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Abstract: An adaptive channel estimation algorithm for the chan-
nel length is proposed to construct a channel estimation model
suitable for orthogonal frequency division multiplexing (OFDM)
underwater acoustic communication signals for the dependence
of traditional channel estimation algorithms on channel length in-
formation. This algorithm can be adopted to evaluate channel
estimation quality in real time and to adaptively adjust the chan-
nel length of the channel estimation algorithm according to the
evaluation result, which satisfies the need of accurate estimation
of unknown underwater acoustic channels and communication
application; based on the study on the relationship between the
OFDM communication bit error rate and the subcarrier signal to
noise ratio, a self-adjusting optimization scheme for OFDM sub-
carrier transmitting power is proposed, which realizes underwater
communication with the low bit error rate through higher energy
efficiency. The validity of the research content is verified through
simulation and field experiments.
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1. Introduction

As an efficient multi-carrier underwater acoustic commu-
nication scheme, orthogonal frequency division multiplex-
ing (OFDM) has the advantages of high bandwidth uti-
lization and strong inter-code interference resistance. It is
the focus of application and research in the field of un-
derwater acoustic communication in recent years [1 – 4].
In order to achieve high efficient underwater data commu-
nication, OFDM adaptive underwater acoustic communi-
cation technology based on underwater acoustic channel
information has drawn widespread attention [5 – 8]. Ac-
cording to the estimated underwater acoustic channel state,
OFDM spectrum resources, transmission power, modula-
tion mode, communication rate and other indicators are
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automatically optimized and adjusted to achieve the opti-
mal matching between the underwater acoustic communi-
cation signal and the harsh underwater acoustic channel,
thereby improving the effectiveness and reliability of the
OFDM underwater acoustic communication system [9 –
11].

At present, most of underwater acoustic channel estima-
tion algorithms are carried out under the assumption that
the channel length is known [12 – 17]. However, the actual
underwater acoustic environmental interface, random re-
flection and scattering of scatterers can cause time-varying
multipath structures, resulting in the changes in the chan-
nel length, and multipath expansion in different underwater
acoustic channels ranging from microseconds to seconds
[18,19]. Therefore, the selected channel length L in under-
water acoustic channel estimation algorithms will have a
great impact on the channel estimation quality, real-time
performance of the algorithm and timeliness of the adap-
tive underwater acoustic communication [20]. For this rea-
son, this paper analyzes the influence of the channel length
on channel estimation accuracy and underwater acoustic
communication effect, and proposes an adaptive underwa-
ter acoustic channel estimation algorithm, which can eval-
uate the channel estimation equality in real time and adap-
tively adjust the actual underwater acoustic channel length.
In addition, based on reliable channel estimation evalua-
tion results, the adaptive optimization scheme for OFDM
subcarrier power is studied from the perspective of im-
proving the reliability and energy efficiency of underwater
acoustic communication.

2. Study on length adaptive channel
estimation algorithm based on
OFDM signal

OFDM is a communication technology that performs par-
allel data transmission on multiple orthogonal subcarriers
[21]. The modulation and demodulation of signals can be
realized by V points inverse fast Fourier transform (IFFT)
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and fast Fourier transform (FFT) respectively [22]. The
time domain signal of a single symbol period T is as shown
in (1):

x(n) =
μ√
V

V −1∑

k=0

X(k)ej 2πV kn (1)

where X(k) is the corresponding complex baseband sub-
symbol on the subcarrier k, which includes the data infor-
mation to be transmitted on the subcarrier. According to
the FFT rule, the frequency corresponding to the subcar-
rier k can be calculated by using (2). fsam is the sampling
frequency of the digital time domain signal x(n). In prac-
tice, it is necessary to select N subcarriers located in the
available underwater acoustic communication bandwidth
from all V/2 subcarriers [23].

fk = k · fsam/V (2)

