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ABSTRACT

Time—frequency representations constitute the main toarialysis
of non-stationary signals arising from environmental ayst. Re-
cently, the interest for underwater dispersive channgiears since
dispersivity phenomena act at very low frequencies whiehveel|
suited for long range underwater communication. In suchsa,ca
a main interest is to perform estimation of the impulse raspoof
such channel for processing purposes. In this paper wedintma
time—frequency analysis tool that aims to extract the tiimegiency
components of the channel impulse response. This techngjue
based on the adaptive time—frequency filtering whose pasamare
defined by a local chirp matching procedure. Tests provided:tl-
istic scenarios illustrate the potential and the benefite®@proposed
approach.

Index Terms— Time—frequency analysis, System identification,
Dispersive channels.

1. INTRODUCTION

Considering the general non-stationary behavior of therwasions
encountered in real applications, analysis in the fieldoétifrequency
domain constitutes the best suited technique to identdéyréfevant
structures for information processing [1]. In the contekunder-
water acoustic, considering the dispersive behavior ohcbks has
fundamental interest, especially in the case of systemsatipg at
low frequencies. In [2] a theoretical description of sigisalied from
underwater dispersive channels is described. It showslibersiv-
ity phenomena introduce non-linear time—frequency deftions
of emitted signals. In addition, such deformations depemdhe
propagation path, and leads to a multi-component heteeogesn
non-linear time—frequency behavior of the received sighdbre-
over, coefficients loss and time—frequency proximity ofgatring
the signal model very complex. As shown in [1], [2], analysfs
dispersive underwater signals by typical time—frequeneyhwods is
a challenging problem.

In this paper, a characterization framework that aims tbwih
signals issued from underwater dispersive environmemntoiggsed.
The high-resolution requirement and the non—stationafifl sig-
nals imply the construction of a new time—frequency analgsiat-
egy. A two steps solution is proposed. First step consistsughly
modeling the instantaneous frequency of each componensetsod
local chirps. This model is established by finding the besiched
local chirp to the component. Unlike conventional appresctine
first step exploits the initial phase of the local chirps, destrating
the importance of this parameter. Second step exploitsettima-
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tion to design the time—frequency filter for the extractidhe cor-
responding part of the signal. Finally, this procedure igqgrened
again for remaining components. The paper is structuredliasvs.
In section 2, the method is described in details. In sectjaftdr a
short presentation of the underwater dispersive chantimelgoten-
tial of the proposed approach for some realistic data isqaoWWe
conclude in section 4.

2. METHOD

In alarge number of applications (radar, sonar, underveateustic),
signals modeling is classically done by means of a multimament
coherent time—frequency structures model. Such a moddieax-

pressed by :
M

z(t) =Y @m(t) +n(t), 1)
m=1

wheren(t) is the noise and where each component is expressed
asxm(t) = Am(t) cos(pm(t)). With this notations,A,.(t) and
¢m(t) are respectively the instantaneous amplitude and theninsta
taneous phase of the!” component. In what follows, we assume
that eachA.,, (¢) is slowly varying compared t¢,,(¢). In addition,
we assume that the derivative ©f, (¢) is a continuous function.

Let the signalz(t) be the received signal that has to be character-
ized. In this context, the problem is to find the $et,, (¢), ¢ (t)}
such that

argmin
{Am (), ¢m (1)}
whered(z(t), Z(t)) is a measure between the received signal and the
model.

In the case of unknown model, the shapks(t) and. (t) are
unknown. Thus, due to the extreme variability of these patanrs,
minimization of (2) is untractable, except for very simplasses.

To solve this problem we propose a general framework thattaim
estimate the sefA,,(t), ¢ ()} without prior knowledge on the
model.

#(t) = d(z(t), (1)), )

2.1. General methodology

A broad class of characterization methods has been progosed
non—stationary mono—component signals (e.g. polynomiaatiza-
tion of phase [3], chirplets [4],...). However, it is welkréwn that
such approaches lead to very high difficulties in the case lofta
erogenous mixture of close time—frequency components.

To overcome this difficulties we consider, in this paper,ghe-
eral framework illustrated in Fig. 1. Itis a recursive sture based
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Fig. 1. General principle of the proposed characterization frame
work.

on two main steps: the time—frequency tracking step, andirtie-
frequency filtering step which are described next.

2.2. Time-frequency tracking

The goal of this step is to estimate, from the mixtu(e), the instan-
taneous frequency law of the'™ componentz,,,(t). The overall
tracking strategy is illustrated illustrated in Fig. 2.

2.2.1. mono-component case

Let us first consider the case when the received signal is amon
component signal such thatt) = z,,(t). We assume that,, (t)
can be approximated on each time segméntby a linear chirp
Tm(t). Based on this assumptio,, (t) can be expressed on each
time segment € [jAt, (j + 1)At[ by Tm ;(t) = cos(@,, ;(t))
where _
¢m,j (t) =a;+bjt+c 2, 3)

This local chirp model has been extensively considered ditiac
with basis pursuit technics [4] to provide sparse repregiEms of
signals. However, basis pursuit technics generally censidiepen-
dently each chirp which is not well-suited in our contextrncsi the
instantaneous phase ©f, (t) is a continuous function, one can ex-
pect that the chir@,,,,; (¢) is “connected” with the chir@,,, j+1(t).

