
ARCHIVES OF ACOUSTICS
Vol. 44, No. 2, pp. 375–383 (2019)
DOI: 10.24425/aoa.2019.128501

Methods to Estimate the Channel Delay Profile and Doppler Spectrum
of Shallow Underwater Acoustic Channels

Van Duc NGUYEN∗, Tien Hoa NGUYEN, Hoa Xuan Thi HO

School of Electronics and Telecommunications
Hanoi University of Science and Technology

No 1, Dai Co Viet, Hai Ba Trung, Hanoi, Vietnam
∗Corresponding Author e-mail: duc.nguyenvan1@hust.edu.vn

(received September 30, 2016; accepted November 27, 2018 )

In this paper, we present the methods to detect the channel delay profile and the Doppler spectrum
of shallow underwater acoustic channels (SUAC). In our channel sounding methods, a short impulse
in form of a sinusoid function is successively sent out from the transmitter to estimated the channel
impulse response (CIR). A bandpass filter is applied to eliminate the interference from out-of-band
(OOB). A threshould is utilized to obtain the maximum time delay of the CIR. Multipath components of
the SUAC are specified by correlating the received signals with the transmitted sounding pulse with its
shifted phases from 0 to 2π. We show the measured channel parameters, which have been carried out in
some lakes in Hanoi. The measured results illustrate that the channel is frequency selective for a narrow
band transmission. The Doppler spectrum can be obtained by taking the Fourier transform of the time
correlation of the measured channel transfer function. We have shown that, the theoretical maximum
Doppler frequency fits well to that one obtained from measurement results.

Keywords: shallow underwater acoustic; channel parameters detection; channel delay profile; Doppler
spectrum.

1. Introduction

In last decade years, digital underwater communi-
cation has been focalized on the design of reliable un-
der water acoustic communication systems. It is found
a wide range of applications, such as data acquisi-
tion, remote controls, submarine communication, sen-
sor networks (Preisig, 2007; Rossi et al., 2015; Song
et al., 2012; Stojanovic, Preisig, 2009). The un-
derwater channel is different from the common wire-
less channels, when the electromagnetic waves are
very strong absorbed in the highly conductive medium
as water (Akada et al., 2015; Babar et al., 2016;
Bahrami et al., 2016; Binnerts et al., 2017). The
acoustic signals are affected in shallow-water chan-
nel by time-varying multipath channel that causes
the inter-symbol interference (ISI) and Doppler shift
and spread (Akada et al., 2015; Qarabaqi, Sto-
janovic, 2013). The multipath and Doppler effects
lead to the degradation of performance of underwa-
ter acoustic communication systems (Aliesawi et al.,
2010; Byun et al., 2013; Eggen et al., 2001; Kochan-

ska, Schmidt, 2017). The different Doppler shifts are
associated with scatter paths arriving at the receiver
from different angles (Adzhani et al., 2016; Chen
et al., 2016; Das, Pallayil, 2016).

The common type of the reference sounding sig-
nal today is the pseudo random sequence (PSR) or
chirp signal (Cheng et al., 2015; Wu et al., 2012).
The correlation method is applied to detect the sound-
ing signal at the receiver. There are also a number of
studies that use Delta impulse (Borowski, 2009). The
use of PSR to measure underwater channel is consid-
ered to be the most accurate, however, this method
requires the largest investment in hardware. Because
the chirp sequence must be long enough to measure the
transmission channel, leading to large overlap prob-
lems at the receiver side. Moreover, the chirp sequence
must be modulated by using a suitable modulation
scheme and on a carrier frequency in order to transmit
a long distance in SUAC. Consequently, the demodu-
lation problem is complex as well as the ISI is large.
The very narrow Dirac pulse is hard to realize. Fur-
thermore, the transmission the Delta impulse is only
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suitable for a short communication distance. Using the
Delta impulse for sounding the SUAC does not provide
the good channel measurement performance, because
this form of signal is strongly distorted and quickly
attenuated in SUAC. Different from other studies as
in (Kulhandjian, Melodia, 2014; Tomasi et al.,
2010; Van Walree, 2013), we use a rectangular win-
dowed sine pulse in combination with the correlation
method to detect the CIR at the receiver. Our goal
consists of the following purposes: The first one is to
measure the channel at a large transmission distance.
In that case, the sine wave is well adopted with this
requirement. Moreover, for the second purpose, the si-
nus signal is a form of carrier frequency, which does
not require to modulate before transmission over the
SUAC. Therefore, a demodulation is not necessary as
if we would use the PSR method. Correlation of the re-
ceived sounding signal with the transmitted rectangu-
lar windowed sinus signal will reveals the information
of the CIR.