In ideal cases, after x(n) is sent to transmission chan-
nels, the receiver can recover the source information X ′(k)
and complete signal demodulation by performing corre-
sponding V points FFT operation on the symbol receiv-
ing sampling signal. However, due to the serious multipath
effect in the underwater acoustic channel, in order to re-
duce the distortion of the multipath effect on communi-
cation signals, OFDM needs to add a cyclic prefix (CP)
of length Δ before each symbol [24]. Generally the CP
length is required to be greater than the maximum multi-
path delay spread value of the underwater acoustic channel
to overcome inter-carrier interference and inter-symbol in-
terference caused by multipath effects. At this time, the
symbol period signal received by the receiving end with-
out CP y = [y(0), . . . , y(V − 1)]T can be written in the
form of (3) [25], where X = [X(0), . . . , X(V − 1)]T is
the transmission sequence and W is an FFT matrix with
its elements Wn,m = e−2π(n−1)(m−1)i/V /

√
V . C is a

V ×V -dimensional channel cyclic matrix. The first column
of C is the underwater acoustic channel impulse response
[c0, . . . , cL−1, 0, . . . , 0]T, and L is the real channel length.
n is the noise sequence. It should be noted that there is in-
evitably a Doppler shift in underwater acoustic channels,
but it can be compensated by the corresponding method
[26].

y = CW HX + n (3)

In order to achieve tracking and estimation of under-
water acoustic channels through the received signal y, it
is necessary to add a known pilot sequence in the OFDM
symbol period. Assuming that the transmitted information
column vector X can be written in a form X = Xp +Xv,
where Xp contains only the pilot sequence, and the valid
transfer information is stored in Xv. In order to extract the
information determined by Xp in y, y can be processed

according to (4), where N is a V × V -dimensional ma-
trix with all its elements equal to 0, except the element on
the position (s, s) equals 1 if the sth element X(s) of the
transmission sequence X is a pilot element.

b = W HNWy (4)

Since C is a cyclic matrix, WCW H is also a diagonal
matrix. Thus, by substituting (3) into (4), (5) can be ob-
tained, which means that b is the received symbol period
signal if the information source only transmits the pilot se-
quence Xp in the transmitted information column vector
X , without Xv.

b = W HN(WCW H)(Xp + Xv) + n′′ =

CW HXp + n (5)

Let d = W HXp. According to the cycle characteris-
tics of C, (5) can be transformed into (6), where D is
a V × L dimensional truncated cyclic matrix whose first
column element is d. c is the underwater acoustic channel
[c0, . . . , cL−1]T to be estimated. A signal estimation model
for OFDM underwater acoustic communication signals is
established based on it.

b = Dc + n′ (6)

According to the least squares (LS) criterion, the chan-
nel response estimate c∧LS can be obtained as shown in (7)
[27]:

c∧LS = (DHD)−1DHb. (7)

Although the LS algorithm is a general method for chan-
nel estimation, it involves complex high-dimensional ma-
trix inversion operations, which is computationally inten-
sive. More importantly, because Xp contains many 0 el-
ements, DHD approximates a singular matrix whose in-
verse operations require more iterations and the true value
can even not be calculated. It can be seen that the tradi-
tional LS channel estimation algorithm and the improved
ThLS, SpLS algorithm [28] are not directly applicable to
the channel estimation of (6).

In fact, underwater acoustic channels have their unique
sparse weight feature, that is, only a very small num-
ber of weights ci are not zero. With the sparse property,
the estimation of the underwater acoustic channels can be
evolved into linear combination approximation of the re-
ceived data b with fewer columns of D. The positions of
these columns are the important propagation paths of the
underwater acoustic channel, that is, the locations where
the non-zero weights are located and the corresponding lin-
ear combination coefficients are the corresponding chan-
nel path weights. For such problems, the matching pursuit
(MP) algorithm [29] can be used to achieve fast and subop-
timal solution estimation of the underwater acoustic sparse
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channel with a small amount of computation. The specific
steps are as follows.

(i) Let b0 = b. The estimated channel weights are ini-
tialized to 0.

