arXiv:1502.02803v2 [cs.IT] 25 Aug 2015

A TDOA technique with Super-Resolution based on

the Volume Cross-
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Abstract—Time Difference of Arrival (TDOA) is widely used
in wireless localization systems. Among the enormous appaghes
of TDOA, high resolution TDOA algorithms have drawn much
attention for its ability to resolve closely spaced signal elays in
multipath environment. However, the state-of-art high relution
TDOA algorithms still have performance weakness on resolvig
time delays in a wireless channel with dense multipath effécas
well as difficulties in implementation for their high computation
complexity. In this paper, we propose a novel TDOA algo-
rithm with super resolution based on a multi-dimensional cioss-
correlation function: the Volume Cross-Correlation Function
(VCC). The proposed TDOA algorithm has excellent time resal-
tion capability in multipath environment, and it also has a much
lower computational complexity. Because our algorithm dos not
require priori knowledge about the waveform or power spectum
of transmitted signals, it has great potential of usage in vdous
passive wireless localization systems. Numerical simulahs is
also provided to demonstrate the validity of our conclusion

Index Terms—Time Difference of Arrival, Volume Cross-
Correlation Function, super resolution, multipath environment

I. INTRODUCTION

Correlation Function
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super resolution and ability of dealing with multipath envi
ronment, such as the technique of time delay estimation from
low-rate samples over a union of subspac¢es [19,20] can also
be adapted to TDOA estimation.

As we know, the TDOA corresponding to the direct path
(or Line of Sight) is what we really need to localize signal
sources, but cannot be determined unless we could resdlve al
the TDOAs caused by every pair of multipath components.
Therefore, improving the time resolution and enhancing the
ability of identifying each multipath TDOA are two major
tasks concerned in design of TDOA techniques. In this paper,
we are going to propose a highly efficient TDOA algorithm,
which has strong ability to resolve multipath TDOAs.

In this paper, we develop a new TDOA estimation algorithm
based on a novel multi-dimensional cross-correlationtiong
named the Volume Cross-Correlation function (VCC). This
VCC function takes two matrices (which represent subspaces
instead of two vectors, as arguments. It calculates the geom
rical volume of the high dimensional parallelotope spanmed
column vectors of these two matrices. It can be regarded as a
generalized distance measure of the two subspaces spayned b

Among the tremendous amount of source localization tectelumns of each input matrix. In our method, the received sig

niques [1,2.8], TDOA based techniques are widely used ival is formulated as deterministic signal with unknown éine
wireless communication [1,4], indoor microphone posiitign subspace structure contaminated by random noise. Then this
[5], wireless sensor networkl[6], passive localizationtsys unknown subspace is extracted from noise through singular
[7/8], and sonar[[9]. Since traditional TDOA methods, suctalue decomposition of some data matrix, such procedure is
as the Generalized Cross-Correlation algorithm (GCC),[1@ctually a denoising process commonly seen in modern signal
have restricted ability of time resolution and can not resol processing. Afterwards the VCC function is calculated with
the TDOA of multipath signals with close delays, many higmputs being the basis of the estimated subspace. Finadly th
resolution TDOA algorithms have been proposed recently torresponding TDOA estimation is indicated by the zeros (or
deal with the scenario where signals from different path&haequivalently, the peaks of its reciprocal) of the VCC fuanti
close delays. In order to analyze the performance of the proposed TDOA
There are mainly three branches of high resolution TDO&Igorithm, we choose the passive localization system as a
algorithms: one is the optimal maximal likelihood (ML) timetypical application scenario. In our analysis, the recgive
delay estimators using techniques like expectation madmi signals commonly encountered in passive localizatioresyst
tion (EM) [11], or importance sampling [12,13]; anotheare divided into two different categories: the slowly chiauigg
branch is the super resolution TDOA algorithms based subspace signal and the fast changing subspace signal. The
subspace method$ [[4]15,16]; the third branch is the higlowly changing subspace signal means the subspace s&uctu
resolution TDOA estimation methods using sparse recovesf/ the signal remains unchanged during the time interval of
algorithms based ofy optimization [17,.18B]. Except for thosea large amount of observations. As for the fast changing
main branches, some delay estimation techniques that haudspace signal, contrast to the term "slowly changing”, it
refers to the circumstance that the subspace structure are
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subspace. The two signal categories covers most wireless

