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1. ABSTRACT 
Multi-carrier modulation (MCM) has a significant potential for 
achieving high bit rates over multipath-distorted (frequency 
selective) channels and provides both power and processing 
efficiency. Each frequency channel has relatively low delay 
spread when measured in symbol units and can be equalized with 
low-complexity algorithms and simplified array processing. The 
reduction of the ISI span in each sub-channel allows for the 
application of sophisticated soft decision decoders optimal for 
joint channel estimation and data recovery such as maximum-
likelihood sequence detectors (MLSD) and adaptive BCJR MAP 
algorithm. The combination of pre-processing channel response-
shortening equalization and joint channel and data recovery were 
tested in shallow water acoustic communications experiments and 
showed very good performance. 

Categories and Subject Descriptors 
B.4.1. [Input/Output and data communications]: Data 
Communications Devices  - Processors, Receivers, Transmitters.  

General Terms 
Algorithms, Measurement, Experimentation. 

Keywords 
Signal processing, multi-carrier modulation, inter-symbol 
interference, equalization, MLSD, MAP, underwater acoustic 
communication. 

2. INTRODUCTION 
Multi-carrier modulation (MCM) is an alternative to standard 
single-carrier and adaptive equalization approaches for achieving 
high bit rates over multipath frequency selective channels [1]. 
Typically in MCM the symbol duration is not strictly specified by 
channel time spread as it is with Orthogonal Frequency Division 
Multiplexing (OFDM). The symbol duration can be short enough 
to make the system less sensitive to Doppler shift or spread, and it 

is typically shorter than the channel delay spread. At the same 
time the symbol duration may be long enough so that the channel 
delay spread spans a relatively small number of symbols and 
requirements for precise time synchronization are reduced. When 
the product of the delay spread and Doppler spread is less than 
one, the duration of the baseband symbol can be larger than the 
delay spread and shorter then inverse Doppler spread. In a 
practical system the optimal number of frequency channels and 
the symbol length can be adaptively set during handshaking at the 
beginning of a transmission.  
Multi-carrier modulation has a number of technical advantages for 
high-speed acoustic communications, including the fact that each 
frequency channel may be generated with a relatively narrow-
band high-efficiency transducer and amplifier, and for very 
broadband systems MCM also offers a means to fill the available 
spectrum efficiently. Thus MCM can compensate for frequency 
dependent attenuation. At the receiver, each MCM channel can be 
processed in parallel on a multi-core DSP processor.  

Beyond these obvious technical reasons there are specific signal 
processing advantages. Each frequency channel has a low delay 
spread relative to the symbol length, and can be effectively 
processed with a low-complexity equalizer with limited degrees of 
freedom. By narrowing the bandwidth of each carrier, the delay 
spread (expressed relative to symbol duration) can be reduced to 
the typical values for radio frequency (RF) channels. This 
reduction of the ISI span in each sub-channel allows for the 
application of sophisticated soft-decision multipath decoders, such 
as sequential decoders, maximum-likelihood sequence detectors 
(MLSD) and the BCJR MAP algorithm [3,4]. These algorithms 
are optimal for joint channel and data estimation, but their use 
with single-carrier wideband modulation in multipath 
environments is not practical due to the resulting high 
computational complexity. MCM enables optimal joint signal-
estimation and data-recovery algorithms, which operate in a 
manner similar to blind systems in that they do not require initial 
training data and can self-recover after bursts of errors. The joint 
channel-estimation and data-recovery algorithm is the central 
component of the MCM approach described in this paper.  

 

3. ALGORITHM FOR JOINT CHANNEL 
ESTIMATION AND DATA DECODING  
Joint channel estimation and data recovery has been considered by 
many authors [5-11] though the algorithm is too complicated for a 
direct implementation. The maximum likelihood sequence 
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decoder (MLSD) or Viterbi algorithm is a simple and effective 
approach to reducing computational complexity while retaining 
good performance. Although the algorithm uses a different 
optimization criteria than MAP (maximizing the likelihood of a 
data sequence), it has the advantage of making a decision before 
reaching the end of transmitted block of data. However, the 
MLSD algorithm needs to know or estimate the channel impulse 
response. The estimate obtained with the pilot and data signals 
transmitted simultaneously was analyzed in [1]. The channel 
impulse response estimate can be obtained for each possible data 
sequence or each data branch of the Viterbi algorithm. That 
approach is well-known as pre-survivor processing [9, 10]. It 
needs more computational power, but does not need additional 
energy for the pilot signal. The pre-survivor processing operates 
in a manner that is similar to the forward part of the optimal MAP 
algorithm. However, it is not the maximum likelihood algorithm 
for the whole block of received data because of the estimator filter 
has nonzero memory. The comparison of the crossing branch 
metrics ignores the estimators’ memory, which can evolve 
differently in later. The method was tested in [1] and shows good 
performance.  

