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Abstract—A new method for coherent underwater acoustic
communication called passive phase conjugation is evaluated. The
method is so named because of conceptual similarities to active
phase conjugation methods that have been demonstrated in the
ocean. In contrast to active techniques, however, the array in pas-
sive phase conjugation needs only receive. The procedure begins
with a source transmitting a single probe pulse. After waiting for
the multipathed arrivals to clear, the source then transmits the
data stream. At each element in the distant receiving array, the
received probe is cross-correlated with the received data stream.
This cross-correlation is done in parallel at each array element
and the results are summed across the array to achieve the final
communication signal suitable for demodulation. As the ocean
changes, it becomes necessary to break up the data stream and
insert new probe pulses. Results from an experiment conducted
in Puget Sound near Seattle are reported. Measurements were
made at multiple ranges and water depths in range-dependent
environments.

Index Terms—Acoustic signal processing, array processing,
phase conjugation, underwater acoustic communication.

I. INTRODUCTION

SOUND transmitted in the ocean will often have multiple
interactions with the sea surface and the bottom. This mul-

tipathing leads to significant time spread as observed at a distant
receiver. The pattern of multipath arrivals will change in time as
the sea surface evolves, as the properties of the water column
change, or as the source moves. It is this combination of mul-
tipathing and time variation along with dispersion that makes
underwater acoustic communication difficult.

Kilfoyle and Baggeroer recently published a comprehensive
review of the state of the art in underwater acoustic communica-
tions [1]. Communication systems can be categorized as using
either incoherent or coherent modulation strategies. Incoherent
processing is based on detecting signal energy where these sys-
tems seek to avoid the effects of multipathing by inserting qui-
escent periods between successive pulses. Essentially, one must
wait idly for the duration of the multipath time spread before
transmitting the next signal symbol. This approach can be reli-
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able, but not necessarily efficient as much of the time is devoted
to waiting for the previous transmission to clear from the sound
channel. Coherent processing uses phase detection. These sys-
tems can achieve potentially higher data rates because they do
not wait for the channel to clear before sending additional sym-
bols. This places the burden on the receiver to correct for the in-
tersymbol interference (ISI) caused by the multipathing. A large
body of research has been published on coherent receivers that
use adaptive equalization [2] for this task. Typically, there are
more than 100 tap delays in the equalizer [3], with [1] quoting an
example of successful transmission using 957 taps. These taps
must be constantly adjusted to compensate for the changing en-
vironment. The resulting computational burden can be substan-
tial. Indeed, in a research context, off-line processing may be
required to evaluate the success of a field experiment [4].

In this paper, a new method for coherent underwater acoustic
communication called passive phase conjugation is considered.
In this approach, an array of receivers is deployed. The spatial
diversity provided by the array yields a more complete picture
of the multipathing structure and obviates the need for compli-
cated processing at the receiver. Other array-based approaches
use beamforming in an attempt to null multipaths [5], but pas-
sive phase conjugation exploits multipathing as a natural part of
the signal processing. The term “phase conjugation” is used be-
cause it can be shown that the processing is related to acoustic
time reversal, a subject of active research in the acoustics com-
munity [6], [7].

As a method for communication, the proposed procedure is
passive in that the array need only receive signals and does
not need to transmit. For underwater acoustic communication,
the passive phase conjugation procedure should be effective for
transmitting information from a remote vessel or vehicle having
a single sound source to another vessel or moored installation
that has deployed an array of receiving transducers. The proce-
dure begins with transmission of a single probe pulse from the
distant sound source and reception of the response at each el-
ement of the array. The data stream is then transmitted by the
sound source and recorded by each element of the array. The
signal processing step involves cross correlating the probe re-
ceptions and data streams as observed at an array element. This
cross correlation is done in parallel at each array element and the
results are summed across the array to achieve the final commu-
nication signal ready for demodulation. Compared to adaptive
equalization, the procedure is relatively simple and can, in prin-
ciple, be done in real time. As the ocean changes, it becomes
necessary to break up the data stream by inserting new probe
pulses.
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Fig. 1. Experimental configuration for underwater acoustic communication by
passive phase conjugation. Multiple acoustic paths between isolated source and
distant receive-only array.