(ii) Let mi = DHbi. Find the most matching column
dkp with bi in D. kp is the location of the important path
of the underwater acoustic channel.

kp = max
l

(|(mi)l|2/‖dl‖2) =

max
l

(|dH
l bi|2/‖dl‖2), l = 1, . . . , L (8)

(iii) Calculate the underwater acoustic channel weight
coefficient of the determined path kp by

c∧kp
= |dH

kp
bi|2/‖dkp‖2. (9)

(iv) Remove the contribution of the kpth column of D

in the linear approximation to b through (10).

bi+1 = bi − (dH
kp

bi)dkp/‖dkp‖2 (10)

(v) Repeat (2) – (4) until c∧kp
is less than the threshold

TMP and the algorithm ends.
It can be seen that the MP algorithm can quickly de-

termine the important path position of the channel kp and
its weight coefficient c∧kp

by finding the matching degree
of each column in D with b based on the linear approxi-
mation contribution, which is very suitable for the estima-
tion of the sparse hydrophobic acoustic channel. However,
it can be seen from (8) and (10) that the MP algorithm
needs each column of the matrix D to satisfy the orthog-
onality, but in the actual situation, such orthogonality is
difficult to guarantee, so estimation error is introduced for
the MP algorithm. In order to improve the channel esti-
mation accuracy, the orthogonal MP (OMP) algorithm can
be used [30]. However, the LS operation included in the
OMP algorithm still requires matrix inversion. When there
are many important paths in the underwater acoustic chan-
nel, the calculation amount is large. Therefore, from the
practical perspective, it is necessary to improve the estima-
tion accuracy of the MP algorithm with small calculation.
The improvement is carried out in two aspects. Firstly, im-
portant paths of the underwater acoustic channels should
be selected accurately. The exponential dynamic path deci-
sion threshold TMP shown in (11) can be introduced to the
MP algorithm which makes TMP change from α + β to β

automatically with the signal-to-noise ratio (SNR) raising
from 0 to infinity. According to (11), β plays the impor-
tant role when the SNR is high, and this favorable acoustic
environment makes precise channel estimation possible. In
general, the value β is less than 0.02 to ensure the estima-
tion accuracy. On the other hand, when the environment is

poor and the SNR is relatively low, we have to discard the
less important paths less than α + β (when SNR equals 0)
in order to avoid the false paths causing error estimations,
in general α + β values about 0.15 which discards most of
the false paths and also leaves the important key acoustic
channel paths.

TMP = α · e−γ·SNR + β (11)

In addition, because the orthogonality of each column
of D is difficult to guarantee, the newly calculated path
may have an influence on the previously calculated paths.
Inspired by the OMP algorithm, we can replace (9) with
(12) and implement the second iteration correction to non-
zero weight coefficients of important paths until the coeffi-
cient correction amount |Δc| is less than a certain smaller
value ε, and the algorithm ends, thereby further improving
the estimation precision of weight coefficients. c∧kp,i repre-
sents the weight coefficient of the kpth position estimated
by the ith iteration.

c∧kp,i = c∧kp,i−u +Δc = c∧kp,i−u + |dH
kp

bi|2/‖dkp‖2 (12)

In the typical underwater acoustic channel given in [31]
Ht1 = [0.83, 0(5), 1, 0(3),−0.69, 0(7), 0.476, 0(5), 0.081]
(the subscript of 0 represents the number of consecutive 0
coefficients) where the channel length L = 25, the esti-
mation error of different channel estimation algorithms is
shown in Fig. 1. The horizontal axis of Fig. 1 represents
SNR and the vertical axis represents the dB value of the
channel estimation error calculated with (13). In simula-
tions, the decision threshold TMP of the traditional MP al-
gorithm is set to 0.06; the threshold decision parameters of
the improved MP algorithm are α = 0.13, β = 0.02 and
γ = 0.05. The sampling frequency fsam of OFDM sig-
nals is 100 KHz and the points of IFFT V for generating
OFDM communication signals in (1) values 1 024 which
means the duration of an OFDM symbol is 10.24 ms. The
index of OFDM subcarriers is used for transmitting values
from 103 to 234 which means the transmission sequence
X = [0, . . . , 0, X(103), . . . , X(234), 0, . . . , 0]T and the
communication bandwidth occupied is between 10 KHz
and 23 KHz. In the 132 used subcarriers, each subcarrier
uses QPSK as its communication mode and the pilot el-
ements are inserted in X with the interval of four whose
indices are 103, 107, . . . , and 234. Thus the number of pilot
elements is 34 in an OFDM symbol.