Our work will solve these aforesaid lacks by em-
pirical measurements and analytical investigations.
We consider the movement of the underwater device
(UD) results in path gains, Doppler frequencies, and
phase shifts which are deterministic processes instead
of stochastic ones or random variables. We propose
a best-fit time window based snapshot method for
evaluating the CIR. This window reduces the additive
noise in the time domain as well as the processing time
for the channel detection. The window of the relevant
measured data is calculated by comparing the received
signal with the average noise threshould.

Measured environments are lakes in Hanoi, which
have characteristics of shallow water. Our idea is to
calculate the PDP based on determining the arrival
phases of the acoustic signals as well as the multi-
path components of the CIR. The arrival phases of
the sounding signals can be detected by correlating
the transmitted signal with its linearly shifted phase
from 0 to 2π, with the received signals. Although, the
arrival phases of the received signal are unknown. How-
ever, the maximum correlation could show the coinci-
dence of the shifted phase with the arrival phase of the
received signal. Therefore, the arrival phases and the
time delay of the multipath components of the CIR
can be detected. The Doppler spectrum is obtained
by taking the Fourier transform of the time correla-
tion function of the measured channel transfer func-
tion (CTF).

The rest of this paper is organized as follows. Sec-
tion 2 proposes a method to calculate the PDP of
acoustic underwater channel. Section 3 describes a pro-
tocol for measuring the Doppler spectrum of received
signal over shallow underwater acoustic time-varying
channels. The measuremental setup is presented in
Sec. 4. Section 5 presents the measurement results and
discussion. We conclude the paper in Sec. 6.

2. Proposed method for determining PDPs
of SUACs

The phenomena of diffraction, refraction and re-
flection of SUAC makes the acoustic transmission dif-
ficult (De Rango et al., 2012). The properties of
diffraction, reflection and refraction will affect to the
number paths, path’s strength and propagation delays
(Stojanovic, Preisig, 2009). In this study, measure-
ments were repeated to ensure the accuracy of the
estimated channel parameters. This section describes
a method to sound the power delay profiles (PDP)
and the channels impulse response (CIR) h(τ) of the
SUACs. The CIR can be mathematically described as
(Li et al., 2008; Sozer et al., 2000)

h(τ) =
L

∑
l=1

alδ(τ − τl), (1)

where al and δ(t) denote the multipath amplitude and
time-varying path delay for the path l-th, l ∈ [1, ..., L],
respectively. L is the total number of multipath. In
order to measure the CIR h(τ), a narrow probe pulse
x(t), also called sounding signal, is used. The period of
sending the sounding signal is Tm. The narrow probe
pulse is expressed as

x(t) =

⎧⎪⎪
⎨
⎪⎪⎩

sin (2πfct) 0 ≤ t ≤ Tw

0 otherwise,
(2)

where Tw and fc are the width and the carrier fre-
quency of the sounding pulse, respectively. The PDP
of the channel is calculated by taking the square am-
plitude of the CIR ∣h(τ)2∣. The sounding signal used in
the experiments is insulated in the Fig. 1. The sound-
ing signal is repeatedly transmitted in a predetermined
period Tm. Meanwhile, the CIR will be measured dur-
ing these transmission periods.

Fig. 1. A very short impulse (sounding signal) is transmit-
ted periodically for measuring PDP of the shallow water

channel.

