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Abstract - Modulation and detection techniques
used for underwater acoustic communications include
phase coherent (PSK and QAM) and noncoherent
(FSK) techniques. The objective of this work is the
development of algorithms that can select the best
technique for a given channel. The system of interest
operates in shallow water over several kilometers in
the 10-15 kHz band. A wideband probe is used at the
beginning of each data packet to measure the multi-
path and the Doppler spread, as well as the SNR. The
choice of modulation is based on these measurements.
The spread factor of the channel determines whether
phase coherent communications are possible. If so,
an equalizer is employed to combat any intersymbol
interference. If the channel varies too rapidly, nonco-
herent signaling is chosen. Guard intervals are used
to eliminate the effect of multipath. Computer simu-
lations and theoretical analysis are presented to quan-
tify the performance of candidate modulation meth-
ods for varying channel parameters.

1. INTRODUCTION

For the past several decades, underwater acoustic teleme-
try has relied on the use of FSK modulation and nonco-
herent demodulation for data transmission. This type
of signaling generally provides robust performance in the
presence of channel time dispersion (multipath) and fad-
ing, but is hampered by its low bandwidth efficiency. The
development of powerful DSP processors during the past
decade has made it possible to implement complex adap-
tive equalizers that can be used in conjunction with phase
coherent modulation and demodulation (modem) tech-
niques, such as PSK and QAM, to achieve significantly
higher bandwidth efficiencies. However, phase coherent
modulation techniques are more sensitive to the effects
of channel multipath and fading and, as a result, their
performance degrades more rapidly under severe channel
distortion.

The problem that is being addressed in this paper
is the development of algorithms that select the most
appropriate modem techniques from a class of modem
methods, based on measurements of the underwater
acoustic channel characteristics. The modem techniques
include both phase coherent techniques such as PSK

and QAM, and noncoherent techniques that employ FSK
modulation.

Communication systems that adaptively select modu-
lation formats have been extensively studied for wireless
radio channels (e.g., [1]) and have also been considered
for underwater acoustic channels. An underwater acous-
tic multimodulation system described in [2] has a capa-
bility to use three modulation formats: PSK for vertical
channels, and chirp and frequency hopping for horizontal
channels. This system is not adaptive, in the sense that
modulation selection is made by an operator. A remotely
controlled unit is then programmed via an acoustic link.
More recently, adaptive modulation methods for under-
water acoustic communications have been suggested in
[3]. In this reference, an experimental system is described
in which a handshaking protocol is used to adaptively set
the signal power on a packet-by-packet basis, but the sys-
tem is based on a single FSK type modulation format.
Our study is aimed towards the development of a multi-
modulation system in which the choice of a modulation
method and its parameters is made autonomously, based
on the instantaneous measurements of signal quality.

General approaches to modulation selection are dis-
cussed in Sec.II. In Sec.IIl. a model of a time-varying mul-
tipath channel is developed. Performance of noncoherent
modulation/detection techniques is addressed in Sec.IV.
and performance of coherent modulation/detection in
Sec.V. Finally, concluding remarks are given in Sec.VI.

II. GENERAL APPROACH TO MODULATION
SELECTION

Our approach is based on the assumption that data is
transmitted in packets of some nominal size, and the
communication link between the transmitter and the re-
ceiver is half duplex. Each packet of information symbols
is preceded by a header, which includes a channel probe
that is used for measuring the characteristics of the chan-
nel. Based on such a measurement, the receiver decides
on the appropriate modem technique and corresponding
data rate. This information is conveyed to the trans-
mitter for use in the transmission of the next packet.
Although changes in modulation and data rate may be
made on a packet-by-packet basis, it is anticipated that
in a static environment, where the transmitter and re-



ceiver platforms are fixed, changes in the type of mod-
ulation/demodulation technique will be very infrequent.
However, if one or both platforms are moving, it is ex-
pected that changes in the type of signaling method used
for data transmission will be more frequent.