Ees = 10 lg(
L−1∑

i=0

|ci − c∧i |/L) (13)
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Fig. 1 Comparison of estimation accuracy among channel estima-
tion algorithms

The simulation shows that the improved MP algorithm
adopts the exponential adjustment mechanism for thresh-
old TMP, which improves the discriminating ability of
channel paths, reduces the adverse effects of false paths
on the estimation algorithm, and improves the channel es-
timation accuracy under the low SNR. In addition, the iter-
ative correction of the path weight coefficients reflects the
interlacing effect of non-orthogonality in each coefficient
estimation, which makes the improvedMP algorithm break
through the convergence bottleneck of the traditional MP
algorithm, and achieves the estimation accuracy equivalent
to that of the OMP algorithm (about 2 dB lower), but with
a much smaller amount of calculation. Thus it can be seen
that the improved MP algorithm has good comprehensive
performances.

Based on (6), all the above estimation algorithms work
under the condition that the channel length L is known.
However, in practice, the multipath extension length of the
underwater acoustic channel is difficult to estimate, and
the length of the underwater acoustic channel will slowly
change due to the random dispersion and reflection of the
interface and scatterers. It is assumed that the channel
length of the channel estimation model at the receiving end
is M , that is, the matrix D in (6) becomes a V ×M dimen-
sional truncated cyclic matrix at this time. When SNR is
15 dB, in channel Ht, the relationship between the channel
estimation accuracy of the improved MP algorithm and the
channel estimation length M is as shown in Fig. 2, where
the abscissa represents the variation factor α, and when L

is constant, the channel estimation length M = αL.
It can be seen from Fig. 2 that with the reduction of es-

timated channel length M , the estimation accuracy of the
channel estimation algorithm shows a downward trend as
a whole, especially when M is lower than the real length
L of the underwater acoustic channel. The performance of
the algorithm drops sharply and the channel estimation er-
ror is large, which cannot be used to adjust the parame-

ters of OFDM underwater acoustic communication. When
M is longer than the real channel length L, although the
increase of M can improve the channel estimation accu-
racy, the improvement space is very limited. In addition,
relatively large M will bring about a large increase in the
channel estimation calculation amount, affecting the com-
putational efficiency of the channel estimation algorithm
and real-time performance of it.

Fig. 2 Channel estimation accuracy and bit error rate of the im-
proved MP algorithm under different M

In order to reasonably select M of the channel estima-
tion algorithm and adapt to the underwater acoustic chan-
nel requirements with time-varying multipath delay (mi-
crosecond to second), a means for real-time evaluation of
channel estimation quality is needed, and M should be ad-
justed according to it. When the channel estimation quali-
ty is found to be poor, M can be increased to improve the
estimation accuracy, on the contrary, when the estimated
quality meets the application requirements, M can be kept
or reduced to improve the calculation efficiency. Under
the premise that the channel information is completely un-
known, how to evaluate the channel estimation quality is
the key to the adaptive channel estimation algorithm.