signals encountered in passive localization sytems, which

means the proposed technique has a potential of wide usage.
The rest of this paper is organized as follows. In section II,
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we give the problem formulation, as well as the definition andherei =1,---m,j=1,--- ;i — 1.

property of VCC function. In section Il and section IV, we The principal angle is an important mathematical tool to
propose and analyze our proposed TDOA algorithm based @epict the relationship between subspaces. Except foingay
two categories of signals, respectively. The performaioeio  a key role in deriving the geodesic distance [22] for Gragsma
TDOA method is demonstrated through numerical simulatiomsanifold [22] [23], principal angle are used to define vasiou

in section V. distance metrics of linear subspaces| [23]. The proposed VCC
function in this paper is also related with the principal leng

Il PRELIMINARY MATERIAL The Volume Cross-Correlation (VCC) function of two given

A. TDOA eStImatlon in multlpath enVironnmt matricele c CnXdl and X2 c (CnXd2 is deﬁned as

In a typical TDOA-based localization system, due to the | (X1, X5))
complicated environment where buildings and vehicles may vee( X1, Xs) = VOld, 4dy (| A1, A2 ’ (5)
lead to significant scattering of wireless signals, therghmi volg, (X1) volg, (X32)

be dense multipath effect in the wireless channel. Thevedei

multipath signals will be: where[X;, X3] means putting the columns of matricés,

: and X, together into one matrix, andol;(X) denotes the
1 . . . . .
eometrical volume of matrixX € C**? with dimensiond
zi(t) =Y ongs(t—710) + wi(t), @ 9 i : :
= (d < n). Itis defined as[[24]:
Lo d
wa(t) =Y asus(t — Ta.) + wa(t), 2 volg(X) := H oy, (6)
=1 i=1
wherea; ; andasy ; are the propagation gains (also known S here o
the channel coefficients) of thieh path along which the signal !
transmitting from source to receiver 1 and 2, respectively,
andry; represents the corresponding path deldysand L
are the number of channel paths,(t) andw-(t) are noises. ; _ ; )
As we know, the task of TDOA estimation is to determingclgsdrg??ﬁg ::mz%qm\flﬁg:g [azrll?. principal angles is de
the difference of time delays of the received signal from Lemmal: Consider two linear suBspace’Sl and X, in
different receivers. However, frorhl(1) arld (2), it can benseqRN, their dimensions aréim(X;) = dy, dim(X) = ds, and

that in a multipath channel, there are theoretically mldtip., . - . Nxd Nxd
. their basis matrices arX; € RV *% and X, € R %% then
TDOAs which can be resolved. Denote these TDOAs by 1< 2 €

> 09 > --- > og > 0 are singular values of
matrix X. Indeed,vol;(X) is the geometrical volume of
dimensional parallelotope spanned by the column vectors of
matrix X .

we have
ATll.lg = T2.l2 - Tl.l17 ll - 17 e 7L1712 - 17 Tt 7L27 (3) min(dl,dg)
’ ’ ’ 1 X, X
Il th ltiple TDOAS asuiltipath TDOA. Although vl (X0 XeD) T G, ), ()
we call these multiple s asultipat . Althoug voly, (X 1) voly, (Xa) J
1 2

in source localization systems, the direct path TDOA is the J=1

only concerned, which i&\r; ; = 751 — 71,1, precise estima- where0 < 0;(X;, &) < 27,1 < j < min(dy,ds) are the

tion of the direct path TDOAAT; ; actually requires resolution principal angles betweea’;, and A5.

