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요 약

최근에 UWAC에 한 연구가 많은 연구자와 학자들에 의해 연구되고 있다. DS-CDMA, OFDM, MIMO, 변

조와 오류 보정 기법, 기타 기법들이 UWAC에서 고속으로 송하기 한 방법으로 사용할 수 있다. 

본 논문에서는 배경이 없는 역에서 도착시간을 추정하기 한 이론을 검토하고 시간 차이를 계산한다, 한 

도착 시간 추정에 한 기 인 실험 결과를 제시한다.

ABSTRACT

Recently, UWAC (underwater acoustic communication) has been studied by many scholars and researchers. DS-CDMA, OFDM 

(orthogonal-frequency division multiplexing), and MIMO (multi-input multi-output), modulation and error correction, and others 

techniques that can transmit high-speed data are used in UWAC.

In this paper, we first briefly present the theoretical background of estimating the arrival time of the first non-background segment 

in both signals and calculate the temporal difference. We also present the initial experimental result of estimating the arrival time.
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Ⅰ. Introduction

In underwater environment, there is a pinger 

periodically broadcast a signal with stable 

frequency.

Recently, UWAC (underwater acoustic 

communication) has been studied by many scholar 

s and researchers. DS-CDMA[1],[6],[12],[14-15], 

OFDM (orthogonal-frequency division multiplexing) 

[1-3],[7], and MIMO (multi-input multi-output) 
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[1],[4], modulation and error correction[5], and 

others[8-11],[13,16] techniques that can transmit 

high-speed data are used in UWAC.

In this paper, we first briefly present the 

theoretical background of estimating the arrival 

time of the first non-background segment in both 

signals and calculate the temporal difference. We 

also present the initial experimental result of 

estimating the arrival time.

Ⅱ. Data preprocessing

There is an array of   hydrophones which 

record the acoustic signal with sampling frequency 

  In the example showed in figure 1, there are 

two impulsive segments locating around 0.7755 and 

1.8449 second in the data of the first hydrophone. 

The problem is to estimate the time-difference 

between the two signals, three methods can be 

applied: (1) estimating the arrival time of the first 

non-background segment in both signals and 

calculate the temporal difference.

The input signal from each hydrophone is an 

integer array which valued in range    

The purpose of preprocessing is to normalized the 

value range into (-1,1).

max 
 ≤  ≤


 ≤ ≤ (1)

where  is a data sample and T is the total 

number of data sample. 

Fig. 1 Data from four hydrophones

Ⅲ. Time difference estimation using 
instantaneous frequency

In this method, we first represent the signal in 

time-frequency domain (i.e. we describe the signal 

simultaneously in both time and frequency). And 

then, we do thresholds to estimate the start 

position of the first segment. In the next 

sub-sections, we briefly provide the background 

knowledge for this method, and then an algorithm 

is presented to calculate the instantaneous 

frequency given a real-valued signal.

3.1 Analytic signal

Given a real-valued discrete-time signal   of 

duration N, the analytic signal is the 

complex-valued   defined by equation (2).

    (2)

where j is the imaginary number which have the 

value  . 
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The discrete-time signal must satisfied two 

following properties to be an analytic-like signal. 

The first is that the real part must exactly the 

same as the original signal:

  ∀≤ ≤ (3)

and the second is the orthogonal property:


 




    (4)

The Fourier transform of the analytic signal is a 

one-side representation where the 

negative-frequency part is zero and the 

positive-frequency part is double of the 

corresponding part of the Fourier representation of 

x. In discrete-time Fourier transform where we 

select the number of DFT coefficients, the part 

after the Nyquist frequency is zero and the part 

before the Nyquist frequency is doubled.

A frequency-domain approach was presented in 

[1] to preserved those properties:

We can compute the discrete-time Fourier 

transform of   from equation (5).

 
 




 




(5)

We can form   as equation (6).















≤ ≤ 




 



 


≤ ≤

(6)

3.2 Instantaneous Frequency

The instantaneous frequency (IF) is a way to 

describe a signal simultaneously in both time and 

frequency where frequency is not a constant and is 

represented as a function of time. Given a 

complex-valued signal  , we rewrite it in the 

form like equation (7).

  
 (7)

where     is the 

amplitude of the signal at time 


 and 

  arg  arctan
 

 is the phase 

of  . Then the IF is defined by equation (8).

 

′ (8).

The instantaneous frequency measures the 

changes over time of the phase. 

When receive an impulse from the pinger (which 

have stable frequency), this change is small 

compared with the random signal. Moreover, the 

bandwidth of the frequency is small where the 

lower part shows the calculated instantaneous 

frequency and the upper part shows the original 

signal where the detected position is plotted in red 

color). Therefore, the basic idea is to find the first 

local minimum that satisfies those conditions. A 

point ≤ ≤ is called local 

minimum if    and    .

3.3 Algorithm

An algorithm of arrival time detection using 

Instantaneous Frequency is following as: 

Input: real-valued signal  , duration  , 

sampling frequency 

Output: arrival time 

Parameters:    

1. Compute the analytic signal  ;
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2. Calculate the Instantaneous Frequency  , 

≤ ≤ ;

3. Find all local minimum in   and store in  ;

4. Calculate 

←minmax ←min
5. Calculate  , ←← ;

6. Remove all elements in   which are out of 

range   ;

7. For each   in 

7.1. Calculate   is the number of elements in 

IF which have time in   and 

value in   ;

7.2. If     then ←

 return   ;

EndIf

EndFor

where the procedure to compute the analytic 

signal is described in section 3.1 in equations (5), 

(6) and (7).

