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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 Dt, the corresponding phase deviation increases with frequency according
to Df = 2p fDt, 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 fy =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 W 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 24 bits) Aux
Sync CH1 CH2 CH3 CH4 CH5 CH6 CH7 CHB8 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 Dt at a frequency f is given by [17]

Df =2p fDt. (1)

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

Dt=" @)
fs
and therefore N
Df =2pf + 3)

N

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

1
Dt=——— 22 10 3s  22. .
t 44100 676 10 °s 68 us

At f = 10 kHz, this delay produces a phase deviation of
Df =2p 10000 2.2676 10 ° 1.424rad 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 Xy =
(Xm,Ym,Zm), withm = f1,2,..., Mg. For a candidate source position Xp in a predefined scanning
region, the distance between the focus point and the mth microphone is

= 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 Xp is then given by

Dm = ——, &)

in which ¢ represents the speed of sound. In the time domain, the delay-and-sum beamformer
output may be written as
1 M

b(t) =

Wm Pm(t  Dm), (6)
m=1
in which pp(t) 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(Xp, W), defined as

9= o % o 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 KJXm  Xpj

Om(Xp,W) = ; (8)

4p Xm  Xp

in which k = 2p 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 Wy, the complex pressure of the mth microphone may be written as

Pm(w¢) = FFT fpm[n]g, , )

in which ppy[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(wy) = Pi(wy) Pa(wp) Py(wy) . (10)

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

Cw) =5 por)p!w) | an

in which ()H denotes the Hermitian transpose and h i 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

g™ (xp, We) C(We) 9(Xp, W)
g(xp, W)

A(XD7W€) = ) (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 Xs 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(w) = q(w) g(xs,w), (13)

in which gq(w) is the complex source strength and g(Xs, W) 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(w) = ps(w) 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:

g (X p;w) Cs(W) g(X p; W)

ApsHXp; W) = 7 (15)
9(xp;w)
The normalized point-spread function is then de ned as
PSF(p; W) = ApsHXp; W) (16)

maxApseXp; W)’
max pSHXp; W)

in whichWdenotes 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

PSFKe(Xp; W) =10log,o[PSF(x;wW)]: a7

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 con gurations 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, con gurations
that reduce the number of available channels were not considered. Therefore, the system was
evaluated primarily afs = 44:1 kHz and fs = 48 kHz2. 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 con guratiodsde ned according to the compatibility constraints of each
operating system. Under MacOS, two con gurations were evaluated. The rst consisted of a
hybrid arrangement comprising one PreSonus FireStudio Lightpfjeahd one RME Digi-

face USB P1], whereas the second employed two RME Digiface USB interfaces, thereby
allowing a fully RME-based con guration to be assessed under the same operating system,

2This 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 con gurations, each audio interface was connected to four Behringer
ADA8200 converters [2], resulting in a 64-channel acquisition architecture.

Under Windows, the measurements were restricted to the dual-RME con guration, 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 con gurations of the proposed
architecture.

(a) PreSonus FireStudio Lightpipe (audio-interface).

(b) Behringer ADA8200 (AD/DA).

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

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

Additional con gurations were also evaluated, including the use of a (previous) Behringer
ADAS8000 converter. This con guration was relevant in identifying that the combined use of
ADAS8000 and ADA8200 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 con gurations.

Equipment General description

Relevant features

Role in the system

PreSonus FireStudic FireWire digital audio inter-

Lightpipe [18] face for multichannel optical
audio transmission.

RME USB digital audio interface

Digiface USB [21] based on optical ADAT con
nectivity.

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

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

Audio interface in the hy-
brid MacOS con guration

and clock-generation device
in selected tests.

Audio interface in both hy-
brid and dual-RME con gu-
rations.

Behringer Eight-channel AD/DA Eight analog inputs and output: External converter used to
ADA8200 [2] converter and microphont 24-bit conversion at 44.1 kHz o expand each audio interface

preampli er unit with optical 48 kHz; ADAT optical input/output; by eight analog channels per

ADAT connectivity. external synchronization via ADAT ADAT connection.

or BNC word-clock input.
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 W BNC cables, 30 cm each 08 Clock connections
BNC T-shape adapter MX 75 W 08 Clock connections
75 W 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 mi 40 64 Equipment mounting
Notebook (Windows and Mac OS) 02 System control
Velcro and nylon cable ties Rack organization
Identi cation 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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