Two types of modem techniques are considered,
namely, phase coherent and nonchoherent techniques.
In the case of noncoherent modulation and demodula-
tion, we consider coded M-ary FSK (MFSK) with square-
law, soft-decision decoding and detection. In particular,
Hadamard-coded M-ary FSK is considered. As an en-
hancement to this modem, we also consider the introduc-
tion of a nonbinary outer code, which has the capability
of providing an additional 5dB to 6dB coding gain in a
Rayleigh fading channel. In such a modem, the param-
eters that can be adapted to the channel characteristics
include the data rate, through control of the amount of
code redundancy and the channel bandwidth, and the
selection of the time guard bands.

In the case of phase coherent modulation, the types
of signal modulation that are considered are PSK and
QAM. A convolutional code of rate 1/2 may be included
with phase coherent modulation. The receiver employs a
decision-feedback equalizer (DFE), which is initialized at
the beginning of each packet by a training sequence. The
equalizer adaptation algorithm is taken from the RIS
family.

The choice of the type of modulation, phase coher-
ent or noncoherent, is based on the channel parameters
extracted from the channel measurement. The chan-
nel probe signal is a wideband signal that provides a
measurement of the channel scattering function from
which we extract the channel multipath response and
the Doppler spread of the resolvable multipath compo-
nents. The channel is modeled as a tapped-delay-line
filter with randomly time-varying coefficients. The value
of the Doppler spread is related to the rate of time vari-
ations in the channel response. If the channel impulse
response is varying rapidly, the adaptive equalizer must
also have the capability of tracking the rapid time vari-
ations. Hence, the degree to which the equalizer can
obtain a reliable estimate of the intersymbol interference
(IST) caused by the multipath is determined by the spread
factor of the channel, defined as the product between the
Doppler spread By and the multipath spread 7,,. This
factor must be of the order of 0.001 or smaller to en-
sure that the adaptive DFE obtains a reliable estimate of
the ISI. Hence, the channel spread factor of the primary
(large energy) resolvable multipath components and their
corresponding total signal power will be used to decide
on whether or not phase coherent communications would
provide reliable transmission and the corresponding pre-
dicted error rate performance.

When channel time variations and multipath condi-
tions preclude the use of coherent modulation, the re-

ceiver determines that coded noncoherent MFSK will
be the method for transmitting and receiving the data
reliably. Based on the channel multipath and Doppler
spread, the receiver determines the guard bands, and the
amount of redundancy, hence the data rate, that will be
needed to achieve the desired level of performance.

If the Doppler spread is below the critical value, the
task of the adaptive modem is to decide on the exact
modulation format. This decision includes the choice of
the modulation and coding method, as well as the choice
of the bit rate. The resulting symbol rate plays a ma-
jor role in determining the performance of an adaptive
equalizer. The information gathered from the channel
probe is used to determine the parameters of the adaptive
equalizer. In particular, once the symbol rate is chosen,
the multipath spread determines the number of equal-
izer taps, while the Doppler spread influences the choice
of the tracking parameters.

III. CHANNEL MODELING FOR SIMULATION

The Doppler power spectrum of the channel can be mod-
eled either experimentally or theoretically. There are
several theoretical models that are widely accepted in
the theory of digital communications over time-varying
channels. These models are the Jakes’ model and the
auto-regressive (AR) models. The Jakes’ model [4] is one
of the most commonly used models for describing wire-
less radio channels. A second-order AR model has been
considered as a good match for the mobile radio channel
[5]. These models provide an analytic representation of
the Doppler power spectrum of the channel. We consider
for purposes of simulation a second-order AR model.

A test channel may be defined to reflect the geometry
of a system. The system of interest to the present study
is a shallow water network with bottom-mounted nodes
separated by distances of several kilometers. The chan-
nel is characterized by a direct and a number of reflected
paths. The relative delay between the longest propa-
gation path and the direct path defines the multipath
spread of the channel, which can be evaluated using a
simplified expression

N 2n2h?