In algorithm, l and h are used for reducing the 

searching time. We select the parameter value as 

follow:

  maxmin and 

  min where    .

w and   are the size of the window. We 

set    (i.e. 2 milliseconds) and 

   Hertz ( in normalized unit).

At each local minimum   , we apply a 

window ×    and 

count the number of points in   which fall into 

this window. The threshold   is set at 95%, if at 

least percents of number of points in   fall into 

the window then we decide that   corresponds to 

the arrival time   of a non-background segment. 

We convert index   to second by dividing it by 

  and notice that the instantaneous frequency is 

computed at index  . Therefore the 

index 0 in   corresponding to the index 1 in . 

Thus we compute the arrival time at  


. 

When the arrival time    of two signals are 

estimated, the time difference is calculated simply 

by differencing these two value:      .

Ⅳ. Example and evaluation

4.1 Example

We take the a half of the first and second 

hydrophone data to explain the algorithm. And in 

this explanation for arrival time detection, we take 

the first hydrophone data to demonstrate. The data 

is showed in figure 2.

Fig. 2 First half of 1st hydrophone data

The first step is to compute the analytic signal. 

Note that the magnitude of the DFT of the analytic 

signal is twice the magnitude of the DFT of the 

original signal at components which have positive 

frequency, and is zero otherwise (see figure 3 and 

4).
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Fig. 3 DFT of 1st hydrophone data

Fig. 4 DFT of 1st hydrophone data

Next, the instantaneous frequency is computed as 

shown in figure 5. And then, we extract all local 

minimum as shown in figure 6.

Fig. 5 Instantaneous frequency of 1st hydrophone data

The upper part is removed to reduce the 

searching time. Figure 7 shows the removed upper 

part. Then, for each local minimum, a window is 

applied as shown in figure 8 and the number of 

“point” in instantaneous frequency (the lower part 

of figure 8) is counted. And if this number exceeds 

a certain threshold we decide that it is the correct 

start position.

Fig. 6 Local minima of instantaneous frequency

Fig. 7 Local minima (filtered) of instantaneous frequency

Fig. 8 Applying window on a local minimum 
of instantaneous frequency
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4.1 Evaluation 

We experiment on the four hydrophones’ data as 

showed in figure 1. To make a reference, we plot 

out the original data at the first non-background 

segment from 0.775 to 0.777 second, as shown in 

figure 9.

Fig. 9 Start position of the first 
non-background segment

The data for reference   values are 

0.775710, 0.775753, 0.778587, 0.776443, respectively. 

where    are 1st, 2nd, 3rd, 4th 

hydrophone data, respectively. Table 1 shows 

referenced time difference of four hydrophones’ 

data. Through the table 1, we recognize that the 

estimated arrival time is 0.77571 second for 1st 

hydrophone data and 0.775273 second for 2nd 

hydrophone data. Thus, the time difference is 

estimated as 0.775273-0.77571 = -0.000437 second 

with estimation error 

     s e c o n d 

the number –0.000357.

   
 0 -0.000357 0.002877 0.000733

 0.000357 0 0.003233 0.00109

 -0.002877 -0.003233 0 -0.002143

 -0.000733 -0.00109 0.002143 0

Table 1. Referenced time difference of four 
hydrophones’ data

where the data in row x and column y is the 

time difference between yth and xth hydrophone 

data. For example, in the second row, the data  the 

data corresponding to 

              

respectively. The estimation error measured by 

mean absolute difference can be represented by 

equation (9) 

 
 






 



  

(9)

where   is the number of Hydrophones 

(   ), 
  is given in table 2 and   

is the estimated time difference.

For example, with    , we can calculate 

following equation (10). 

  





 




 



 

(10)

For implementation, we use the Time-Frequency 

Toolbox (http://nongnu.org/tftb/) which is written 

in Matlab programming language. In addition, we 

translate those source code to C programming 

language. For the FFT calculation, we use the 

FFTW library [2] (http://fftw.org). Figure 10 shows 

the arrival detection result on 1st hydrophone data.
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Fig. 10 Arrival detection using Instantaneous 
Frequency on 1st hydrophone data

The estimated results are showed in table 2 and 3.

   
 0.77571 0.775273 0.778137 0.776447

Table 2. Arrival time detected using Instantaneous 
Frequency

   
 0 -0.000437 0.00243 0.00074

 0.000437 0 0.002867 0.001177

 -0.00243 -0.002867 0 -0.00169

 -0.00074 -0.001177 0.00169 0

Table 3. Time difference estimated (in second) using 
Instantaneous Frequency

We acquire that the estimation error in mean 

absolute difference is    second.

Ⅴ. Conclusion 

In this paper, we consider the theoretical 

background of estimating the arrival time of the 

first non-background segment in both signals and 

calculate the temporal difference in underwater 

environments. We also presented the initial 

experimental result of estimating the arrival time.
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