The proposed process for determining the PDP of
shallow underwater channel involves three steps. The
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flowchart of this process is illustrated in the Fig. 2.
These three steps of this process are described as fol-
lows:

Step 1: Noise elimination by using band-pass
filter

The out-of-band noises introduced in the received
signals are eliminated by using a band-pass filter. The
bandwidth of the filter is designed to cover the data
rate of the sounding signal.

Step 2: A proposed best-fit time window for
PDP calculating

The purpose to determine the relevant window
(RWin) of the received signal in the time domain is
to eliminate the noise in the time domain, as well as
to reduce the processing time and to get more pre-
cise information in terms of the channel parameters.
This window is defined by a starting time tbu and an
ending time teu, where the index u denotes the u-th pe-
riod of measurement. This period corresponds to the
sine sounding period as depicted in Fig. 1. The staring
time tbu is the first instant time, when the received sig-
nal power is larger than a given threshould Pthr, which
is in practice determined on the basic of the measured
additive noise power. The ending time teu is the last
time instant, that the received signal power is larger
than the threshould power Pthr. The Pthr depends on
the noise level of the measuring that based on the level

Fig. 2. Best-fit time windowing method combined with correlation for maximum PDP and Doppler detection.

of noise in the environment, which can be obtained
by listening in the absence of signals. In other words,
the RWin specifies a window that the received signal
power is equal or larger than the measured additive
noise power.

Figure 1 illustrates the transmitted sounding signal
x(t) in several period of measurements. At the receiver,
the received sounding signal is expressed as follow:

y(t) = x(t) ∗ h(τ) + n(t), (3)

where y(t), n(t) are the received sounding signal, the
additive coloured noise, respectively. To describe the
mathematical description of our method to determine
the RWin for each measurement period, let yu(t) de-
note the received sounding signal observed within the
time window uTm ≤ t ≤ (u+1)Tm. Firstly, we calculate
the power Pu(t) of the digital signal at the receiver
side as follows

Pu(t) = ∣y(t)∣2 for uTm ≤ t ≤ (u + 1)Tm. (4)

Secondly, the signal power Pu(t) will be compared
to the average noise level Pthr within the width of win-
dow RWin. This process is mathematically presented
as follows

Seeking tn = {Pu(t) > Pthr}

subject to: uTm ≤ tn ≤ (u + 1)Tm.
(5)
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In the corresponding time of window RWin, the
starting time is determined by seeking the minimum
value of tn

tbu = min{tn} , (6)

and the ending time of the RWin teu is defined by the
maximum value of tn

teu = max{tn} . (7)

Based on teu, we can calculate the maximum time
delay of the CIR of the u-th measurement, τmax,u as

τu,max = t
e
u − uTm. (8)

According to the obtained RWin, we capture the
relevant received signal yr,u(t) to determine the mul-
tipath components of the CIR as following

yu(t) =

⎧⎪⎪⎪
⎨
⎪⎪⎪⎩

y(t) tbu ≤ t ≤ t
e
u,

0 otherwise.
(9)

After removing the presence of out-band noise in
frequency domain as introduced in the step 1, as well as
the additive noise out of the RWin in the time domain
as proposed in the step 2, we estimate the multipath
components of the channel by using the correlation
technique as described in the following step.

Step 3: Determine the Multipath Compo-
nents of the SUAC

In this step, we proposed a method to estimate the
multipath components of the SUAC by correlating the
received sounding signal with the transmitted sound-
ing signal. The idea of the method is based on the
correlation of the received signal with the transmit-
ted sinusoid sounding signal. However, the phase this
sounding signal is linearly shifted as given in the math-
ematical form below (Dunn, 2005):

R(u)yx (t′, ϕj) =
∞

∫
−∞

yu(t + t
′
) ⋅ x(t, ϕj)

for 0 ≤ t′ ≤ Tw + τu,max, (10)

where Tw =W ⋅ ta, and τu,max = Lu,e ⋅ ta. The symbols
ta = 1/fs, W , and Lu,e denotes the sampling interval,
the number of sampling intervals within the duration of
the sinusoid sounding pulse, and within the τu,max, re-
spectively. The transmitted sounding signal x(t), with
phase shifted by ϕj , can be expressed as

x(t, ϕj) =

⎧⎪⎪
⎨
⎪⎪⎩

sin (2πfct + ϕj) 0 ≤ t ≤ Tw,

0 otherwise,
(11)

where the shifted phase

ϕj = j2π/M with j ∈ [0,1, ...,M − 1].

