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Abstract—A method for acquisition of direct sequence spread spec-
trum (DSSS) signals based on a minimum mean-square error (MMSE)
receiver is presented. An adaptive decision feedback equalizer (DFE),
operating at the chip rate, uses the known spreading code as training
data. A fixed number of un-modulated code periods is transmitted
for acquisition purposes. An arbitrarily chosen initial code timing is
hypothesized, and this timing is used to adapt the DFE and despread
the chip estimates at its output. When the despreader output exceeds
a threshold, lock is declared, and the receiver switches from acquisi-
tion to tracking mode. If the threshold is not exceeded during a pre-
specified amount of time, a different initial timing is hypothesized, and
the receiver is re-initialized. The locally generated code can be ad-
vanced by a number of chips that is proportional to the length of the
feedforward equalizer filter. The MMSE receiver also automatically
acquires and tracks the Doppler shift that results from source-receiver
motion using a phase-locked loop and integrated sample-rate inter-
polation. Code acquisition is demonstrated using experimental data
with length 63 Kasami sequences transmitted at a chip rate of 10 kHz
for a resulting data rate of 150 bps. Up to 8 simultaneous users are
reliably acquired and demodulated using the recursive least-squares
(RLS) update algorithm.

I. INTRODUCTION

The code-division, multiple-access (CDMA) approach
to multi-user communication has become very common in
radio-frequency systems. While time-division, multiple-
access (TDMA) is also extremely common, and increas-
ingly so as GSM mobile telephone systems expand, CDMA
holds significant promise for underwater acoustic commu-
nications because it does not require precise time slot con-
trol. Timing control is difficult to establish reliably under-
water because of the very slow speed of sound, while RF
propagation delays in the atmosphere are by comparison al-
most insignificant, further motivating use of code-division.
Two code-division methods are normally proposed for
underwater spread-spectrum systems, frequency-hopping
(FHSS) and direct-sequence (DSSS). While frequency-
hopping offers the potential for simple receivers, it is un-
likely to offer as effective use of bandwidth as phase-
coherent signaling, thus providing incentive for research on
viable DSSS receivers.

DSSS CDMA techniques are potentially viable for high-
capacity multi-user systems and highly-spread, low-rate
systems which aim to minimize the probability of detection
by others. However, in contrast to terrestrial radio chan-
nels, the underwater acoustic channel offers little bandwidth
(10 kHz rather than 1 MHz typically), and significant inter-
symbol interference (ISI). Methods used in wireless mobile
communications have traditionally been simple due to ne-
cessity, but attention has increasingly focused on more so-
phisticated direct-sequence receivers that include adaptive
equalization. Techniques developed for RF systems that

take into account the potential for extensive multipath are
potentially applicable to the underwater channel, and the
literature contains numerous examples of adaptive receivers
for DSSS CDMA, for example [1].

The application motivating the work presented here is
communication between multiple underwater systems, both
fixed and mobile, operating in shallow (200 m) or very
shallow (15 m) water and the surf-zone. The propagation
of acoustic signals in this environment invariably includes
multipath, typically with 5-25 msec spread, but at close
range in water depths of 100-200 m it may span 50-100
msec. Unlike deep-water propagation where the arrivals in-
clude only the direct path and a much-later bottom or sur-
face bounce, shallow-water multipath often includes many
rays of similar amplitude arriving close together. The inter-
action of acoustic signals with an energetic surface wave
field further complicates propagation and increases time
variability.

Previous work by the authors in phase-coherent,
multiple-access receivers for underwater acoustic commu-
nication described in [2] and [3] focus on signal processing
aspects of multipath equalization and interference suppres-
sion and assume that initial synchronization is already ac-
complished or done with side information. In the previous
work a probe signal (FM sweep) was used to determine the
starting time of a data packet. While the adaptive equalizer
used in both [2] and [3] is similar, the spreading approaches
are significantly different. In [2], a low-rate block code was
used to provide coding gain against multi-access interfer-
ence, while in [3] and [4], standard spreading codes were
used. Timing acquisition suitable for the low-rate block-
code approach remains an open problem. In this paper,
we combine the principles of adaptive chip-rate decision-
feedback equalization with a serial timing acquisition tech-
nique and present a solution for DSSS acquisition without
side information. When combined with the hypothesis-test
receiver of [3] a complete system may be realized.