of every multipath TDOA in[(B). In cher vyords, becagse the (@) just indicates that the VCC functiof](5) is actually

channel path delays and propagation gains are basically ¢fe product of sines of the principal angles between sub-

known at the receivers, we cannot tell the difference betwegpacest; and A,. Therefore[(5) can be regarded as a kind

direct path TDOA and other indirect path TDOAs merelyf distance measure of subspac&s and As. Intuitively,

from the received signals. Therefore, we need to resolveyevéf the subspacet; and X, are linearly dependent, then

mutipath TDOA, before we pick the direct path TDOA andiim(x; N &;) > 0. According to the definition of principal

continue the localization process. From this point of vitve, angles, there must be a vanishing principal aglet;, X»).

primary goal of TDOA localization in multipath environmentThat is volg, 4,([X1, X2])/ volg, (X1) volg,(X2) = 0.

is to precisely resolve every multipath TDOA shown i (3). On the other hand, ifY; is perpendicular toX,, then

V01d1+d2([X1,X2])/V01d1 (Xl)V01d2 (XQ) = 1 holds obvi-

_ _ _ _ ously. As a matter of fact, VCC function measures the extent
The basic relationship between linear subspaces are gegglinear dependency between subspaces [25], and will be use

ally described by principal anglels [21]. The principal @@ to derive our TDOA algorithm.

B. The Volume Cross-Correlation Function

defined as:
Definition 1: Consider linear subspacel and x>, with [1l. ESTIMATING THE TDOA OF SLOWLY CHANGING
dimensionsdim(X1) = dy,dim(Xy) = do, denotem = SUBSPACE SIGNALS USINGVCC FUNCTION

min(ds, d2). The principal angles between subspadgsand

A. The dowly-changi b: ignal
X, denoted by0 < 6, < --- < 6, < w/2, are defined © SIOWly-changing Subspace Sign

recursively as .In the passive localization system, infqrmation about the
- wireless channel as well as the source signals are generally
cost; = uie%ife& u; v, unknown by the receivers. Hence TDOA technique is quite
; suitable for this kind of localization system [26]27]. Fiyswe
subject to ||u;l|z = [|vi]l2 = 1, (4) y I ]. Fiys

focus on the category of signals that have a slowly changing
subspace structure.

T

_ T,  _
u; u; = 0,v; v; =0,



A typical type of signals we encounter in passive localaterval can be up to 20s in a typical channel scenario) ethes
ization systems are radar signals radiated by non-coaperasample data can be formulated as
radar transmitters. The common pulse radar waveform can be

expressed as the following expression: v = Gial? +w’, =12, (13)
e where j indicates different observation segment of time.
s(t)= Y /Pug(t—mTy), (8) Although the channel coefficient vectet?) is fluctuating

m=—00 with j, the subspace structure determined by matix will

where P, > 0 is the transmitting power of the radar, andemain almost unchanged. We call this category of sigtiels

g(t) € C is the general form of the radar pulse wavefoffy, Slowly changing subspace signal, meaning that the subspace

is the pulse repetition interval (PRI). structure in[(lL) changes slowly with time, and can be tckate
We consider the received signal in a signal PRI, then @#p invariant in the observation interval.

the multipath environment, the received signal from ttle The subspace structusgpan(G;) is unknown to the re-
receiver { = 1,2, ---) would be ceivers, but can be estimated from multiple observatioma dat
like (I3). Because a typical radar transmits a pulse wawefor

L;
zi(t) =Y @i/ Pag(t —i0) +wilt), t€(0,T,), (9) Radar
= tonitrios NI AN
Multipath 77

whereq;; andr; ; are the corresponding channel coefficients.iayed signa
and path delaysw;(t) is the Gaussian white noise ath

. . . . . Received T
receiver. After sampling the received signal with the lat&;,  sizar rron ]
and ignore the non-integral part of the ratig;/7,, take "'
d;; = |11/Ts] as the integral channel path delay, theh (9) wutipa
can be approximately expressed as Pelaved Signal