M is the number of shifted phases, which can be cho-
sen for the desired accuracy level. In this work, we
set M = 360, corresponding to each phase shift step is
1○. The received sounding signal yu(t) consists of the
signals from L different channel paths. Each path has
different arrival phase, which depends on the trans-
mission environment. If the shifted phase coincides
with the arrival phase of a channel path, the cross-
correlation function in Eq. (10) shows its local max-
imum at t′ = 0. By searching this local maximum,
we can detect the channel path information, which in-
cludes the propagation delay, attenuation factor, and
the corresponding phase delay of the detected channel
path. In addition, the authors in (Vriens, Janssen,
1991) have proved, that the channel attenuation fac-
tor of the channel path is proportional to the maximal
value of the cross-correlation function R

(u)
yx (t′, ϕj).

In the following, we describe how to extract the
channel information from the cross-correlation func-
tion given in Eq. (10). For simplicity, but without
loss of generality, we neglect the measurement index
u for our further presentation. The received signal in
fact is digitalized by the ADC before it can be pro-
cessed at the receiver. Thus, we replace the continu-
ous time variable by the discrete time, i.e. t = tk with
tk = k ⋅ ta, where k denotes the sampling index. The
cross-correlation function must be also presented in
the discrete form. For a given shifted phase ϕj , we can
rewrite the cross-correlation function of the received
signal given in Eq. (10) in discrete form as follow

Ryx [k,ϕj] ∶= Ryx [t
′
k, ϕj] . (12)

For 0 ≤ k ≤W + Le − 1, we obtain the following corre-
lation vector

Ryx (ϕj) = [Ryx(0, ϕj), ...,Ryx(k,ϕj), ...,

Ryx(N − 1, ϕj)]1×N , (13)

where N = W + Le is the length of the correlation
vector. For all ϕj ∈ [0, . . . , (M − 1) ⋅ 2π/M], the cross-
correlation matrix can be formed by

Ryx =

⎡
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

Ryx (ϕ0)

Ryx (ϕ1)

...
Ryx (ϕM−1)

⎤
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦M×N

. (14)

Observing the l-th column of the matrix Ryx, we can
find a row, whereby its value is maximum

Ryx(l, ϕm) = max

⎛
⎜
⎜
⎜
⎜
⎝

⎡
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

Ryx (l, ϕ0)

Ryx (l, ϕ1)

...
Ryx (l, ϕM−1)

⎤
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦M×1

⎞
⎟
⎟
⎟
⎟
⎠

. (15)

This row is indexed by m. The corresponding shifted
phase is ϕm. Based on the characteristic of the cross-
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correlation function, the shifted phase ϕm must be co-
incided with the arrival phase corresponding to the
time index l. In other words, the arrival phase of the l-
th path has been detected, and is denoted by ϕ̂l ∶= ϕm.
Ryx(l;ϕm) reveals the information of the propagation
delay, which relates to the shifted phase. By searching
for all maximum values of all rows of the matrix Ryx,
we obtain the following vector

ryx = [Ryx(0, ϕ̂0), ...,Ryx(k, ϕ̂k), ...,

Ryx(N − 1, ϕ̂N−1)]1×N . (16)

Based on the vector ryx, the discrete CIR of one period
of measurement is detected. The sounding signal x(t)
has a width of Tm seconds, which corresponds to W
sampling intervals. Using the sounding impulse with
its width of Tm, we are able to detect the channel taps
with their resolution larger than Tm. In other words,
the gaps between two channel taps should be larger
than Tm. Otherwise, the received sounding signals will
be overlapped to each other due to the multipath prop-
agation. Thus, we split the vector ryx into number of
consecutive groups, whereas each group consist W ele-
ments. The maximum value of each group corresponds
to the channel coefficient and the time delay of the
main channel path located in this group.