Tm(n) cr

, nh/r << 1 (1)
where n is the number of surface reflections. Let us con-
sider a test channel with a depth h=50 m and a range
r=5 km. The speed of sound is taken to be ¢ = 1500
m/s. Using practical spreading, and the absorption coef-
ficient for the center frequency of 12.5 kHz, the average
path amplitudes, calculated from the channel geometry
are 1, 0.5, 0.08, 0.005, etc. Even though the loss due to
reflection is neglected in this calculation, the path energy
decays rapidly with increasing travel distance. For clar-
ity, we define the test channel as the channel containing



the direct and one surface-reflected path. The multi-
path spread in this case is T}, = 2h%/cr=0.67 ms. The
two paths are taken to be independently time-varying,
and each is modeled using a second-order Gauss-Markov
model, with a specified Doppler spread. Fig.1 shows the
simulated characteristics of the test channel. The di-
rect path has the Doppler spread of 0.001 Hz, while the
surface-reflected path has the Doppler spread of 1 Hz.
The Doppler spread is defined as the 3 dB bandwidth of
the Doppler power spectrum of the complex path gain
fading process.
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Figure 1. Simulated characteristics of the test channel.
Doppler spread is 0.001 Hz on the direct, and 1 Hz on the
surface-reflected path. Ratio of average path amplitudes is
1/2. Relative path delay is 0.67 ms, corresponding to one
surface reflection at depth 50 m and range 5 km. Channel
sampling rate is 600 samples/s. Second-order Gauss-Markov
model with critical damping is used for each path.

1V.  PERFORMANCE OF CODED MFSK
MODULATION WITH NONCOHERENT
DETECTION

In this section we evaluate the performance of Hadamard-
coded MFSK in a Rayleigh fading channel model which
consists of two independently fading paths with a differ-
ential path delay of T,, seconds. The first path has a
power level of 02 and the second path has a power level
of 2. The power levels of the two paths are normalized
so that

o?+o5=1 (2)

The MFSK tones have duration 7" which is selected
such that T >> T,,. To completely eliminate ISI, we
employ a time guard band equal to the multipath spread
T,.. As a result, a certain amount of signal energy is
lost due to the time guard band. The parameter that
provides a measure of the percentage of lost energy is

I
p=1-= (3)

The error probability for the coded MFSK signals is
upper bounded as [6]

Py < 2FPy(L) (4)
where
wo= (52 £ (1) (5) o
and 290 R,

"= 2<1 + Pbec)

Here, 43 is the average SNR per bit, R, = k/n is the
code rate and L = dp,;,/2 is the diversity in the code
with d,:, as the minimum distance.

Below, we illustrate the results for the Hadamard
H(20,5) code, which has a minimum distance d,;,,=10
and, hence, provides an order of diversity equal to
dmin/2=5. The codeword error probability is plotted in
Fig.2 for 02 /0?= 0.7, with p as a parameter.

We observe from the graph that the energy loss due to
the use of time guard band is very small. By repeating
this computation for different values of 03 /02, we found
that the effect of scaling the energy ratio 03/a? of the
two paths has a negligible effect on performance. The
error probability decreases as the reciprocal of the SNR,
per bit raised to the fifth (d,n,/2) power. A codeword
error probability of 107 is achieved with an SNR per bit
of approximately 21.5 dB.
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Figure 2. Bit error rate for Hadamard-coded MFSK with a
two-tap channel model. Path power ratio is 0.7.

The performance of the Hadamard-coded MFSK mo-
dem can be significantly enhanced by the use of an outer



code, which has the effect of increasing the minimum dis-
tance of the overall concatenated code. In particular, let
us consider the use of a dual-5, nonbinary convolutional
code as described in [6]. This is a rate 1/2 code which re-
sults in a factor of four increase in the minimum distance
of the overall code. Since the Hadamard H(20,5) code has
a minimum distance of d,,;, = 10, the concatenated code
has a minimum distance of 40. Hence, it provides an or-
der of diversity equal to 20, when soft-decision decoding
is employed at the receiver.