I T
ZATAT

lliliiksasiiiliiinzZ

L; Fig. 1: Getting multiple observations of radar signals
yi(kTy) = > aii/Pag((k — dig)Ts) + wi(KTy).  (10)
=1 repeatedly with a PRI df},, we can receive segments of these

Rewrite [10) into a vector form, we have multiple radar pulses as i (13) accordingZ®p, which can
_ be estimated by various PRI identification techniques [3)2,3
Yy = VPG + w, =12, (11) Afterwards the corresponding signal subspace is estimated

using the well-known subspace methods like MUSIC, ES-
PRIT, etc. The process of obtaining multiple observatians$ a
Gi=19i1,9i2, - ,9ir,] € CV*Ei (12) estimating subspacgan(G;) can be demonstrated in figure
[0, the gradient change of the background color in figure 1
wheregi; == [9((0—d;1)Ts), g((1—di1)Ts),--- ,9(N—1— represents the fluctuation of channel coefficients, they
di)Ts)|", 1 =1,---,L;. The vectora; = a1, s, 1,] € are reasonably assumed to take independent values among
Ci is the channel coefficient vector composed of the corrgifferent pulses’ durations.

sponding channel’s path gains, amis the noise vector. Asis  Denote these multiple data of the received radar signal by
shown in [11), the received radar signal in a multipath clednn o )

wherey; := [y;(0), yi(Ts),- - yi((N — 1)T,)] € CV, and

generally has a deterministic subspace structure with the Y, Y (14)
corresponding subspaepan(G), i.e., spanned by different ]
time-shift versions of radar waveforg(t). these observation data are then used to evaluate the sampled

Except for radar signals, the common linearly modulat&fvariance matrix
wireless communication signals such as DS-CDMA, OFDM, R 1 X () GONH
QAM, and others that carry symbols on some periodic pulse R, = ooy Zyij (v, (15)
shapes, can also be modeled as the signal with a subspace J=1

structure in [(1l1) [[28.29.30]. The ?ubspace signal StrectUkccording to the well-known subspace methods, the signal
is mainly related with the channel's path delays. As a g pspace can be estimated through eigen-decompositién of
matter of fact, channel delays are caused by differentrliss Indeed, as a commonly known approach, we firstly evaluate

between receivers and signal sources (or reflective objecife eigenvalues and eigenvectorsif, then we estimate the
and generally signal sources and reflective objects don& hay;mension of the signal subspace (if the maté is full
extremely high velocities, thergfore chann.el delays can k. the dimension will beLE) by analyzing the distribution
generally seen to be constant in a short time. On the othgleigenvalues; and finally we can separate the eigenveators
hand, the wireless channel's path gaimg fluctuates with p intg pases for signal subspace as well as bases for noise

time, which is caused by channel fading effect. This fag}hspace, The bases for signal subspace are eigenvedtors wi
also means that for a time interval long enough for the

r?CEiver to Ob_tain relatively large samples_ of the reCeivedlln following analysis, we will assume this full-rankness le satisfied.
signal (according to chapter 2 of [31], the time scale of thisdeed, a sufficient condition will be given to ensure thisuasption.



respect to thd.; largest eigenvalues. As a result, we can write Remark 2. The basis matricééﬁd'TS] andU; , are the es-

R; into . . . timated bases for the delayed signal subsm@aﬁ(G[lAd'TS])
R = Ui sAi Ui, + UinAi Uy, (16) and non-delayed subspaspan(G-), respectively. From the

where the matrixU; , is the estimated basis matrix for thePrévious analysis, we know that

signal subspacepan(G)). It has been proved thapan(U; ;) G = gﬁd'Ts], . 7g£7ALdl-Ts]} e CNxL1 (17)