Over the last decade, acoustic phase conjugation or time re-
versal has generated steadily growing interest in the underwater
research community. Jackson and Dowling [8] first formulated
active phase conjugation for ocean acoustics. In active phase
conjugation, the wavefront observed at the array is rebroadcast
but in a phase-conjugate (time-reversed) fashion. Dowling [9]
studied passive phase conjugation where the array need only
receive. Reciprocity was invoked to relate the active and pas-
sive techniques. He suggested the method would be useful for
pulse compression and acoustic communication. Recently, Silva
et al. [10] independently proposed a similar passive technique
and evaluated it by numerical simulations. Active phase conju-
gation has been implemented in the ocean [11], [12] and has
also been proposed as a method for communication [13], [14].
In this paper, we report first results from a passive phase conju-
gation experiment conducted in May 2000 near Seattle in Puget
Sound.

In Section II, the underlying theory of passive phase conju-
gation for acoustic communication is outlined. The processing
algorithm is evaluated using a normal mode model for the acous-
tics. Phase shift keying (PSK) is used to encode the data stream.
In Section III, results from the experiment are reported. Exam-
ples include cases where the source was moored and where it
was allowed to drift. The effect of ambient noise is quantified.
The utility of embedding new probe pulses in a long data stream
is demonstrated.

II. THEORY

Fig. 1 shows the basic geometry for underwater communica-
tion using passive phase conjugation. The source transmits in-
formation to the distant receive-only array. The procedure starts
by sending a short probe pulse, waiting for the channel to clear
of multipath arrivals, and then sending the data stream.

The passive phase conjugation-signal-processing algorithm is
sketched in Fig. 2. The top line shows the probe pulse and sub-
sequent data stream as transmitted by the source. Immediately
below are the probe and data stream as observed at each of the

elements in the receiving array. Because of dispersion and
multipath propagation, the compact probe pulse is temporally
broadened. Similarly, the symbols in the data stream are broad-
ened resulting in ISI from temporal overlap. Because of the spa-
tial diversity, however, each element in the array samples the
multipathing structure in a different way. At each element, the
observed probe signal is cross-correlated with the data stream. If

the probe is a single symbol of the subsequent data stream, this
step represents an ideal temporal matched filter that has been
automatically calibrated for the signal distortion and spread due
to the medium transfer function. The true power in the technique
comes from using the spatial diversity provided by the array. The
cross-correlations are then coherently summed across the array.
The theory of active phase conjugation [8], [11] shows that, if
the array samples the multipath structure sufficiently, channel
equalization is nearly ideal. Passive phase conjugation [9] ap-
proaches this ideal with simpler and less expensive hardware.
For communication purposes, the main difference between ac-
tive and passive implementations is the direction in which the
information flows. In the active case, information can be sent
from the array to a distant source, while in the passive case the
source sends information to the array.

The algorithm suggested in Fig. 2 can be developed more
formally. Let the probe symbol be of duration. After propa-
gating through the water column to the receiving array, the pulse
broadens to duration where typically . For an array
element located at , denote the measured pressure waveform
associated with the probe initiating the sequence as .
After the probe is transmitted, the source is quiet for a tem-
poral guard delay greater than. The source then sends the data,

consecutive symbols of total duration . The associated
waveform observed at the receiver is . The cross-cor-
relation between the probe and the data are defined as

(1)

The output of the processor is simply the sum of the
cross-correlated signals across allarray elements

(2)

where the weights have been admitted for generality. The
connection with time reversal can be seen in (1) which repre-
sents a temporal-filtering operation that is performed with an
inversion of the time variable. Time-domain filtering is usu-
ally defined in terms of a convolution where the function to be
filtered has the argument , not as in (1).