The paper is organized as follows. Sec. II is a discussion
of DSSS acquisition issues for underwater acoustic com-
munications. Sec. III presents the system design and the
algorithm for MMSE timing acquisition. Sec. IV is devoted
to demonstrating the algorithm performance using in-water
data. Finally, Sec. V summarizes the paper and outlines
directions and issues to be addressed in future work.

II. DSSS ACQUISITION

The DSSS acquisition problem includes the estimation
of signal parameters necessary to start the next phase of
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the receiver which may perform further refinement before
switching to tracking mode. The signal parameters to be
estimated are the delay τ , and frequency shift ω due to
Doppler, but the resolution requirements depend upon the
type of receiver used after acquisition switches to tracking.
While RF systems with very high chip rates (often in excess
of 1 MHz) may search for the code offset τ using sophis-
ticated serial search methods [6], [7], the relatively mod-
est chip rates of acoustic systems (1-20 kHz) allow for use
of a simple sliding correlator implemented as a matched-
filter in either the time or frequency domain. The length
of the spreading code and the maximum expected Doppler
shift controls the number of frequency shifts that must be
searched and whether or not the replica code must be dilated
or compressed in time to match the hypothesized Doppler.

For many underwater DSSS systems this approach is
perfectly adequate. However, it requires that (1) the code
length be longer than all of the channel delay spreads that
will be encountered, and (2) the spreading gain is adequate
to allow unambiguous detection of the desired signal un-
der un-equal power situations or when multiple users are
present. The unequal power situation is known as the near-
far problem, and it is particular difficult to solve in under-
water networks because high-rate power control is nearly
impossible due to the long propagation delay and because
channel access is single duplex. Our system design goals
include multipath channels and mobile underwater vehicles
at arbitrary ranges and thus neither condition will be satis-
fied. Further, the adaptive equalizer proposed in [3] miti-
gates these effects to a large extent (in particular when mul-
tiple hydrophones are available), and so the acquisition sys-
tem must have similar capability. It should also be noted
that the receivers under consideration are all single-user re-
ceivers in that they do not require or have the capability
to use information about other users. Multiuser receivers
simultaneously decode data from all users and may sequen-
tially decode and then remove the signals, beginning with
the strongest. These techniques require channel estimation,
making them difficult to use in dynamic multipath. The
motivation for adaptive single-user receivers is discussed in
additional detail in [1].

A number of adaptive methods for acquisition have been
described in the literature. One uses an LMS adaptive filter
combined with a serial search [8]. The adaptive filter op-
erates in training mode, and the symbol-rate output of the
despreader is used to generate an error signal that is used to
update the filter. The mean-square error is used as an indi-
cation of convergence, and if it is low enough the LMS filter
is examined to find the best time delay estimate. When the
MSE does not satisfy the convegence criteria a new timing
estimate is postulated and the process begins again. This
approach is conceptually similar to that proposed in this pa-
per, though the details of the receiver differ significantly.

Two other DSSS acquisition techniques also use MMSE
criteria, [9] and [10]. In [9] short spreading sequences are
combined with a parallel approach to estimation of symbol
timing, while [10] uses a serial method and matches the fil-
ter length to the spreading sequence length, which must be
fairly short if convergence is to be attained. As with [8], the
filter is cross-correlated with the desired user’s sequence to

get the final estimate of time delay. As will be demonstrated
later in this paper, in [10] the RLS algorithm was found to
provide convergence superior to that of LMS.

III. MMSE ACQUISITION ALGORITHM

The acquisition method proposed here is intended for ap-
plications where no side information is available, e.g. where
bandwidth constraints are present or in LPI systems where
the chip SNR is very low. The signal for the desired user
includes a synchronization phase where a series of symbols
that are not modulated with data are transmitted. The re-
ceiver must estimate the symbol timing during the synchro-
nization phase. After acquisition the receiver switches to
tracking and provides demodulated data to subsequent lay-
ers in the communication system that perform soft or hard-
decision error correction decoding and data framing. Thus
the acquisition algorithm only needs to provide symbol syn-
chronization within the number of un-modulated symbols
alloted for timing recovery.

