the experimental acoustic maps and the simulated point-spread
function (X-Mini at 45° for deconvolution-based method).
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(a) Experimental acoustic map (6 kHz, flat noise, X-Mini
at 45°, and delay-based method).
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(c) Experimental acoustic map (2.5 kHz, flat noise,
Genelec, and delay-based method).
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(e) Experimental acoustic map (3.5 kHz, flat noise,
X-Mini at 45°, and delay-based method).

Figure 23: Comparison between the experimental acoustic maps and the simulated point-spread

function (X-Mini and Genelec).
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(f) Experimental acoustic map (3.5 kHz, sweep sine,
X-Mini at 45°, and delay-based method).
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5.3 Results and discussion

The experimentally acquired data were processed using both the deconvolution-based approach
and the delay-based procedure, so as to enable a consistent comparison between the two strate-
gies under identical measurement conditions. The resulting acoustic images® are presented in
Figures 22 and 23, which illustrate the beamforming performance of the arc array for the different
source configurations considered in the experimental campaign. These figures allow the spatial
resolution, the side-lobe structure, and the overall agreement with the corresponding synthetic
PSFs to be visually assessed.

For the delay-based, the time-alignment stage was carried out using solely the two loopback
channels recorded during the measurements. For example, in the present case, the first loopback
signal exhibited its maximum correlation at sample index 910045, whereas the second loopback
signal presented its peak at sample index 909999. The relative delay between the two acquisition
blocks is therefore given by

An = ny —ny = 910045 — 909999 = 46 samples,

which corresponds to a time offset of approximately 0.9583 ms at a sampling frequency of
48 kHz. The compensation of this mismatch was implemented by trimming 46 samples from the
beginning of the second microphone block, thereby enforcing a common temporal reference for
all channels before the frequency-domain beamforming step.

It is observed that, once the delays estimated from the two loopback signals are properly
applied, the deconvolution-based formulation and the delay-based procedure yield identical
beamforming maps for the experimental dataset, with no observable differences between the
resulting acoustic images. Consequently, the choice between the deconvolution and delay-based
implementations may be guided primarily by practical considerations, such as computational
cost and ease of integration into existing measurement workflows, rather than by discrepancies in
the resulting acoustic images. Moreover, in many practical applications beamforming is deployed
as a purely passive “sonar-like” technique, in which an external excitation signal is not available
and deconvolution-based schemes cannot readily be applied, further reinforcing the relevance of
delay-based processing in real-world scenarios.

6 Final remarks

The present study established a methodological framework for the experimental characterization
and deployment of a 64-channel multichannel acquisition system based on commercial audio
multi-interface architecture. Beyond the physical assembly of the architecture, its main technical
contribution lies in the systematic evaluation of temporal and spectral behavior under different
synchronization topologies. For acoustic imaging, such characterization is essential, since spatial
reconstruction depends directly on inter-channel coherence, temporal alignment, spectral consis-
tency and phase stability. Even sample-level discrepancies may produce relevant high-frequency
phase deviations, which affect the reliability of microphone-array measurements.

The experimental results confirm that professional audio equipment can be employed in
demanding multichannel acoustic applications, provided that its limitations are explicitly char-

8The post-processing was carried out in Matlab using BEAMAP Toolbox [8].
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acterized and compensated. The most critical restriction observed was the occurrence of non-
repeatable latencies in configurations relying exclusively on optical clock recovery. Conversely,
the external BNC word-clock distribution provided more stable temporal behavior, allowing
residual offsets to be treated through loopback testing and post-processing correction. Thus, the
feasibility of the proposed system is conditioned not only by the number of available channels,
but by the repeatability and controllability of the acquisition chain.

From a broader engineering perspective, the validation of this cost-effective architecture
contributes to making experimental acoustic imaging more accessible and reproducible. By
combining modular off-the-shelf hardware with systematic synchronization and calibration
procedures, the proposed framework enables high-density microphone-array measurements
while reducing dependence on dedicated and financially restrictive platforms. This approach does
not eliminate the need for rigorous characterization; rather, it shows that scientific reliability can
be achieved when the limitations of the instrumentation are incorporated into the measurement
methodology.

Future developments may include expanded array geometries, automated time-alignment
routines, refined amplitude and phase compensation procedures, and the integration of higher-
level beamforming algorithms. Additional validation using different sound sources and more
demanding measurement scenarios would further clarify the operational limits of the system.
In this perspective, the proposed architecture provides a technically grounded foundation for
accessible experimental acoustic imaging, in which cost-effective instrumentation becomes
viable through careful synchronization, systematic signal correction, and engineering control.
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