To show explicitly how the processor is “phase conjugate,”
it is necessary to go to the frequency domain. Suppressing the
dependence on position, define the Fourier transform pair

(3)

Combining (1) and (3) and using the fact that the probe is of
finite duration it follows that

(4)

where the fact that for real signals has
been exploited. The form of the cross correlation in (4) shows
explicitly how the probe signal (or, equivalently, the data stream)
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Fig. 2. Passive phase conjugation signal-processing algorithm.

is phase conjugated. In active phase conjugation, it is this step
combined with using an active array that allows the backpropa-
gated field to focus at the original location of the source.

One of the strengths of this processing scheme is that it is
not tied to any explicit model for the acoustic propagation. To
demonstrate that the method reduces ISI, however, it is neces-
sary to choose a particular representation for the acoustic propa-
gation. Consider a modal expansion for the field. While normal
modes are more commonly used as a computational tool, they
are useful in the present context for their analytical properties.
For simplicity, assume that the source and receiving array all
lie in the plane, and that the source lies at (
is the horizontal range coordinate). The depth of the source is

, and the position of the th element in the receiving array
is . In the frequency domain, the measured
field at due to the data stream is [15]

(5)
Here, is the mode shape, is the associated horizontal
wavenumber, and is the Fourier transform of the data
stream as encoded at the source. For cases with low absorption
loss, the modes are real functions of depth and have a weak im-
plicit dependence on frequency. The wavenumbers are complex.
Certain unimportant scaling terms in (5) have been suppressed.
A similar expression applies for , the field from the probe,
with being the transformed probe pulse. Substituting these
representations into (4) and then (2), it follows that the output,

, of the passive phase conjugate processor is

(6)

where the filter

(7)

and

(8)

The output involves the desired probe signal and data
stream as encoded at the source, but also the additional filter

. All the complications of the acoustic environment are em-
bedded in this factor. Fortunately, for some special cases, the
filter takes a simple form. Consider a well-populated vertical re-
ceiving array. The summation in (8) is over the array elements.
The weights can be fixed so that the summation approxi-
mates an integration in depth. Then by the modal orthogonality
condition

(9)

where is the common range to each array element andis
the Kronecker delta function. The exponential term represents
the two-way loss an individual mode would experience in prop-
agating from the source to the array and back. Like its active
counterpart, passive phase conjugation cannot correct for loss.
Substituting (9) into (7) yields

(10)

Note that the filter is a smooth function of frequency without
the complicated structure usually associated with multipathing.
The exponential acts to attenuate higher order modes and higher
frequencies. Note that the modal orthogonality condition has
been used in an analogous way to explain active phase conju-
gation [11]. It is straightforward to generalize the derivation by
using a one-way coupled mode acoustic model [16].

Passive phase conjugation works for underwater commu-
nication for essentially the same reasons that active phase
conjugation works for retrofocusing on remote underwater
sound sources [7], [8], [11]. The probe signal provides a full
rendering of the acoustic propagation possibilities between
the source and the receiving array, and the receiving array
exploits this information to combine coherently the signal
received on each propagation path. In an underwater sound
channel, there are typically several active propagation paths,
but the main paths mostly reside near the horizontal so that
even a sparse array or an array spanning less than the full water
column can often distinguish the paths. In the presence of
many propagation paths, the coherent summation across paths
significantly reduces the effect of random noise fluctuations.
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Fig. 3. Telemetry schedule. Data stream broken intoN -symbol sections.
Schedule is repeated with new probe pulse and nextN -symbols until complete
data sequence is sent.

In addition, the amplitude weighting of the received signal
suppresses noise. The processor weights stronger paths more
heavily and suppresses the weak paths thereby emphasizing the
higher signal-to-noise portions of a reception.

The main reason that passive phase conjugation works for this
application is the pulse compression it provides. This can be de-
duced from (6) which, for a single positive bit of the data stream,
is equivalent to a sum across the array of a convolution of the
autocorrelation function of the probe signal and the autocorre-
lation function of the sound channel’s time-dependent Green’s
function. Both autocorrelation functions will be peaked, so their
convolution will be peaked on every channel. The sum across the
array then reinforces these peaks and suppresses side lobes (see
[9]). The spatial diversity provided by a receiving array is crit-
ical here for sidelobe suppression because a single phone can not
differentiate between independent signal paths that have nearly
the same arrival time. The receiving array is also a very effective
means for combating signal fading since simultaneous fading on
multiple well-spaced phones is exceedingly unlikely.