approximates the signal subspagean(G;) asymptotically
for a sufficiently largem [34[35]. Then we will use the whereg!3* ™ := [g((0—Ad—dy ))T.), g((1— Ad—dy )T),
estimated basis of signal subspace, ¥, to estimate ... ’g((]\}_ 1—Ad—d;)T,)7", and
TDOA using VCC function. The full algorithm is given in

g g g G2 =921, ,92,1,] € CV*2, (18)

the next subsection.
WheregQ,l = [g((o_dQ,l)TS)ag((l_dQ,l)TS)a T 79((N_1_
B. TDOA estimation using VCC function for slomly changing d2,)7s)]*. So the VCC functiomolL1+L2([Ul[ﬁd'TS], Uss))

subspace signals: Algorithm is approximately measuring the linear dependence of sub-
[Ad-T;] . )
Algorithm 1 spacesspan(G; ) and span(G2). It is obvious that
For Ad=—N+1,--- ,N — 1, Loop: when Ad . G2 = dun, for any par of L and iz,

1) Obtain delayed multiple observation data (for ~ SPan(G1 ) and bp&‘[%%?]) are linearly dependent, which
j=1,---,m) means 1/ volr, 11, ([Uy " ", Uz]) will tend to infinity,
y@HALT while on the other hand, whel\d # da;, — dl’Alld Tfor

al iy = 1,---,Ly andly = 1,---, Ly, span(GL4™))

. . T
[zﬁ”((o —Ad)Ty), -y (N -1 - Ad)Ts)} and span(G») may be linearly independent, meaning that
1/volp, 11, (U3, U, ,]) would have a finite value. From
. this observation we could expect that,; (Ad-Ts) would reach
Y = [ygj)(o T,y (N — 1)T5)] . its peak at evernAd = da 1, —dy 1, . We will give a theoretical
. . guarantee in the next section to validate this observation.
2) 9?139}??8 the sampled covariance matrices Remark 3. As is mentioned,,; (Ad-T) will reach its peak

R;™" and R, according to[(15), if Ad = dy,, —dy,,. Therefore, we are expecting to resolve
3) Perform eigenvalue dec[%TpT)c?sition of the sam- every multipath TDOA, i.e.,

pled covariance matriR;"" "*' (and Ry); Ady, 1, = doy, — diy,,

and non-delayed observation data

4) Estimate the dimensions of signal subspdces
(and Ly) according to the distribution of their
eigenvalues;

forallly =1,---,Ly,andls = 1,---, Lo. It is another inde-
pendent problem about how can find the TDOA corresponding
to the direct channel path, i.e., identifyidyl; ; = d21 —di 1

5) Extract the basis for the signal subspaces among all of the multipath TDOA, which is known as the

Ul[ﬁd'Ts] € CN*l1 (andU, 5 € CN*L2) from disambiguation of TDOA[[40,41]. So the adaptation of our
the eigenvectors corresponding to the (and TDOA algorithm to these disambiguation strategies won't be
L») largest eigenvalues dR[lAd'TS] (and Ry): discussed in this paper and will be left for a future work.

6) Calculate the reciprocal of VCC function: . .
C. A Theoretical Guarantee for Algorithm 1

Ad-Tg . . . .
Puot(Ad - To) = 1/ volp, 41, (UL, U )). We will show in this subsection that, the performance of
the proposed algorithm is theoretically guaranteed, alades

End_ Loop. . with the auto-correlation function of the transmitted nada
Find the peaks ofr,q(Ad - T) and the corresponding waveform. The auto-correlation function is well known as
value of Ad. the ambiguity function of a radar waveform along the zero-
Below are some necessary notations and remarks: Doppler axis, it is an important characteristic of the radar

Remark 1. In our algorithm, the dimensions of signal sutpulse waveform. Denote the auto-correlation function dfara
' ' w%veformg(k -Ts) by

spaces are actually the number of channel propagation,path N
i.e., L; in @), which are generally unknown at the receiver. .