For underwater acoustic communication, after the signal
sequence x(n) sent by the source is transmitted through the
underwater acoustic channel, the received symbol signal
x′ = [x′(0) · · ·x′(V − 1)] will be greatly distorted, which
seriously affects the correct recovery of the frequency do-
main transmission information X(k). OFDM generally
needs to rely on the frequency domain equalizer to over-
come the adverse effects of multipath effects [32]. To this
end, the channel response c∧ estimated by the improved
MP algorithm can be utilized to calculate the frequency
domain equalization filter coefficient He(k), and the re-
ceived information sequence X ′(k) can be equalized and
recovered by (14). When the channel estimation quality is
good, the information Xr(k) after equalization should be
able to reflect the relevant features of the source sequence
X(k) very well. Therefore, the quality of the channel es-
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timation can be evaluated by comparing the feature of re-
covered sequence Xr(k) with the real feature of the source
sequence X(k).

Xr(k) = X ′(k)He(k) = (Wx′)k/(
√

V · Wc∧)k (14)

Under the simulation conditions same with Fig. 2, af-
ter equalization compensation of (14), the bit error rate
(BER) obtained by the OFDM underwater acoustic com-
munication system is shown by the “©” line in Fig. 2,
and it can be seen that when M is smaller than L, worse
channel estimation quality results in equalization failure
and BER is high. On the other hand, when M is greater
than L, the BER level is basically maintained at a sat-
isfactory low level. Fig. 2 clearly shows that the actual
BER of underwater acoustic communication can be used
to evaluate the channel estimation quality, which is a rela-
tively intuitive method, but requires a large number of
known training sequences, resulting in large bandwidth
waste. Another more effective method is to use the relevant
statistical information of the known transmission sequence
X(k), such as the constellation of phase modulation. In
ideal equalization compensation, the recovery information
Xr(k) should be located near the specified U constellation
points Cs (s = 1, . . . , U) [33]. In this way, by calculating
the degree of dispersion ds(k) between Xr(k) and speci-
fied constellation points Cs, the channel estimation quality
and equalization quality can be quickly evaluated. The cal-
culation of ds(k) is shown as (15). When the average value
ds(k) is greater than the minimum threshold Tcom required
for reliable underwater acoustic communication, it means
the channel estimation quality is poor and the equalization
effect is not good, the estimated channel length M should
be increased; on the contrary, it means the equalizer can
work effectively, the current estimated channel length M

can meet the channel estimation requirements and can even
be appropriately reduced to improve the computational ef-
ficiency, thereby realizing the adaptive adjustment of the
channel estimation algorithm to the real underwater acous-
tic channel length.

ds(k) = min
s=1,...,U

|Xr(k) − Cs| (15)

Fig. 3 shows the simulation comparison between chan-
nel estimation accuracy and QPSK constellation (U = 4)
dispersion, which shows that the constellation dispersion
degree really can reflect the channel estimation quality and
provide basis for adaptive adjustment of the channel esti-
mation algorithm.

Fig. 3 Channel estimation accuracy and recovery constellation dis-
persion of the improved MP algorithm under different M

Fig. 4 shows a comparison of the channel length adap-
tive channel estimation algorithm and the fixed channel
length (M = 10, 16, 22 and 50) estimation algorithm under
the channel Ht1. The initial estimated channel length of
the improvedMP channel estimation algorithm is M = 10.
For discussion, Fig. 4 uses a simple equal-length search
strategy to adjust M with constant amount of increment
(decrement) of six each time.

Fig. 4 Comparison of channel length adaptive estimation algo-
rithms

As can be seen from Fig. 4, the adaptive channel esti-
mation algorithm has experienced four adjustment stages
of M = 10, 16, 22, and 28. When M is less than the real
channel length L = 25, the equalizer output constellation
is chaotic, as shown in Fig. 5(a) – (c) and the BER is high.
The larger constellation dispersion is used as the channel
estimation quality feedback and M is increased automati-
cally to adapt to the underwater acoustic channel. When
M is equal to 28 (greater than L), the clear constellation,
as shown in Fig. 5(d), indicates that the current channel es-
timation algorithm can provide good estimation accuracy
and there is no need to continue to increase M . Actually,
even if M is larger and becomes 50, the effect of improving
the channel estimation accuracy is very limited as shown in
Fig. 4, but the amount of calculation is greatly increased.
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Fig. 5 Equalized constellation under different M

Therefore, it can be seen that the adaptive channel es-
timation algorithm can adapt the real underwater acoustic

channel length automatically and achieve accurate estima-
tion of the underwater acoustic channel with efficient cal-
culation efficiency.