The complete communications schedule is represented in
Fig. 3. The probe signal takes the form

(11)

where is the carrier frequency and the envelope is
nonzero only in the interval between 0 and. The probe is
followed by a guard delay of length and then the -symbol
data stream

(12)

Equation (12) represents a PSK scheme where the informa-
tion is encoded in the phase. The simplest form is binary PSK
(BPSK) where the phase is constrained to be 0 orand there
is one bit per symbol. Higher order schemes allow the phase to
take additional values and so increase the number of bits per
symbol. Modulation schemes are discussed in Proakis [17] and
Simonet al. [18].

PSK implemented as part of passive phase conjugation differs
from the standard text book applications in some interesting re-
spects. Calculating the Fourier transforms of (11) and (12), and
substituting into (6) yields terms proportional to .
This is the classic response of a matched filter, shifted from
baseband to . Note that if is of duration , then the
output of the matched filter is of duration . This can cause
overlap between consecutive symbols in the data stream. The re-
sulting ISI is combated partly in the choice of the envelope

and partly in the design of the receiver. These issues are consid-
ered in more detail in the following section. If the ocean envi-
ronment did not change, there would be no limit to the number
of symbols that could be sent before a new probe signal must
be sent. In reality, an ocean environment will change and cause
the measured data stream to no longer correlate with a once suc-
cessful, but now obsolete, probe pulse. A similar decorrelation
would occur if the location of the source or the array were to
change. In practice, these factors impose a limit to the number
of consecutive symbols that can be transmitted. To combat
this decorrelation between probe and data, a second guard delay
of duration is inserted after the data stream. One then repeats
the telemetry schedule in Fig. 3, sending a fresh probe pulse and
an additional symbols of data whose total time duration does
not exceed the environment-imposed correlation time.

The length of the two guard delays, and , and the
number of symbols become crucial design parameters in
implementing a communication system based on passive phase
onjugation. Excessively long guard delays and smallmeans
a low data rate. Conversely, short guard delays and largemay
increase the error rate. As might be expected, the ideal values
for these parameters will depend on environmental conditions.
These issues are addressed in the following section.

III. EXPERIMENT

A passive phase conjugation experiment was performed in
Puget Sound near Seattle May 8–12, 2000. Fig. 1 illustrates the
basic experiment geometry. The receiving array was deployed
from the R/V Henderson in water depths ranging from 30 to 50
m. The source hydrophone was deployed from the R/V Miller at
several locations within a 5-km radius of the receiving array in
water between 10 and 120 m deep. The R/V Henderson was held
in either a two- or three-point mooring, and the array was de-
ployed through the center instrument well of the vessel to min-
imize array motion. The source was deployed from the stern of
the R/V Miller at various locations with the vessel either drifting
or moored.

For the cases considered in this paper, the 14-element re-
ceiving array was suspended from the R/V Henderson with a
clump weight to maintain an approximately vertical alignment
of the elements. The array elements were equally spaced and the
array spanned the entire water column. The spacing between el-
ements was adjusted depending on the water depth at the deploy-
ment site. Each hydrophone (International Transducer Corpora-
tion model 6050) in the array has an approximately spherical
directivity pattern and a broad operating frequency range. The
received signal waveforms on all the hydrophones were simul-
taneously digitized and recorded onboard the R/V Henderson.
The source hydrophone consisted of three broadband cylindrical
transducers (International Transducer Corporation model 2044)
coupled together in parallel to produce an approximate toroidal
point source. The source hydrophones were operated at frequen-
cies of 5–20 kHz with a nominal source level of 192 dB re 1Pa
at 1 m.