For a hypothesized initial timing estimate, the adaptive
receiver is applied over an interval of time equal to a cer-
tain number of chips. If the timing estimate is close to the
correct one, such that the useful signal is within the span if
the filter, the adaptive equalizer will be able to converge. If
not, erroneous operation will be observed through monitor-
ing of the output of the de-speader, and a different sequence
timing will be tested. An additional feature of the adap-
tive receiver is that it automatically performs phase syn-
chronization. Integrated compensation of carrier shift as an
integral part of the adaptive MMSE receiver eliminates the
need for explicit phase synchronization that would have to
be performed prior to acquisition in a conventional spread
spectrum receiver.

While Kasami sequences of length 63 are used in the ex-
amples considered here, any short spreading sequence may
be employed. The special properties of Kasami sequences
are not exploited in the receiver, and Gold codes or ran-
domly selected sequences may also be used with similar
results.

The proposed acquisition process is shown in Fig. 1. The
algorithm is based on the single or multi-channel decision
feedback equalizer as described in [2] and [3]. The equal-
izer uses a number of un-modulated spreading sequences c
as training data and after processing N chips, where N is
the length of the code, the vector of soft chip decisions d̂ are
de-spread. The value c′d̂ is then compared with a thresh-
old used to establish whether or not lock as been achieved.
If lock is established then the receiver switches from train-
ing mode to decision-directed mode where the modulated
spreading sequence c is fed back to the equalizer with a
one symbol delay (N chips). The delay has a small effect
on tracking ability in a time-varying environment, but can
be removed by operating two simultaneous equalizers using
the method described in [3].

Four parameters govern the operation of the receiver: the
length of the feedforward filter, the maximum number of
code periods to train, the detection threshold used to es-
tablish lock, and the number of chips to advance when the
receiver is not locked after the number of code periods to
train has been exceeded.
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ĉ(n)�

Input
Data

n
Channels

Yes

No

Advance byGenerator

Sequence

De-Spread
N Chips

Adaptive

DFE

Chip Estimates

Fig. 1. MMSE Acquisition block diagram. The adaptive DFE may use any update algorithm, for example RLS or LMS, and also includes a 2nd order
PLL.

When the code period is approximately of the same
length as the feedforward filter, acquisition may be accom-
plished at a single initial timing estimate when the signal
is present. Otherwise multiple timing hypotheses will be
required, potentially increasing the acquisition time. The
number of un-modulated symbols that are transmitted is
related to the mean time to acquire. Unfortunately, the
mean time to acquire is very difficult to estimate in a time-
varying channel and a conservative estimate of the num-
ber of required symbols must be used. Faster acquisition
can be accomplished by operating in parallel with multi-
ple initial timing hypotheses. A further complication is the
rate at which different adaptive filter algorithms used in the
DFE converge. For example, the RLS algorithm converges
quickly, but it is more computationally complex than algo-
rithms from the LMS family. In this paper the adaptive step
size version of the LMS algorithm is used [11].

For low-power systems operating on UUVs or in au-
tonomous instruments, low complexity is preferred and a
serial approach is proposed. As a design example, consider
a 63 length spreading sequence, feedforward filter width
of 40 fractionally-spaced taps (20 chips), and an equalizer
convergence time of four spreading sequence lengths (252
chips). In this case, at most four initial chip timing hy-
potheses will be required in the absence of noise, and so
the maximum time to acquire when the signal is present is
1000 chips. A typical shallow-water channel with a large
array might require more symbols for convergence, perhaps
doubling the the number of chips necessary for acquisition.
At 5000 chips per second 0.2-0.5 s will be devoted to ac-
quisition, which is reasonable if the packet length is on the
order of five or more seconds, and at high spreading rates
data transmissions may be much longer to be efficient.

Note that a DSP system that can support a DFE in real-
time to receive data using a multi-channel array can be con-
figured to operate the serial acquisition system in real-time
as well. Thus there is no significant additional computa-
tional burden for acquisition since it uses the same signal
processing elements, slightly re-configured for sequential
timing acquisition. This is not the case for parallel ac-
quisition, where the equalizer burden may be several times
that required for real-time reception. For example, the case
where 252 chips are alloted for acquisition at a given timing
estimate and where the timing estimate is moved by 20 taps
each time requires more than 10 times the computational

capability of the receiver operating after lock is achieved.