: - . . . Ry(Ak-Ty) := KTS) - g* ((k — AK)TS),
Therefore the dimensions have to be estimated first before 2 ) kzzlg( )-o°(( )T2)

we estimate the basis for sigr_lal subspacgs. Luckily Fheafe %he following theorem validates the feasibility of the pospd
tremendous numbers of algorithms to estimate the dlmensg orithm:

of signal subspace from a sampled covariance matrix, suc . ; ; [Ad-T,] ;

as methods based on Akaike Information Criterion (AIC) [36Andhg$r)ercvg Iggn&der the matrices:; andGz in (L7)
Minimum Description Length (MDL)[[37], Bayesian Informa- ' '

tion Criterion (BIC) [38], Predictive Description LengtRDL) fio = L |Rg((d1, — di1,7)T5)|

[39] and so on. In this paper we just assume the number of T B

channel pathg; is precisely estimated, and focus our analysis H = 1§l;§i¥92 | Bg((d21y — da,12)T5)]

on the estimation of signal subspaces and its influence on ;. max |Ry((dy1, + Ad — doy,)T))|
TDOA estimation. 1<ISLy 1< <Ly ’ ’



and letji, := max{%, %}, fim = %‘ d; 1=+ will not be resolved by our algorithm; however, the other

First, if TDOAs satisfying the constraint if_(1L9) are still guaraatte
1 be resolvable.
fis < Li+tLy—1 (19) 2). As is seen, Theorefd 1 provides a theoretical guaran-
tee of the value ofvo1L1+L2([U1[Ad'TS],UQ]), for scenarios
thendim (G ™)) = L), dim(G2) = Lo. when the value ofAd equals oneds;; — dig:, or not
Second, under condition df {{L9), we will have the followingo close to anyd,;, — di,,. Although there still exists
conclusions: an interval of Ad where we cannot ensure the value of

« If there existl} andi3, such thatAd = da ;5 — dy 17, then volL1+L2([U1[M'TS], Us)), because Theorefd 1 is a sufficient
condition, we either cannot conclude that wh&d is in such
volz, 41, (U™, 1)) = 0. (20) interval, the VCC function would yield a false peak which
could cause an estimation error; actually, Theofém 1 didn't
* g;or_e(\i/iry im%l hosIyandl <y < Ly, Ad # imply the time resolution capability of our proposed TDOA
2 e algorithm. The effect of super-resolution comes from thet fa
(1) that 1/volL1+L2([U1[Ad'T°‘],UQ]) could approximately reach

~m < - . 1 . . . .
fm = Li+Ly—1 infinity whenAd = da 1z —dy 1+, thus the VCC function would
we have reveal sharp peaks at these locations.
3). (19) and[(21) also implies that signals with different
[Ad-Tg] L/2 . . . . . .
volr, +1,([Us o)) = (1—e)"/2. (22)  auto-correlation functions will bring different TDOA esta-
The matricegjl[Ad-Ts] andU, here are orthogonal basistioN performance in our algorithm. Because the width and

sharpness of mainlobe of auto-correlation function is alttu
- . related with the corresponding signal’s bandwidth, andaiig
p=max{fis, firm}, and the parameteris with sharp auto-correlation functions will ensure bett&xOA
LiLy - p? resolution. Thus, wideband radar signals would bring bette
precision in our TDOA estimation algorithm, simulation il

[1—(Lr = Dpl[l = (L2 — D]’ b ot i e
Theorent ] provides a theoretical guarantee for our proposeed carried out fo support this conclusion.