The ships were deployed in a shallow water area of Puget
Sound at various positions near Spring Beach (4744.2 N,
122 22.8 W). Grab samples of the bottom sediment and CTD
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Fig. 4. (a) BPSK symbol. (b) Spectrum of BPSK symbol.

casts were performed to characterize the local environment. The
bottom in the general area of operation consisted of a sand/silt
sediment. Unless otherwise noted, the bottom topography in the
area of operation was generally flat and sloping from the shore.
For the cases considered in this paper, the temperature/sound
speed profile was nearly constant over the water column with
nominal sound speed 1480 m/s. No major oceanographic fea-
tures were observed. Wind speed and sea state ranged from very
calm (sea state 0, wind speed less than 2 m/s) to moderately
rough (sea state 2, wind speed 15 m/s). Ambient underwater
acoustic noise in the general area was typical for a busy shipping
area [19] and ranged from moderately low to high depending on
ferry or shipping traffic.

Fig. 4(a) shows the basic BPSK symbol used in the experi-
ment. The pulse was designed by autocorrelating a Hamming
windowed 5–18 kHz linear FM pulse. If this symbol represents
a “one,” then the same symbol but with the opposite sign repre-
sents a “zero.” The duration is ms and since there
is only one bit of data per symbol in BPSK, this implies a max-
imum theoretical data rate of 2.17 kbits/s. Recall that passive
phase conjugation uses a probe pulse followed by a guard delay
of duration . Because the probe pulse is not part of the data
stream, the achievable data rate may approach the theoretical
maximum rate but will always be lower. Fig. 4(b) shows the
spectrum of the transmitted symbol.

In the remainder of this section, results are presented for var-
ious experimental scenarios.

A. Moored Source

For the initial results presented in this subsection, the R/V
Miller and R/V Henderson were in two- and three-point
moorings, respectively. The distance between vessels was 0.46
km. The source was deployed mid water-column in water 30-m
deep. The elements in the receiving array were spaced 2.0 m
apart. The sea surface was glassy and there was negligible
wind. The moored vessels combined with the benign environ-

ment permitted the proposed communications technique to be
evaluated under nearly ideal conditions.

The basic symbol shown in Fig. 4(a) was transmitted as the
probe pulse, followed by a 50-ms pause, followed by 5 s of data,
i.e., 10 869 randomly generated (but known) bits. Fig. 5 shows
part of the measured response along each of the 14 elements in
the array. Shown is the response due to the probe pulse followed
by the start of the data stream. The time spread caused by multi-
pathing is striking; the response to the 0.460-ms probe extends
over nearly the entire 50-ms guard delay before the data stream
starts.

In this and subsequent runs, it is useful to estimate the
signal-to-noise ratio (SNR) in a meaningful way. In passive
phase conjugation, multiple arrivals are not regarded as noise
that hampers the processing but rather they are treated as useful
signal. To estimate the effective SNR, ambient noise energy
was calculated at each receiving element for the 50 ms prior to
the first arriving signal. The energy was then calculated for the
50 ms beginning with the first arrival. This contains both signal
energy (including both the direct path and the multipaths) and
the noise. The difference between the two calculations is an
estimate of the signal energy. The signal energy, averaged
across the hydrophones, compared to the average noise gives
the effective SNR. For the example in Fig. 5, SNR24.1 dB.

The gain introduced by passive phase conjugation is also
demonstrated in Fig. 6. The response at each hydrophone
due to the probe pulse only in Fig. 5 is autocorrelated, giving
the effective result of a single symbol of the communication
stream in isolation. The thin line in Fig. 6 shows the average
energy level in these autocorrelated probe signals obtained by
averaging the magnitude squared of the complex envelopes
(i.e., incoherently averaging the autocorrelated responses
across the array), and converting to dB. There is a sharp central
peak, but also significant side lobe structure. The side lobes
are a consequence of the responses from the different acoustic
paths, visible for each waveform in Fig. 5, correlating with one
another. Since each hydrophone samples a different multipath
structure, each will have different side lobes. By taking the
coherent sum across the array elements, as is done in passive
phase conjugation, the contribution from the side lobes is
effectively reduced relative to the central peak. This is shown
in the thick line in Fig. 6, which is the magnitude squared of
the complex envelope of the coherently averaged time series
in decibels. Reducing the side lobes reduces the ISI and hence
improves communication robustness. For independent multi-
path structures on each hydrophone, the theoretical processing
gain is dB, where is the number of elements in
the array. In this case, resulting in a theoretical gain of
roughly 11.5 dB, which is consistent with Fig. 6.