IV. RESULTS

The acquisition method was testing using signals trans-
mitted between two slowly drifting boats operating at short
range (less than 1 km) in shallow water (20 m). The chip
rate is 10 kHz and the carrier frequency is 25 kHz. The
length 63 Kasami sequence was used for spreading, and 8
users were transmitted sequentially from one platform and
received on a 4 element array with non-linear spacing (0.3,
0.6 and 0.9 m between elements 1-2, 2-3, 3-4 respectively).
MMSE acquisition using a multi-channel DFE structure al-
lows using all four hydrophones for both acquisition and
detection. This can be a significant advantage, in particu-
lar when multipath creates extensive interference between
adjacent symbols and multi-channel combining can reduce
the ISI.

The data consists of short packets, each with 16 un-
modulated sequences for use in acquisition, followed by
150 random data bits with spreading sequence applied. For
initial capture and synchronization an FM sweep was trans-
mitted prior to each packet. The FM sweep used 10 kHz
bandwidth and was 200 msec long. The SNR is very high,
but extensive multipath is present. A full view of the multi-
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Fig. 2. Impulse response on one hydrophone channel for User 8. The
rocky bottom and close range creates a very reverberant environment.
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Fig. 3. Impulse response for User 1.
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Fig. 4. Impulse response for User 2.

path is shown in Fig. 2, and a close-up of the multipath on
all four channels for users 1 and 2 are shown in Figs. 3 and
4.

A. Correlator Results

The proposed MMSE method is intended for use in appli-
cations where conventional matched-filter approaches will
not work. Thus it is first instructive to examine the output of
a sliding correlator with just two users operating at approx-
imately equal power when significant ISI is present. Fig. 5
shows the correlation of a two-user signal with their respec-
tive codes. The length of the spreading code is just 6.3
msec, and while the three major arrivals span approximately
this same period, additional low-level arrivals extend much
further in time. Thus the correlator output at equal power in
Fig. 5 is not nearly as unambiguous as would be the case in
an environment with less multipath.

As the power difference between two users grows, the
ability of the correlator to unambiguously identify the de-
sired user is reduced. For example, when user 2 is increased
to 7 dB higher power than user 1, the correlator for user 1
is not effective at all (Fig. 6). Thus, at best, the correlator
approach will allow for two users of approximately equal
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Fig. 5. Correlator outputs for user 1 (top) and 2 (bottom) when they both
have near-equal power.

power. To support more users in this channel the length
of the sequence must be lengthened so that the ISI will be
resolved within the length of a spreading sequence. This
has the undesired side effect of reducing data rate. Alterna-
tively, a different method must be devised for acquisition in
the presence of interfering users.
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Fig. 6. Correlator output for user 1 when user 2 has 7 dB higher power.

B. MMSE Acquisition and Decoding Results

The use of the MMSE method is demonstrated using both
the RLS and adaptive step-size LMS update algorithms.
Two different scenarios are explored, two users with dif-
ferent power levels and multiple users (up to 8) with ap-
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Fig. 7. Comparison of RLS and LMS algorithm convergence with 2 users.

proximately the same power level. In the tests done here
the performance of the receiver after switching from acqui-
sition to tracking mode is monitored to ensure that lock was
successfully achieved and maintained throughout the data
packet.

The tests are configured in all cases so that the de-
sired user is always user 1. Signals from other users are
added such that they are not chip synchronized and they are
present prior to the start of the un-modulated data from user
1. The acquisition algorithm is initialized to start at, or just
after, the desired user begins transmitting. The number of
feedforward taps is 40 (20 symbols), and 10 feedback taps
are used.