3. A protocol to detect the Doppler spectrum
based on the measured CIR

The time correlation function (TCF) of the channel
ΨHH (∆t) can be expressed as (Proakis, 2007)

ΨHH (∆t) = E[H∗
(fc, t),H(fc, t +∆t)], (17)

where the channel transfer function H(f, t) is the
Fourier transform of the channel impulse response

Fig. 3. Model of shallow underwater channel measurement conducted in Hanoi lakes.

h(τ, t). Because time-varying channels are considered
in this section, the observed time (or absolute time)
t is included in the presentation of the channel trans-
fer function (CTF). The Doppler power spectrum is
the Fourier transform of the time correlation function
(TCF) of the CTF, which is given as follows (Proakis,
2007)

Φyy(f) = ∫ ΨHH(∆t)e(−j2πf∆t) d(∆t). (18)

To estimate the Doppler spectrum of the SUACs
from the measured CIR, we need firstly obtain the
CTFs H(f, t). Afterwards, the TCF in Eq. (17)
is computed. Finally, the Doppler spectrum of the
SUACs is calculated by using the relation given in
Eq. (18).

4. Experimental setup

4.1. Hardware implementation

In this work, we used a self-designed circuit to gen-
erate pulses of 173 and 200 kHz as in Fig. 3a generating
the sounding pulses. The pulses are modulated from
the circuit will be fed to the amplifier and resonant
circuit in Fig. 3b successively. The modulated sound-
ing signal has been shown in Fig. 3c. Then, we use the
BII-7562 transducer to transmit the output signals in
Fig. 3d. The resonant voltage with the transducer is
200 V and the input power is nearly 600 W. It is im-
portant to have the input power of 600 W for long
range transmission.

The sounding signal is received by using another
transducer, which works well at the frequency 173 and
200 kHz, see Fig. 3e. The received signal is consec-
utively amplified, filtered by a band-pass filter, and
passed to an envelope extractor as in Fig. 3f–h.
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4.2. Experimental setup for measuring
the Doppler characteristics

The experiments were conducted in the Thongn-
hat lake in Hanoi to measure the impulse response of
the shallow underwater acoustic channel. The Thongn-
hat lake has slightly flat bottom and a depth of up to
3 m. Transducer and Hydrophone are set up securely
at depth 0.5 m. To measure the PDP of static chan-
nels, the transmitter and the receiver are kept to be
almost static. The experimental system is captured in
Fig. 4.

Fig. 4. A picture of the Thongnhat lake, where experiments
have been carried out.

The experimental setup for the receiver is depicted
in Fig. 4, setup for the transmitter is also similar to
the receiver deployment.

The detail parameters for the experiment setup are
shown in Table 1, where the transducer and the hy-
drophone are sank in the water with the depth of 0.5 m
below the water surface. The sounding signal for chan-
nel measurement is a very short sinus impulse depicted
in Fig. 1, with its width of Tw = 1/14 ms, and is sent
out with a period of Tm = 0.5 s.

Table 1. Parameters of experimental system.

Parameters Value

Depth of Tx and Rx 0.5 m

Carrier frequency (fc) 14 kHz

Pulse width of the sounding signal (Tw) 1/14 ms

Period of sending the sounding signal (Tm) 0.5 s

Sampling frequency (fs) 192 kHz

Distance from Tx to Rx (d) 150 m

Bandwidth of the measured channel B 7 kHz

Sampling interval (ta = 1/fs) 5.2 µs

The experimental setup for measuring the Doppler
characteristics of the received signal for the case that

there is a relative movement between the transmitter
and the receiver, is similar to that for measuring the
characteristics of static channels. However, the differ-
ence is that the receiver moves around the transmitter.
The relative movement speed between the transmit-
ter and the receiver is about 15 km/h. The receiver
deployment for the Doppler characteristics measure-
ment is shown in Fig. 4.