While the match filtering using reference signals (e.g. ps)ir
is a traditional technique in radar or sonar [1], its inteiagtime-
frequency analysis has been materialized by a local matehirfidy
procedure [2]. In the remainder of this paper, we suggeshprive
the classical matched filtering approach by requiring ety of
the initial phase between chirfgs,,; (t) andZm,,j+1(t).

This can be interpreted as requiring following continuigne
straints

1 Chirp sequence has continuous instantaneous frequency
bjt1 =b; +2 (JAL) (¢; — ¢j41)- 4
2 Chirp sequence has continuous instantaneous phase
aj+1 = a; +b; (jAL) + ¢ (1AL (5)

LetZn,0(t) be the initial chirp that best approximate the compo-
nentz., (t) over the time interval0, At[. The next chirpz,,,1 (t) on

Frequency
Chirps candidates

(I(ci)yi‘m,l)

- P
Fractional %Z?:gg:t
filter

Fig. 2. lllustration of the time—frequency grouping strategy.eTh
search of the next segment can be reformulated as a multitihggis
coherent detection problem.

the time—interva[At, 2At[ is defined to be the one that best match
xm (t) with regards to the phase constraints (4) and (5).

We formulate this problem as a multi-hypothesis detectiob{p
lem whereH,, ..., Hys are the chirp candidates. The problem of
finding the best candidate can be handled by testing all hgges
Hr and choosing the one for which the match between the candi-
date and the true signal maximizes some criteria.

The problem of finding the best candidate when the match de-
pends on amplitude and phase of signals is generally refasea
coherent detection problem [6] and can be solved by a langetya
of techniques. In [7], authors suggest to use the so—calladrgture
matched filtering. This approach consists in comparing teas
zm (t) with in phase and in quadrature waveforms such that

(G+1)A; _
se= [ wn(tycos 3, (1) dt (©)
MAY)
(G+1)A; _
o= [ au(sin 5,0 di 7)
KIAY)

and to calculate the penalty critepiér,. (t),Tm,;)

2 2
NsTe — 2 Nes Te Ts + Ne T

; (8)

p($m,fm,i) = 2 Ne Ns — 2 ngs

with n. = fj(ifl)Ai cos® ¢, ;(t)dt,ns = fj(ifl)Ai sin? ¢, ;(t)dt
andn., = [0 cos 4, ;(t)sin 6, ;(t)dt. Thus, the penalty

criterionp(zm (t), Tm,;) is maximized fore,, (t) = Tm,; gives op-
timal estimation ifn(¢) is a white Gaussian noise.

2.2.2. multi-component case

In practice, the received signal(t) is a multi-component signal. In
this case, the white Gaussian noise is clearly not satiséeduse of
the multi-component nature ef{t).

For this reason, we suggest to introduce a preprocessipgrste
the quadrature matched filtering to isolate the specifictineguency
band on which the chirp candidate is defined. Since the chinglie
date is a linear modulation of frequency, we suggest to useltss
of linear filters based on the Fractional Fourier transfoenatdibed
in [8] to isolate the specific time—frequency band aroundit&an-
taneous frequency of the chirp candidate. We define(‘aé(t) the
signal that is obtained by filtering(¢) around the instantaneous fre-

quency ofZ,, ;. This signak:(“") (¢) is given by :

:p(ci)(t) _ ftanfl(ci) ((_7_‘* tanil(ci)x) (f)H(f)) ), (9
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whereF* is the fractional Fourier transform of angle and H ( f) cc>>‘

is the frequency response of a pass-band filter. Sle(t) _-—-—-<
From the estimatiof,,,,1, we repeat this procedure for all time g

segmentg At to obtain the sequend&.,.,o(t), ..., Tm,s(t)}. w

Time
2.3. Time-frequency filtering
The goal of the time—frequency filtering step, is to extraohf the () "% he(t) 2) " i (t)
received signat(¢) the component:, (¢) that has be tracked in the -
previous tracking step. ? ::]:)’

Letw(t) be a continuous strictly increasing function. We define 2 ot =1 zu(t
the local harmonic convolution operator [5] between theaig (¢) g,' _ - f{ _
[ Time Time

and the filter functiorh(t) by :

w(t) dw(r 1 1 Fig. 3. Time—frequency interpretation of the class of linear time
(t) * h(?) :/R di )‘T(T) h(w™ () —w™ (7)) dr. (10) varying filter based on non—unitary time—warping operatcfep:
Received signalz(t). Bottom-left: “lowpass” filtered signal.
It can be noticed that in the special case whet&) = ¢, the classical Bottom—right: “highpass” filtered signal.
convolution operator is recovered. Based on this opertitedjnear
time—invariant filtering theory is extended to a more geheess of

linear filters that is valid for non—stationary signals. This last parameter gives the dispersive behavior of thareiaand