The probe pulses shown in Fig. 5 were cross-correlated with
the subsequent data as in (1). Adding the cross-correlated sig-
nals yielded the output of the processor, denoted as in
(2). Differential PSK (DPSK) was used to modulate the data
stream. To demodulate the measured , it is first multiplied
by a time delayed version of itself, , and the product
is then integrated over intervals of duration. The result is a
sequence of real numbers. In effect, differences in phase be-
tween a successive pair of symbols are translated into a real
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Fig. 5. Response along each element in receiving array from transmitted probe pulse. Also shown is beginning of response to data stream transmittedT = 50
ms later. Top time series is for shallowest array element.

Fig. 6. Autocorrelation of probe pulse. Thin line is incoherent average across
the array; dark line is coherent average. Coherent averaging reduces side lobes.

number [20]. As implemented, a positive value is interpreted
as a transmitted “one” while a negative value corresponds to a
“zero.” If the number is close to zero, the results are ambiguous
and the probability of bit error is higher. Fig. 7 is a scatter plot
showing the demodulated output plotted as a function of time.
A transmitted “one” is plotted as an “x” while a circle denotes
a transmitted “zero.” Initially, the positive and negative clusters
in Fig. 7 are widely separated. The distance between the clus-
ters decreases, but stabilizes after about 0.5 s. The two clusters
remain separated and the communication is, in fact, error free;
each “x” lies above the zero line while each circle lies below it.
For the present scenario, the environment is sufficiently benign
that a five-second-old probe pulse can still be used to recover a
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Fig. 7. Demodulation output, benign conditions. Dark “x” indicates transmitted “one,” shaded circle indicates transmitted “zero.” Range to receiving array is
0.46 km, SNR as defined in text is 24.1 dB. Clusters of symbols are isolated from each other and communication is error free at 2.15 kbits/s.

Fig. 8. Demodulation output, windy conditions. Range to receiving array is 0.92 km, SNR= 8.1 dB. Communication is error free for 0.474 27 s (1032 symbols)
before two clusters begin to merge.

data stream even in the presence of the multipathing implied by
Fig. 5. The data rate is less than the theoretical maximum only
because of the short time, 50.46 ms, necessary to
send the probe pulse and wait for the channel to clear.

Fig. 8 shows an example of the demodulation output deter-
mined under less benign environmental conditions. The R/V
Miller and R/V Henderson were in one- and two-point moors,
respectively, with the range increased to 0.92 km. The wind
speed was 8 m/s and breaking waves were observed. The esti-
mated SNR decreased to 8.1 dB. The first bit error in Fig. 8 oc-
curs at 0.474 27 s, and shortly thereafter the two clusters merge.
In such an environment, successful communication would re-
quire breaking long data sequences into approximately 1000-bit
sections and inserting new probe pulses.

For the cases shown in Figs. 7 and 8, the nominal water
depth was 30 m with only mild changes in bathymetry between
the source and the receiving array. In order to test the method
in a strongly range-dependent environment, the source was
moved so that the propagation path straddled a 78-m deep
cavity. Fig. 9(a) shows the bathymetry where the range between
the source and receiver is 1.6 km. Superimposed on the figure
is a ray trace. Shown are rays leaving the source at launch
angles between 30 with 1.5 spacing. Rays hitting the far
end of the cavity are made steeper thereby reducing the cycle
distance between bottom interactions. A ray is removed from
the calculation after six bounces off of the bottom. Examination
of the measured response along the receiving array (not shown)
reveals a dense structure of multipaths arriving over a relatively
short time. The late arrivals effectively blend into the noise after
20 ms. This should be compared to Fig. 5 where late arrivals are
still being detected up to 50 ms after the first arrival. A shorter
effective time spread should reduce the ISI between transmitted
symbols widely separated in time. Fig. 9(b) is a scatter plot
of the measured demodulation output for this case. The two

clusters are widely separated over the entire 5-s window and
the communication is error free.