3. OFDM underwater acoustic
communication subcarrier power
optimization adjustment algorithm

The adaptive channel estimation algorithm proposed in
Section 2 can accurately estimate the unknown and time-
varying underwater acoustic channels, and provide a re-
liable basis for parameter optimization of OFDM under-
water acoustic communication systems. Many underwa-
ter systems (underwater vehicles, underwater ad hoc net-
works) are mostly energy-constrained systems. Therefore,
under certain BER constraints, minimizing the energy con-
sumption of underwater acoustic communication is the key
to maintaining long-term reliable operation of these under-
water systems. In [34], a symbol power adjustment method
is proposed, which calcualtes the environmental SNR and
adjust the symbol power parameter μ in (1) under the con-
strain of a certain BER based on channel estiamtion results.
However, this method does not consider the individual dif-
ferences on OFDM subcarriers and treat each subcarrier in-
distinguishably, resulting in waste of energy on some sub-
carriers. To this end, this paper takes each subcarrier as the
basic unit of power correction, and studies the power op-
timization algorithm that independently adjusts the trans-
mitting power of each subcarrier to meet the final BER re-
quirement. Based on (1), the OFDM underwater acoustic
communication transmission signal is rewritten as shown
in (16), where μ(k) is the power adjustment factor for the
kth subcarrier.

x(n) =
1√
V

V −1∑

k=0

μ(k)X(k)ej 2π
V kn (16)

Let the frequency domain transmission information of
the kth subcarrier of OFDM be X(k), the underwa-
ter acoustic channel attenuation on the kth subcarrier be
Cd(k), and the noise power be σ2

n(k). Then the frequency
domain SNR on the subcarrier is shown in (17). The BER
of each OFDM subcarrier communication varies with the
subcarrier frequency domain SNR can be calculated for
BPSK, QPSK and 8PSK modulated signals respectively,
as shown in Fig. 6.

C snr(k) = 10 lg[
|μ(k)X(k)Cd(k)|2

σ2
n(k)

] (17)

Since the underwater acoustic channel has the frequency
selection characteristics [35], it can be seen from (17) that
strong fluctuations in channel attenuation at different fre-
quencies will cause great differences in SNR on different
OFDM subcarriers, directly leading to great differences in
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respective BER. In order to meet the specified communi-
cation BER requirement BERr, the corresponding sub-
carrier frequency domain SNR matched to BERr can be
found according to Fig. 6. Therefore we use the channel
attenuation Cd∧(k) obtained by the channel estimation al-
gorithm proposed in Section 2; the sampled environmen-
tal subcarrier noise power σ2∧

n (k) and the known average
amplitude X(k) of transmitted modulation signal, and the
power adjustment factor μ(k) for the kth subcarrier satis-
fied with BERr can be calculated by (17), thereby adjust-
ing the overall power of the OFDM underwater acoustic
communication signal by adjusting respective power fac-
tor μ(k) for each subcarrier, as shown in (16).

Fig. 6 Relationship curve between BER and SNR of subcarrier fre-
quency domain

Fig. 7 and Fig. 8 respectively show the curve of time do-
main transmitting power needed by the proposed OFDM
subcarrier power adjustment algorithm and that needed by
the traditional symbol power adjustment algorithm pro-
posed in [14], under the same simulation conditions of
Fig. 1, with the BER requirements for audio transmis-
sion 10−3 and video transmission 10−4. Also, the power
consumptions saved by the proposed OFDM subcarrier
power adjustment algorithm compared to the traditional al-
gorithm are shown in Fig. 9 under the BERs of 10−3 and
10−4.