TDOA estimation algorithm. The theorem just describes, that
when there exist; and[3, such thatAd = da;; — dyx,
the volume function will be zero; while on the other hand,
given the radar waveform(kTs), whenAd # dg g, — di,,
as long as the delays, i.edy;,, d2;, and Ad satisfy [19)
and [21), the volume functiomolL1+L2([Ul[Ad'TS}, Us]) will

be non-zero as shown in_{22). Therefore Theoiém 1 justcongrast to the slowly changing subspace signal model,
ensures tha[tA(liJ.rTld]er certain coqditions, the volume_ functighare are also a large category of signals that don’t have a
vol, 41, ([U;™" 7, Us]) takes different values for differentgieady subspace structure aslinl (11). For example, in passiv
cases ofAd, which validates the feasibility of our proposeqpcalization systems, FM radio transmitters, TV broadcast
algorithm for identifying TDOA. _ stations are usually the signal sources to localize, or sed as
(19) and [(211) are conditions under which Theofeém 1 takgse jlluminators-of-opportunity to localize a reflectivarget.
effecp They are obviously related with the aut_o-correlatl Because this category of signals are randomly varying with
function of the radar wavefornk,(Ak - 7). Typically the time and have no repeating waveforms, we cannot get multiple
auto-correlation function of any given signal always has ippservations of the received signal as in](13) that have the
maximum value at zero point, namelit,(Ak - T;) reaches same subspace structure. This category of signals is daked
its maxima atAk = 0; and Ry(Ak - T;) will eventually (or  fagt changing subspace signal. In our problem settings, for fast
oscillatorily) decrease agdk increases. From this point Ofchanging subspace signal, the received baseband sigmal fro
view, given the radar signal(k7;), (19) and[(2l) are actually the jth receiver is in the form of:
conditions on the time delays, i.€l; ;,, d2,,, andAd. To be

more specific, the condition§ (19) arld](21) are explained as Li
below: zi(t) =Y aigs(t—mig) Fwi(t), i=1,2,---, (24)

1). When the channel delays from receivefi = 1,2) =1
are sufficiently separated, such that their time difference .
d; 1+ — d; - are large enough, the{19) will be ensured, anthere«;; and 7;; are channel's path gain and path delay,
all the muiltipath TDOAs will be resolvable. On the other hand€SPectively. The original transmitted signdt) can be FM,
even if there is a situation where there exist sdfnandy’, FSK or AM signals, etc.

g In fact, although we cannot estimate the signal subspace
such thatd; ;- — d;- is not large enough to ensufe[19), OUtom multiple observations as in the previous section, gher

algorithm can still work. Actually, in this scenario, the 80 s still a method to extract a time-dependent signal sulespac
case may be that; ;- andd, ;- are mistakenly regarded asfrom a single observation data. For a single observatioa dat
a single path delay, then all TDOAs related wilh; and @ = [2(0),z(1),--- ,z(N —1)]", we can construct its Hankel

matrices for subspacesipan(G[lAd'Ts]) and span(Gs),

E =

(23)

IV. ESTIMATING THE TDOA OF FAST CHANGING
SUBSPACE SIGNALS USINGYCC FUNCTION

A. The fast changing subspace signal



matrix (also referred to as the trajectory matrix), which is B. TDOA estimation using VCC function for the slowly chang-

ing subspace signals: Algorithm

z(0) z(1) (K —1)
(1) z(2) z(K)
X = : : . : ’ (25)
2(M—1) «(M) 2(N — 1)

wherel < M < N,K = N — M + 1. Large numbers
of literatures are focusing on the left singular vectorstodf t
Hankel matrixX, because they contain important information
about the signale [42]. Therefore the subspace spanned by
a subset of these left singular vectors is called "the signal
subspace” (generally the left singular vectors correspund
to larger singular values would be chosen). As a matter of
fact, this signal subspace extracted from the Hankel matrix
has been used to perform noise reduction, signal forecgstin
and change point detection, eic [43,44]. The Hankel matrix

Algorithm 2.
For Ad=-M+1,--- ,M — 1, Loop:

1) Construct delayed Hankel matrix
X{Ad»TS] _

21((0 — Ad)Ts)
21((1 — Ad)Ts)

21 (N — M — Ad)Ts)
21 (N — M — Ad + 1)Ty)