Fig.3 illustrates the performance of the concatenated
code compared with the performance of the H(20,5) code.
Also shown in the figure is the performance obtained
by repeating the H(20,5) codewords twice, denoted as
2H(20,5), which is an alternative method to the use of
a concatenated code. However, the repetition code, al-
though it has the same code rate as the concatenation of
the dual-5 code with H(20,5) code, yields a minimum dis-
tance of 20. Hence, the order of diversity achieved by the
repetition code is only one-half of the diversity achieved
by the concatenated code. Note that at an error rate of
1075, the concatenated code yields an improvement of
about 8 dB over the H(20,5) code and about 4 dB over
the repetition of the H(20,5) code.
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Figure 3. Performance of H(20,5) code, its repetition, and its
concatenation with a dual-5 nonbinary convolutional code.

V. PERFORMANCE OF COHERENT
MODULATION/DETECTION

To assess the performance of coherent modula-
tion/detection methods for a variety of channel condi-
tions and system parameters, a simulation has been con-
ducted. The system performance is evaluated on the test
channel defined in Sec.ITI.

Linear modulation with variable symbol rate is used.
The signals are filtered at the transmitter using a raised
cosine filter with a roll-off factor of 0.25. After pass-
ing through the channel, AWGN is added to the simu-
lated signals, with a specified SNR. The channel is time-
varying, but its statistical parameters (multipath and
Doppler spread) are fixed. The receiver uses an adap-
tive, fractionally-spaced DFE. The DFE coeflicients are
updated using an RLS algorithm, jointly with a second-
order digital phase-locked loop (PLL).

A. Equalizer Performance as a Function of Symbol
Rate

The task of the modem is to decide on the best mod-
ulation and data rate for a given channel. Setting the
modulation format to QPSK, we explore the choice of
the data rate in more detail. The test channel is charac-
terized by the multipath spread of 0.67 ms and a Doppler
spread of 0.001 Hz and 1 Hz on the two paths. These
values represent the physical channel parameters that
cannot be changed. Multipath spread causes ISI, while
Doppler spread causes time-variation. The received sig-
nal thus experiences frequency-selective fading, or time-
varying ISI. The extent of these distortions, however, can
be controlled by the choice of signaling rate. To illustrate
this fact, we look at three possibilities: signaling at the
rate of 300 symbols per second (s/s), 3000 s/s, and at
the maximum rate supported by the system bandwidth,
5000 s/s. The first choice will result in very little ISI
because the multipath spread is less than the symbol
duration, T;,, = 0.21". The other two choices result in
non-negligible ISI. At 3ks/s, the ISI spans 2 symbols,
while at 5 ks/s the signal experiences ISI which spans 4
symbols. At the same time, the channel time-variation
observed over the duration of a single symbol decreases
as the symbol rate increases.

Fig.4 shows the performance of the RLS/DFE on the
test channel. The receiver parameters are listed in the
figure. N denotes the number of T'/2 fractionally-spaced
feedforward taps, M denotes the number of feedback
taps. L denotes the forgetting factor of the RLS algo-
rithm; Ky and Ko denote the PLL proportional and
integral tracking constants, respectively. Pe denotes the
fraction of symbol errors in the data block. The output
SNR is measured from the estimated data symbols at
the equalizer output after convergence has been estab-
lished. Although there is very little ISI in this channel,
the receiver performance is poor. The reason for such
performance is the receiver’s inability to track the time-
variation of the channel.

A system that employs a signal selection algorithm can
measure the Doppler spread of the channel, or simply
observe that the estimated phase exhibits rapid changes
over the data block. Such a system can choose to trans-
mit at a different (higher) data rate. Fig.5 shows the
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Figure 4. RLS/DFE performance on the test channel. Symbol
rate R=300 s/s. Input SNR=20dB.

results of system simulation at the rate of 5000 s/s. The
receiver performance shows an improvement in this case.
The performance at 3000 s/s is similar. There are no
errors in the data block. Note that the physical channel
has not changed; the only parameter that has changed is
the symbol rate R. Because the rate is higher, the mul-
tipath spread encompasses a greater number of symbols,
and the receiver must employ an equalizer. M=4 taps
suffice in the feedback section of this equalizer.
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Figure 5. RLS/DFE performance on the test channel. Symbol
rate R=5000 s/s. Input SNR=20dB.