The best estimation of the channel impulse response will optimize 
its likelihood )(YLL ô

H 0=! . If the a posteriori dispersion of 
channel pulse response estimate is ignored, then the expression for 
!L  has the form: 
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In that case, simpler algorithms for channel estimation can be 
applied, such as LMS or RLS adaptive estimators. The recurrent 
equation for the likelihood can be used in any sequential 
algorithm. The use of joint channel estimation and data recovery 
in the Viterbi algorithm was considered in several papers [9-11].  
The method used in [1] realized joint minimization of metrics 
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stochastic approximation, changing channel estimation on each 
step in the direction opposite to the gradient of the metrics. 

The dynamics of channel impulse response fluctuations usually 
have multiple time scales. In this dual-scale assumption the 
majority of the channel response energy is usually stable while the 
other part of it has much more rapid fluctuations. The precise 
spectral properties of the channel response, when they are known, 
can be included in a channel model and finally into an optimal 
estimation algorithm. In the structure of Viterbi algorithm dual 
(multi) scale models can be easily implemented in a form of a 
dual (multi) loop approach. The Viterbi algorithm makes a 
decision after a delay that is several times the channel delay 
spread when all possible trellis branches are practically merged in 
one. That decision applies for estimation of the main (stable) 
portion of the fluctuating channel parameters common for all 
Viterbi state metrics. Then that estimate is used as a priori 
information in each partial estimator. This makes estimations 
faster and decreases computational complexity as well. Partial 
estimators can be used only for a group of transitions with 
maximum metrics. All other metrics use joint estimation until 
their value will not start growing. Also, note that the equation in a 
form such as (12) includes inputs from a multi-channel 
hydrophone array. In that case matrix H  has in each column a 

sampled time response for each hydrophone output. Such 
algorithms are termed selected pre-survivor processing (SPSP). 
The simplified equations for the maximum-likelihood (ML) 

metrics )(mL
!

 of SPSP algorithm are: 
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where the top index indicates the state number or path, taking into 
account that in each state only one path with the maximum 
metrics will survive; dA is the predictor operator, we will assume 
that time response does not change for d steps. In the results 
presented here, a fractionally spaced receiver with two samples 
per symbol was used.  
.  
 
 
 
 
 
 
 
 
 
 

Figure 1. Comparison of pre-survivor processing (blue) and 
selected pre-survivor processing (red). 

 
The comparison between pre-processing filtering and the 
proposed SPSP modification is shown in a Figure 1. The 
propagation model includes three random Raleigh paths with 
standard deviation 0.5, 1.0, and 0.5, each zero mean with time 
spacing equal to a single bit duration. Monte-Carlo simulation 
used 50 realizations with of 1024 bit BPSK signals. Selected pre-
survivor processing used estimators only in three energetic data 
branches. The product of the Doppler frequency shift and the time 
of a single bit duration was 0.0001. The parameters of algorithm 
were: 01.0;1.0 == !" . In the example shown, selected PSP 
out-performed normal PSP by 3 dB in SNR. 



4. AN EXPERIMENTAL RESEARCH 
A series of sea experiments with different conditions and in 
different frequency bands has been conducted: 2005 Buzzards 
Bay  (22.5 – 27.5 kHz); 2007 AUVFEST07 (18-36 kHz, 26-38 
kHz), VHF07 (75-150 kHz); 2008 SPACE08 (9-14 kHz), 
RACE08 (9-14 kHz), GLINT08 (22.5-27.5 kHz). The objective is 
to explore the feasibility of the proposed approach to the 
communication system and to identify the main problems to be 
solved.  

The signals that were tested have similar structure but differ in 
bandwidth and carrier frequency. The available bandwidth was 
divided into 1, 2, 4, 8, 16, and 32 channels. The symbol lengths 
for each were varied by factors of two, so each of the six sets was 
approximately the same length in time. These six different signals 
were transmitted one by one separated by pauses and chirp signals 
for channel identification. Before the first transmission an M-
sequence phase-modulated signal and frequency swept signal 
were transmitted for initial channel parameter estimation. 
Digitally recorded experimental data was processed using 
MATLAB. Analysis began with data collected during an 
experiment in Buzzards Bay performed in 2005. The results at 
2000 meters range in 10 meters of water showed very promising 
results [1]. The subsequent experiments confirmed that the 
proposed system is reliable and robust and does not need initial 
training data or pilot signals and thus the feasibility of MCM was 
demonstrated by these tests. Although in many cases good 
performance is achieved, the bit error rate has a tendency to 
increase when the signal duration is larger than the delay spread 
(like an OFDM signal). In that case the delay spread completely 
disappears, there is no time interference, simply amplitude and 
phase fluctuation as noted in [1]. This means that working with 
zero ISI is unnecessary (and perhaps worse than a short delay 
spread) and that MCM typically has an advantage over OFDM. 
Some principal results from RACE08 and SPACE08 experiments 
are now reviewed below. 