B. Drifting Source

In another suite of measurements, the R/V Miller was allowed
to drift as it transmitted. This increases the source motion and
is more representative of an acoustic communications scenario
with a slowly moving ROV. The R/V Henderson was in a two-
point moor in 30-m deep water. The array spacing was 2.0 m.

Fig. 10 shows the scatter plots for several transmission se-
quences. In all cases, a single probe pulse was followed by a
50-ms guard delay and a 5-s long telemetry stream. In Fig. 10(a),
the water depth at the R/V Miller is 60 m and the range to the
receiving array is 1.5 km. Occasional wave breaking was ob-
served and the wind speed was 5 m/s. The calculated SNR was
11.8 dB. The two clusters are well separated and the communi-
cation is error free. Fig. 10(b) shows results measured 36 min
later. The R/V Miller was repositioned to range 2.5 km at depth
96 m, and again allowed to drift. The wind had increased to 7 m/s
with higher gusts and the SNR was reduced to 5.5 dB. The two
clusters remain separated for 2.5 s before they merge. Fig. 10(c)
shows results measured 86 s later. The SNR had improved to 9.3
dB. In this case, the two clusters remain separated for the entire
5 s.

These results for a drifting source can be understood by
considering the size of the retrofocus of an active time reversing
array in the same environment. Neglecting for the moment
ocean surface dynamics and array motion, the size of the
retrofocus region for the active case is set by the frequency
content of the signal and the characteristics of the waveguide.
For passive phase conjugation, the probe’s retrofocus region
is the region of space where the correlation of array-received
probe signals from the same source at different locations would
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Fig. 9. Communication over varying bathymetry. (a) Bathymetry and ray trace. (b) Demodulation output, SNR= 8.1 dB.

Fig. 10. Demodulation output for drifting source scenario. (a) Range 1.5 km, drift rate 0.4 m/s, SNR= 11.8 dB. (b) Range 2.5 km, drift rate 0.5 m/s, SNR= 5.5
dB. (c) Range 2.5 km, drift rate 0.5 m/s, SNR= 9.3 dB, measurement made 86 s after previous case. See text for details.

be high. In underwater waveguides, such active or passive
retrofocus regions are typically elongated in the source-array

and cross-range directions compared to the depth direction
[11], [21]. Consequently, passive phase conjugation-based
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Fig. 11. Segmented data stream. Length of guard delayT varied after 250 ms segment of data. (a)T = 100 ms, SNR= 10.9 DB. (b)T = 150 ms, SNR=
11.2 dB. (c)T = 200 ms, SNR= 12.7 dB. See text for details.

TABLE I
SUMMARY OF FIG. 11 RESULTS. MEAN MAGNITUDE OF DEMODULATION OUTPUT WITH STANDARD DEVIATION, DATA RATE, AND ERRORRATE

communication systems may be effective as long as the drifting
source stays at the same depth and does not move beyond
the retrofocus region defined by the most recent probe trans-
mission. Obviously, reprobing is necessary once the source’s
drift distance exceeds the probe’s retrofocus size. A simple
calculation is instructive: assuming a 0.5 m/s drift rate, a center
frequency of 15 kHz and a nominal sound speed of 1500 m/s,
over the course of 5 s a drifting source would move 25 wave-
lengths. The successful results in Fig. 9 demonstrate that source
motion at these scales does not destroy the communication
process. For the cases shown, the factor limiting successful
communication appears to be changes in the environment
rather than excessive source drift.

C. Segmented Data Stream

Eventually, a measured probe response no longer correlates
with a measured data stream. This might be because of source
and/or receiver motion, or because the propagation environment
changes. A relatively low SNR might exaggerate the problem.
To send data sequences that are longer than the acoustic decor-
relation time, it is necessary to break up the data stream into

shorter segments and intersperse new probe pulses. For mea-
surements reported in this section, the data were broken into
543-bit sequences so 250 ms. This is a conservative
choice relative to the decorrelation time observed in the previous
sections. After each data sequence, a guard delay of duration
(Fig. 3) is introduced, followed by a new probe pulse, another
guard delay 50 ms, and additional data.