In general, the equalizer should choose the number
of taps M = [T,,/T]. Note also that the choice of

phase tracking constants is influenced by the symbol rate.
These constants need to be decreased proportionally to
the increase in the symbol rate.

By further increasing the data rate, the channel
changes would become negligible, and the ISI would be-
come the major factor that limits the system perfor-
mance, both through the noise enhancement and the im-
plementation complexity with associated stability prob-
lems of long equalizers. The simulation results illustrate
the tradeoff in choosing the signaling rate for a time-
varying multipath channel. Limited experimental results
that support these observations are documented in [7].
This reference also contains results of a theoretical analy-
sis that quantifies the system performance in terms of the
bit error rate as a function of SNR for varying Doppler
spreads on a Rayleigh fading channel.

In summary, the modem should choose a signaling rate
R = 1/T for which the normalized Doppler spread, BT,
is acceptably low and the ISI span, T, /T, is minimal. If
one sets the value of B4T as the system design parameter,
say ByT = 1074, the data rate can be determined after
estimating the Doppler spread By. For the so-obtained
data rate, the system will use the estimated multipath
spread, T,,, to determine the equalizer size.

B. Equalizer Performance as a Function of SNR

In the above examples, we have investigated the equalizer
performance as a function of ISI span and the rate of
the channel time variation. The SNR was fixed at 20
dB. This value is apparently high enough to warrant a
good performance, at least in the case of 5000 s/s. With
descreasing input SNR, the equalizer performance will
gradually degrade until the input SNR becomes too low
for the equalizer to establish convergence. Below this
point, coherent detection using equalization is no longer
a feasible communication method.

To determine the range of input SNR for which the
equalizer performance is acceptable, a simulation has
been conducted using the test channel. The equalizer
performance as a function of input SNR is summarized
in Fig.6. Shown in this figure are the output SNR curves
obtained for varying data rates. The output SNR is
the value measured from the sequence of estimated data
symbols at the equalizer output prior to decision mak-
ing. Each output SNR value is obtained by averaging
over 1000 independent channel realizations (noise and
fading). The results confirm that the equalizer perfor-
mance is generally better for increasing data rate. As
discussed previously, the reason for such behavior is that
the effective rate of channel time-variation decreases with
increasing signaling rate.

To define what is meant by ‘acceptable’ equalizer per-
formance, the overall system and its required bit error
rate must be considered. If the system uses coding, the
the role of the equalizer is to produce a sequence of es-
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Figure 6. Equalizer performance on the test channel as a
function of input SNR. Solid curve represents transmission at
300 s/s. Dashed curve represents transmission at 3000 s/s,
dotted at 5000 s/s.

timated data symbols that are reliable enough for use
by the decoder. These symbols need not achieve the re-
quired bit error rate. Consequently, rather than setting a
strict break-down value for the input SNR, we loosely de-
fine the useful range of input SNR. to include those values
for which the equalizer is at least capable of converging.
Simulations reveal that this condition is met at the out-
put SNR of about 5 dB or more. Although the receiver
performance is very poor, the equalizer does maintain
convergence. If coding is employed, the equalizer output
may be used by the decoder to extract the coding gain
and, thus, recover the transmitted information more re-
liably. Hence, we may say that the output SNR on the
order of at least 5 dB is required for ‘acceptable’ perfor-
mance. To relate this value to the input SNR, we must
look at the curves of Fig.6. FEach point shown on these
curves represents an average taken among a number of
different noise/fading realizations. The average is taken
only among those realizations for which convergence has
been established. (In cases when the equalizer is not able
to converge, the output SNR. cannot be measured mean-
ingfully.) For signaling at 3000 s/s, an input SNR on
the order of 10 dB is needed. For signaling at 300 s/s,
the rate of failure (relative number of packets for which
convergence could not be established) is high (about 0.1
throughout the investigated SNR region). Thus, coher-
ent signaling in this case is not a good choice.