The RACE08 experiment was conducted in the winter of 2008 at 
the University of Rhode Island in Narragansett Bay. 
Transmissions at 1000 meters in 9 meters of water were analyzed. 
The source was located approximately 4 meters above the bottom 
on a fixed tripod. The average sound pressure level was 179 dB. A 
receiver array was mounted on a tripod with the bottom of the 
array 2 meters above the sea floor. The array is oriented vertically 
and includes 12 hydrophones with 12 cm spacing between 
elements. The bandwidth of communication system was 5 kHz, 
and data rate was 2500 bps. The comparison of a single 
hydrophone receiver with multi-channel array receiver is shown in 
Fig. 2. The channel delay spread in that case was less then 4-5 
msec and even for single carrier frequency transmission the SPSP 
algorithm worked well. Although typical number of states was 

72 , the algorithm was reasonably fast with 92 states. The figure 
shows that the bit error rate is increasing with the number of 
frequency channels in MCM until the signal length becomes 
larger than the delay spread. Then the BER is stabilizing at a level 
corresponding to the usual OFDM case. It may be said that the 
communications performance of OFDM represents a worst-case 
situation of MCM. Although the signal to noise ratio was up to 17 
dB, it was fluctuating in different frequency channels and in some 
of them periodically was below the level that caused errors. Multi-
channel array processing results are shown in Fig. 3. The system 

can achieve very good performance even for a large number of 
carriers and without error correction. 

 

Figure 2. Comparison between single channel and multi-
channel processing, RACE08, 1000 m range. 

 
Figure 3. Average BER for RACE08 for MLSD using multi-

channel processing, included in the algorithm metrics. 
 

The same result was obtained for SPACE08 experiment at the 
range 1000 meters. The SPACE08 was conducted in October 
2008 at the Martha Vineyard coastal ocean observatory. The water 
depth was 15 meters and the top of 12 channel hydrophone 
vertical array was 3.25 meters above the sea floor all other 
parameters the same as in the RACE08. The transmit signal level 
was 185 dB. Near error-free results were obtained despite the 
strong winds and high seas that occurred during the experiment. 

5. SPATIAL-TEMPORAL EQUALIZATION 
FOR SHORTENNING TIME SPREAD 
The combination of time-shortening filters and MCM is a 
practical approach that finds use in RF communications. In 
underwater communications with very large time spread the 
approach can potentially provide good results as well. The result 
of time-shortening filtering is most effective when the filter 
includes multi-channel array processing and optimal summing of 
signals from different hydrophones. The array processor can be 
considered a space-time equalizer whose goal is to minimize the 
mean square error. The channel shortening preprocessing is 
applied for each frequency channel independently. A linear 
shortening filter based on the estimated channel response can be 



built in accordance with different approaches.  Examples include 
time-reversal passive mirror or matched filtering.  

The approach has been tested for underwater communications and 
often provides satisfactory results. The method concentrates 
maximum energy in one main pulse, though it does not 
necessarily minimize side-lobes, and is not always effective for a 
small number of channels. For receiving arrays with several 
channels a shortening eigen-filter is more effective [12]. Such a 
filter is designed to minimize an objective function consisting of a 
convex combination of channel shortening objective and noise to 
signal ratio objective. The channel-shortening objective is defined 
as a square-norm dispersion of the channel response about its 
maximum [12]. The weights in the objective vector were chosen 
to make the effect from noise and inter-symbol interference 
approximately equal. Optimal FIR coefficients were obtained as a 
solution to the generalized eigenvector problem for a matrix 
created from the initial channel parameters that were then tracked 
iteratively using gradient descent. An ordinary adaptive multi-
channel MSE equalizer was used as a comparison. Both 
approaches need a section of training data for initial 
synchronization, and were following by single-channel joint 
channel estimation and data decoding with dual-loop feedback. A 
comparison of the shortening eigen-filter, the adaptive multi-
channel equalizer and the adaptive multi-channel MLSD is shown 
in Fig. 4. Although all methods show reasonable results, the 
MLSD approach out-performed the other two methods.  

 
Figure 4. Comparison different methods, RACE08, 1000 m 

range, February 22, 2008. 
 

6. CONCLUSION 
The application of optimal joint channel estimation and data 
decoding was considered for each sub-channel of multi-carrier 
modulation. The algorithm was tested in the SPACE08 and 
RACE08 shallow water acoustic communications experiments 
and yielded good results. The multi-channel variant of the 

algorithm shows near error-free communication at the distance 
1000 meters and water depth 9 meter, and as expected has better 
performance than any of the single channel algorithms.  
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