For the results reported in this section, both the R/V Miller
and R/V Henderson were moored. The range was 0.65 km and
the water depth was 30 m. The receiving array was deployed
with 1.7-m spacing between the elements. The wind speed was
6 m/s and the water column remained nearly isovelocity.

Fig. 11 shows the demodulation output for various values of
, the guard delay after a data segment. Consider Fig. 11(a)

where 100 ms. The two clusters are well separated for the
first data segment, time less than 250 ms. The clusters for subse-
quent data segments, however, are closer together. While gen-
erally still separated, some symbols are ambiguous; there are,
in fact, two bits that are incorrectly demodulated. The situation
improves in Fig. 11(b) where 150 ms the later data seg-
ments are more widely separated than in Fig. 11(a). There are no
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bit errors in this case. Finally, in Fig. 11(c) the guard delay has
been increased to 200 ms. The subsequent data clusters
are nearly as well separated as the first and the communication
is error free.

Results for the three cases shown in Fig. 11 are summarized in
Table I. The mean value of the magnitude of the demodulation
output is tabulated with the associated standard deviation. (To
remove bias and better compare the results for different values
of , the first data segment, time less than 250 ms, have been
excluded from the calculations.) The magnitude of the demodu-
lation output increases with increased guard delay. Also tab-
ulated are the data and error rates. Increasingincreases the
accuracy at the cost of a small decrease in efficiency.

The separation between the clusters in Fig. 11 increases with
and the communication becomes more reliable. The obser-

vation that the delay after a data segment needs to be larger than
the delay after a probe pulse can be understood as follows. The
energy in a received probe seems to die out after a relatively
short time, 50 ms in the example shown in Fig. 5. In reality, a
small amount of energy remains. These late-arriving paths are
buried in the ambient noise and not observable when the probe
is transmitted alone. However, when hundreds of data symbols
are transmitted back-to-back, the late arrivals can add and pro-
duce an energy level above the ambient noise. This late-arriving
energy can corrupt the next probe signal whenis too small.
Consequently, it is necessary to wait longer for the channel to
clear completely after a long data sequence.

IV. CONCLUDING REMARKS

Experimental results have been presented demonstrating
the passive phase conjugation method for underwater acoustic
communication. The method uses an array of receiving hy-
drophones. In contrast to active phase conjugation, the array
needs only receive and not also transmit. The method makes
use of a measured probe pulse to characterize the acoustic
environment and thereby exploit multipath propagation. As the
ocean changes, it becomes necessary to re-estimate the channel
impulse response for each of the receiving hydrophones. The
simplest method for getting new estimates, and the one pursued
in this paper, is to break-up a long data stream and insert new
probe pulses.

One of the strengths of passive phase conjugation is its com-
putational simplicity. Coherent communication methods based
on adaptive equalizers, by contrast, often have a significant com-
putational burden. The number of tap delays is typically on the
order of 100 or more, and the weights for these delay lines
must be constantly adjusted. The adjustments required in pas-
sive phase conjugation are less frequent and can be accom-
plished by simply transmitting a new probe pulse. A hybrid
system could likely be developed where the output of the passive
phase conjugation processor is fed into an equalizer. This might
correct for residual ISI or Doppler effects. The goal would be to
develop an equalizer with a much-reduced number of taps.

The length of time needed to clear the channel for an ac-
ceptable error level depends on range, signal type, number of

symbols, length of transmission, ambient noise, and environ-
mental conditions. Further investigation will produce guidelines
for the number of symbols that can be sent before reprobing and
the length of the guard delay before another data segment can
be transmitted under various environmental conditions. We will
also investigate issues regarding data rate and computational
complexity when the channel impulse response is discerned by
continuous adaptive estimation rather than reprobing.
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