VI. CONCLUDING REMARKS

The analysis presented in this paper aims towards the
development of a robust acoustic modem which will em-

ploy an algorithm for smart selection of signaling pa-
rameters to achieve a good trade-off in quality of per-
formance and data throughput. The first decision that
the modem makes is whether to use a coherent or a non-
coherent modulation/detection method. This decision is
based on the measurement of the channel Doppler spread
By and multipath spread T,. If B4T,, < 1073, the mo-
dem may use a coherent signaling method. Otherwise, it
resorts to a noncoherent signaling method. Coded M-ary
FSK is the noncoherent method of choice. Signal param-
eters, such as the guard intervals are selected based on
the measurement of the multipath and Doppler spread.
Coherent methods use PSK or QAM modulation. An
equalizer is often needed to suppress the ISI that arises
in shallow water channels at higher data rates. Signaling
rate R = 1/T is determined to provide a low normal-
ized Doppler spread, e.g., BT = 10~%, The measured
multipath spread is then used to determine the equalizer
size.

The performance of coherent signaling is limited by the
available SNR. and the nature of ISI. To provide reliable
signals for subsequent decoding, a DFE operating on a
test channel was shown to require at least 10 dB of input
SNR. Simulation, as well as analytical results, also show
that the equalizer performance improves with increasing
symbol rate. The performance of noncoherent methods
was investigated analytically. These results show that for
the same performance, coherent PSK requires a higher
SNR per bit than MFSK. The reason for this is that the
MFSK signal has higher diversity.

REFERENCES

[1] S.Sampei, “Applications of Digital Wireless
Technologies to Global Wireless Communica-
tions,” Prentice Hall, 1997.

[2] G.Ayela, M.Nicot and X.Lurton, “New inno-
vative multimodulation acoustic communication
system,” in Proc. Oceans’94, pp.292-295.

[3] A.Rice and V.McDonald, “Adaptive modulation
for undersea acoustic telemetry,” in Sea Technol-
ogy, May 99.

[4] W.Jakes, Microwave Mobile Communications,
IEEE Press, 1993.

[5] P.Dent, G.Bottomley and T.Croft, “Jakes fading
model revisited,” IEE Electronic Letters, June
1993, pp.1162-1163.

[6] J.G.Proakis, Digital Communications,
York: Mc-Graw Hill, 1995.

[7] M.Stojanovic, J.G.Proakis and J.A. Catipovic,
“Performance of a high rate adaptive equalizer
on a shallow water acoustic channel,” J. Acoust.
Soc. Amer., vol.100 (4), Pt. 1, pp. 2213-2219,
Oct. 1996.

New



TOWARDS ROBUST ADAPTIVE ACOUSTIC COM-
MUNICATIONS

A.Benson,' J.Proakis 2 and M.Stojanovic 3

I Office of Naval Research, Arlington, VA 22217

2 Delphi Communication Systems, Maynard, MA 01754
3 Dept. of Aeronautics and Astronautics, MIT, Cam-
bridge, MA 02139

Modulation and detection techniques used for un-

derwater acoustic communications include phase co-
herent (PSK and QAM) and noncoherent (FSK)
techniques. The objective of this work is the de-
velopment of algorithms that can select the best
technique for a given channel. The system of in-
terest operates in shallow water over several kilo-
meters in the 10-15 kHz band. A wideband probe
is used at the beginning of each data packet to mea-
sure the multipath and the Doppler spread, as well
as the SNR. The choice of modulation is based on
these measurements. The spread factor of the chan-
nel determines whether phase coherent communica-
tions are possible. If so, an equalizer is employed to
combat any intersymbol interference. If the channel
varies too rapidly, noncoherent signaling is chosen.
Guard intervals are used to eliminate the effect of
multipath. Computer simulations and theoretical
analysis are presented to quantify the performance
of candidate modulation methods for varying chan-
nel parameters.