The power adjustment is based on the estimation result
of the adaptive channel estimation algorithm in Section 2
and it can be seen from Fig. 7 and Fig. 8 that as the environ-
mental noise increases, both power adjustment algorithms
need to increase the transmitting power to ensure the BER
quality of underwater acoustic communication, and the
higher the communication rate (8PSK > QPSK > BPSK),
the greater the required transmitting power. Through sim-
ulation, it can be verified that both algorithms can meet the
specified BER requirements after power adjustment, but
the energy consumption costs of the two algorithms are
different.

Fig. 7 Transmitting power of different algorithms under 10−3 BER
requirement

Fig. 8 Transmitting power of different algorithms under 10−4 BER
requirement

From Fig. 9, it can be seen clearly that under differ-
ent environmental noises, the proposed subcarrier power
adjustment algorithm always gets a steady and simi-
lar power consumption save, which is nearly – 8 dB un-
der the BER of 10−3 and – 12 dB under the BER of 10−4.

The main factor that caused bad influence on BER is the
deep fading OFDM subcarrier of the underwater acoustic
channel. In order to overcome the serious errors caused by
these deep fading, according to Fig. 6, the frequency do-
main SNR and corresponding power of these subcarriers
need to be greatly improved. Because each subcarrier of
the traditional symbol power adjustment algorithm has the
same power adjustment gain, when the transmitting power
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at the depth fading subcarrier position is increased, the
power of other subcarrier is also improved, but the power
consumption of these non-depth fading subcarriers has lit-
tle effect on the overall BER. Therefore, a large amount of
transmitting energy is wasted. However, the algorithm pro-
posed in this paper adjusts each subcarrier power indepen-
dently according to their respective frequency domain SNR
estimated by the channel estimation algorithm in Section 2.
When the frequency domain SNR of one subcarrier is low
relatively, the transmitting power of this subcarrier is in-
creased correspondingly to meet the overall BER require-
ment and when the frequency domain SNR of one sub-
carrier is high relatively, the transmitting power is reduced
reasonably to save energy, which achieves on-demand en-
ergy distribution and higher energy efficiency for underwa-
ter acoustic communications.

Fig. 9 Power save comparison with different modulations under
10−3 and 10−4 BER requirements

4. Test verification

In order to test the practical application effects of the new
algorithm, a communication test with a distance of 700 m
was carried out in Mulan Lake, and the 8PSK communi-
cation mode was adopted. Using the length adaptive chan-
nel estimation algorithm proposed in this paper, the under-
water acoustic channel was estimated correctively and the
channel length M was adjusted to 30 automatically. The
real and imaginary parts of the underwater acoustic chan-
nel response estimated at a certain time are shown in Fig.
10(a), and the normalized power for each subcarrier cor-
rected by the proposed subcarrier power optimization ad-
justment algorithm is shown in Fig. 10(b) which realizes
on-demand distribution according to different subcarrier
channel equalities. The recovered constellation obtained
by equalization is shown in Fig. 10(c), and the BER is
0.074 3%, which achieves the required 10−4 BER require-
ment with higher energy efficiency.

Fig. 10 Test results in Mulan Lake

5. Conclusions

Channel estimation is the premise and key for self-
adjusting of underwater acoustic communication param-
eters. In this paper, for the dependence of the traditional
OFDM channel estimation algorithm on the real channel
length, a new channel length adaptive channel estimation
algorithm is proposed which can be self-adjusted to rea-
sonably select the channel estimation length in the un-
known underwater acoustic environment by using the out-
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put signal of frequency domain equalizer to judge the chan-
nel estimation quality timely, and achieve accurate estima-
tion of the underwater acoustic channel with higher com-
putational efficiency. Based on the channel estimation re-
sult, the OFDM subcarrier transmitting power optimiza-
tion adjustment algorithm is proposed. Compared with the
traditional symbol adjustment algorithm, this new algo-
rithm can achieve the specified BER with higher energy
efficiency. Finally, the feasibility and effectiveness of the
proposed algorithm are verified by simulations and exper-
iments.
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