The general principle of this class of filters is depictedi B. s gescribed through the modal propagation theory [9]. Tinaise
Its aim is to decompose the received signa) into two signals  responses(t) of dispersive channels is expressed as a sum of modes
xr(t), zz (t) such that each signal is contained in a specific t|me—m(t) — SN h,(t) where the mode, (¢) is given by :
frequency region delimited by a time—varying cutoff freqog f = n=1 " '
e(t). m(t) = F 1 (am —jky 12

It can be shown that such a decomposition can be obtained by om(t) (am (f) exp (=k-(f,m)r) (12)
processing the signal by means of (10) if the following ctinds  with ! the inverse Fourier transforndy the number of signifi-

are fulfilled [5] cant propagation paths;,(f) the attenuation ofn™ path, the
1. w(t) function matches the time—varying cutoff frequency suchransmitter-receiver range awgl(m, f) a function associated to the
that m*" path. Close—form computation of (12) is a difficult task and
. . requires the knowledge of the physical parameters of thareia
£ = d Rt 11 Still, a close—form expression of the group delayraf(t) is avail-
wit) = Jo [[m e(w) u] 7 foe (1) able in particular cases (constant sound speed profilejingao the

following expression :
2. filter functionsh, (t) andh g (t) are respectively lowpass and

highpass filters, with zero—phase and with a cutoff frequenc 9 2 2 -t
equals tofo. 1 Oke(m,f) _ | ¢ \/(27T f) 3 < 1) w2

= k— = =
Thus, from the chirp sequen¢&...,o(t), ..., Tm,s(t)} we gen- of 2nf ¢ 2] h
erate the estimated instantaneous frequéticit) of the component (13)
& (t) by B—spline interpolation. Then, the the extraction of ke~ Wherec is the sound velocity, ankl is the transmitter depth.
component is performed with two filters that have time—vagygut- Toillustrate performances of the proposed characteciadtame-
off frequencye(t) = IF(t) + Af where2Af is the band of the work, we consider a numerical simulation of the impulse oese
time—varying passband filter. of an underwater dispersive channel. The simulated chas@6im

deep and has a rigid bottom. The distance between the somdce a
the receiver is 1500m. Since the sound speed is approxiehativ
1500m.s~ ' in water, reception instant is one second delayed from
emission instant. The simulated signal is sampled at 3kHig, h
13000 samples, has been performed on the frequency|banit —
—300H z] and is corrupted by an additive white Gaussian noise with
a 10 dB signal-to—noise ratio. The theoretical represientand the
spectrogram of the simulated signal are displayed in the4rig

3. NUMERICAL EXAMPLES

In this section, performances of the proposed charactenziiame-
work is illustrated in the context of underwater dispersitannel.
For this purpose, we first introduce the considered signalehand
then illustrate performances of the method on a realistiukition.

3.1. Underwater dispersive channels
3.2. Results

From a signal processing point of view, the underwater cehisn
characterized by a non—linear time—frequency distortich@emit-
ted signal which depends on two effects [9]:

The characterization procedure consists in the separafi@ach

modex, (t) from the signak:(¢) by iterating the tracking—extraction

) ] algorithm described in Sec. 2.

* Attenuation due to the reflection to the bottom and see sur- = The first step, consists in generating a chirp sequénge; (t)}
face; in order to estimate the instantaneous frequency“dt). The sec-

» Non-linear group delay, having distinct characteristizeach ond step consists in designing a pass—band time—varyiagJiliose
path, which produces a different delay for each spectratcomtime—varying cutoff frequency matches the chirp sequdtice; (¢)}
ponent. and extracting the modg,, (¢).
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Fig. 4. Realistic numerical simulation of the impulse response ofFig. 6. Results of the tracking-extraction method.Top from left t
an underwater dispersive channel. Top: theoretical tinegerlency  rigth : smoothed pseudo Wigner—Ville of respectively, thstfithe
representation of the channel impulse response. Eachdpresent  second and the third extracted modal arrivals. Bottom: stineo8

a mode and the color bar represents the energy attenuatmmeat smoothed pseudo Wigner—Ville of each extracted modalalstiv
meter. Bottom: spectrogram of the channel impulse response

mation is just an approximation it constitutes only an imediary
result used to design the time-frequency filter. This laféature
serves to accurately extract the corresponding signalrigsalso

the conservation of both amplitude and time-frequency exust of
the given structure.

3 35 4 Results proved the potential of the method in a realisticexdn
from both time-frequency component proximity and ampléudn

future works we will study improvement of the proposed tiagk
tool by using cubic frequency modulation instead of theghiodel.

This way, the tracking will achieve a better matching ratithvinon-

linear time-frequency structures. In another hand, testsefal data
will be conducted.
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Fig. 5. Result of the time—frequency tracking step after 8 itera-
tions. This tracks are used for the design of the non—statyotime—
frequency filter.

Once the extraction of the modg,,(¢) has been completed,
the extraction of the next mode,, 1 (¢) is performed by the same
tracking—extraction procedure on the residual sigr{a) — & (t).

The result of the tracking step after 8 iterations is deplidte
Fig. 5. As can be seen, each track is clearly associated with o
time—frequency component as they approximately match thei
stantaneous frequencies. Based on this family of tracisssitaight-
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