5. Measurement results and discussion

5.1. The obtained CIR by using proposed method
for a static channel

After noise filtering and taking only values falling
in the relevant window, the received sounding signal
is plotted in Fig. 5. Applying the correlation of the
received signal with the transmitted signal as intro-
duced in Sec. 2, we obtain the CIRs h(τ, t) as plotted
in Fig. 6.

Fig. 5. The received sounding signal over a static underwa-
ter channel measured in Thongnhat lake.

Fig. 6. The amplitude of the CIR measured in Thongnhat
lake in a condition of quasi-static environment.
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The CTF H(f, t) is the Fourier transform of the
CIR h(τ, t), and is displayed in Fig. 7. Finally, the
channel delay profile of the channel is the mean of the
amplitude square of the CIR, as depicted in Fig. 8. We
can observe that the maximum time delay of the chan-
nel is 5–6 ms compared to the first arrival path. Please
be aware that we have neglected the group delay, and
therefore set the propagation time delay of the first
arrival path to be zero.

Fig. 7. The CTF of a static channel measured
in Thongnhat lake.

Fig. 8. The PDF of the SAUC measured
in Thongnhat lake in Hanoi.

5.2. Estimated Doppler spectrum using the proposed
protocol for a fast time-varying channel

To measure the Doppler spectrum, we use the same
sounding signal as given in Fig. 1 to estimate the CIR.
A period of the received signal before noise filtering is
plotted in Fig. 9. It is to recognize that the received
signal is included with noises and multipath compo-
nents. We deploy the band pass filter to eliminate the
OOB noise, where the results are illustrated in Fig. 10.

Similar to the static channel measurement, we use
the channel sounding method described in Sec. 2 to
obtain the CTF. The time correlation function of the

Fig. 9. A sequence of received pulses if the narrow signal
pulse is transmitted with a period of transmitting of 40 ms.

Fig. 10. Received signal sample after filtering.

channel can be obtained by applying the Eq. (17),
whereby the CTF of H(fo, t) is the CTF at an ob-
served frequency. fo could be any frequency falling in
areas of the channel bandwidth. The obtained time cor-
relation function of the channel is plotted in Fig. 11.
Finally, the Doppler spectrum of the channel is ob-
tained by taking the Fourier transform of the TCF of
the channel as given in Eq. (18). The obtained Doppler

Fig. 11. Time correlation function of the measured channel.
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spectrum is shown in Fig. 12. We can see that the
maximum Doppler frequency is about 12.5 Hz. In the
theory, the relation between the maximum Doppler fre-
quency fDmax, the speed of acoustic sound in under-
water c, and the carrier frequency fc are given by

fDmax =
v

c
fc. (19)

Fig. 12. The Doppler spectrum of the underwater acoustic
channel.

Replacing the values of the carrier frequency given
in Table 1, the speed of acoustic sound in underwater
c = 1500 m/s, and the relative movement speed be-
tween the receiver and the transmitter v = 5 km/h,
we obtained the maximum Doppler frequency fDmax =

12 Hz. This calculation result fit well to our measured
result in terms of the maximum Doppler frequency.

6. Conclusions

In this paper, we have introduced the methods
to detect the PDP and the Doppler spectrum of the
SUACs. A short rectangular windowed sine signal is
used as a sounding signal. This shape of sounding sig-
nal is suitable for SUAC transmission, because the fre-
quency and amplitude are constant. In our proposed
method, the CIR can be detected by correlating the re-
ceived sounding signal with the transmitted ones, but
its phase is linearly shifted from 0 to 2π. The maxi-
mum correlation values show us multipath components
of the channel. We have applied this method to mea-
sure the underwater channel in the Thongnhat lake in
Hanoi. The measurement results show that the chan-
nel is strongly affected by the additive noise. Moreover,
the channel is frequency selective due to slow trans-
mission speed of the acoustic signal in underwater, as
well as the reflection and scattering effect. The Doppler
spectrum can be obtained by taking the Fourier trans-
form of the time correlation function of the CTF. The
maximum Doppler frequency taken from the Doppler
spectrum fit well to the theoretical results.
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