RLS versus LMS Acquisition. The advantages of RLS
over LMS for fast training and tracking are well known [11]
and have been demonstrated for the underwater acoustic en-
vironment as well [12]. In Fig. 7 the acquisition perfor-
mance of each is compared on the same data set with two
approximately equal-power users. The symbol amplitude
after despreading is normalized such that perfect correla-
tion is 1. Use of a conservative acquisition threshold of 0.4
results in a time to acquire (essentially the time to train) for
RLS that is half that required for LMS. While the perfor-
mance difference between the two will vary with the num-
ber of filter taps, channel variability, and adaptation param-
eters, this result is typical. As postulated in the design ex-
ample above, the number of symbols necessary to acquire
is four when LMS is used, and just two for RLS from the
point when the receiver encounters the start of the desired
user’s signal.

LMS Acquisition. The performance of the acquisition
algorithm using LMS for equalizer adaptation at several dif-
ferent two-user power ratios is shown in Fig. 8. The time
to when the output of the despreader exceeds the threshold
varies from 3 to 5 periods. The LMS version does not per-
form nearly as well as RLS, but offers adequate two-user
performance when their power levels are similar.

RLS versus LMS Demodulation. Just as RLS offers
faster initial training, RLS tracks faster and offers better
performance in a time-varying environment. This is demon-
strated in a test where the same two users are combined and
demodulated for user 1 with different power ratios to the
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Fig. 8. LMS acquisition performance with 2 users at different power ra-
tios.

−6 −4 −2 0 2 4 6 8 10 12
8

10

12

14

16

18

20

22

24

User 2 to User 1 Power Ratio (dB)

S
N

R
 a

fte
r 

D
e−

S
pr

ea
di

ng
 (

dB
)

User 1 Receiver Performance vs. User 2 to 1 Power Ratio

LMS
RLS

Fig. 9. Comparison of RLS and LMS algorithm performance with 2 users
at different power ratios. Both receivers achieve greater than 22 dB
output SNR when the desired user has 6 dB higher power than the
interferer.

second user. In Fig. 9 the ratio of interferer to desired user
is varied from -6 dB (desired user has higher power), to 10
dB (interferer is significantly higher). The LMS receiver
was unable to demodulate successfully in all cases, but the
results show that at low interference ratios the performance
difference is also low. However, when the second user’s
power is considerably higher RLS works when LMS will
not.

RLS Performance with 3 to 8 Users. Successful ac-
quisition and detection in the presence of up to 8 users (7
interfering) was demonstrated by summing all of the user
signals together. The desired user (1) was acquired suc-
cessfully and demodulated with 0 errors in all cases but one,
where there was a single bit error. The signals are not nor-
malized, simply added, so the output SNR is plotted with
respect to the sum of the other users’ power to show the lin-
ear relationship between input signal-to-interferer ratio and
output SNR (at least in this case).
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V. CONCLUSION AND FUTURE WORK

The MMSE acquisition approach presented here is a con-
ceptually simple way of acquiring un-modulated direct-
sequence spread-spectrum signals. It provides all of the
advantages of an adaptive DFE with integrated phase track-
ing, along with the complexity disadvantage inherent in that
method. However, previous work has shown the advantage
of adaptive processing [2] for multi-user spread-spectrum,
and when this approach is used for decoding the data, the
added sophistication of an adaptive acquisition approach
has modest impact on receiver complexity.

As described here, the method is best suited for use with
short spreading sequences as typically employed for multi-
user communication. The use of short spreading sequences
(for example, up to 255), allows the serial acquisition ap-
proach to be used efficiently, thus minimizing the computa-
tional complexity. In an application where low probability
of intercept is required, the use of short-period spreading
sequences is not desirable because they are easily identi-
fied by cyclostationarity detectors. Military DSSS systems
often use very long-period spreading codes to ensure that
the transmitted signal is as noise-like as possible. Fast tim-
ing acquisition of a long-period sequence is computation-
ally difficult because a parallel approach must be used. The
serial approach is possible, but it will be much slower be-
cause of the large number of possible timing estimates to be
tested.

Future work includes simplification of the method to take
advantage of symbol-rate processing when possible, and
reduced-complexity combining at the front-end to provide
initial multipath suppression prior to adaptive equalization.
Fast acquisition of long-period codes remains a challenge
with the system designer aided primarily by the fast decor-
relation rate of the high-frequency acoustic channel which
limits the required length of long-period codes.
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