21((M — Ad — 1)Ty) 21((N — Ad — 1)Ty)
and non-delayed Hankel matrix

Xo =

22(0 - Ts)
z2(1-Ts)

w2 (N — M)Ts)
22((N — M + 1)T5)

technique can be used to analyze a wide variety of signals,
like wireless signals, seismologic, meteorological, deical

time series as well as economic time series. Because no
statistical assumption concerning the signal is neededewhi
performing the subspace extraction from Hankel matrices,
this methodology is suitable to deal with the fast changing

Z2((M = 1)) (N = )T)
2) Perform singular value decomposition of

X[A‘i_'TS] and X, then we choose a subset of their
left singular vectors, i.e.,

. ) [AdTs] | [AdTs] < < mi

subspace signal and develop our TDOA algorithm. uin g T 1S Ka s min@, K)
In our setting, at the receivei (: = 1,2), given and

the sampling rate7;, the sampled signal vector is Uz, UKy, 1< Ky < min(M,K)

[2:(0), 2(Ty), -+ (N — 1) - T,)]” with length N, the

. . . which correspond to the singular valu >
corresponding Hankel matrix, denoted B§; ¢ CM*X | is P g o2 =

[AdT,]

o12, - ,> o1k, > 0 of matrix X; and
X; = smgtgl_JIa;(va[ll_Jhes;Q_th > 02'["2'"” ,> o2k, > 0 of
(0 Ts) w1 T) w(K —1)Ty) matrix X,. Then the matrices
:Bl(l . TS) IEZ(2 . TS) IEZ((K)TS) U[Ad'Ts] — [u[Ad'Ts] . u[Ad'Ts]] c (cNXKl
1 : 1,1 g %1 Ky
. . ,
. . . and
i (M —1)Ts)  xz;(MTs) z;((N — 1)T%) (26) Us = [u2,1, - uz x,] € CNxK2

are basis matrices for the signal subspaces of
receiver 1 and 2.

3) Calculate the reciprocal of VCC function:

wherel < M < N,K =N — M + 1.
if we taked; ; := |7;,,/T|, the Hankel matrixX; can also
be approximately written as

L; Ad-Ts
X~ a ST L Wy (27) ruot(Ad - To) = 1/ volie, 1, (U7, U],
1=1 End Loop.
where fFAir(]ld the peaks ofr,. (Ad-T,) and corresponding value
0 .
SldivTe] .= Below are some necessary notations and discussions.

s((0 —di,1)Ts)
s((1 —di1)Ts)

s((K —1—4d;;)Ts)

1) There are two important parameters when constructing
s((K —d;1)Ts)

the Hankel matrix, i.e., the dimensiodd and K. It is

a difficult problem that how to choose these two dimen-
sions in order to meet different requirements in diverse
applications[[44], so in this paper we just choose these
two dimensions empirically based on the experiments
and simulations.

S((N =1 = dg )Ty)
(28)

is the Hankel matrix of the sampled transmitted sigr(&(l’)
delayed byd,;; - Ts. W; is the Hankel matrix of noise

Ss((M = 1= d; )Ts)

w;(kT,). Denote the column vectors of matr&l.7:] by 2) The eigenvector extraction procedure can be regarded as
st -+ s in the following analysis, we just assume these ~ both feature extraction and noise reduction. An impor-

tant parameter affecting the extraction of signal subspace
and calculation of VCC function is the dimension of
signal subspaces, i.ef;. This parameter will be also
determined empirically. Actually, in the numerical sim-
ulation which will be shown in the next sectiok]; is
chosen to be& times of ;.

column vectors to have equal length, or instant power, i.e.,
[sW)y = -+ = IISEf)llg. This assumption is quite general
because signals we are interested in are nearly random so the
power can be regarded as time-invariant during the time of a
single observation. The full algorithm for TDOA estimatiofi

fast changing subspace signal is given in the next subsectio



C. Theoretical Guarantee of Algorithm 2 different intervals, i.e., when the value &fd as well asd; ;,

The theoretical guarantee for algorithm 2 is given as fafiow@nddz.1, enables cor_1d|t|0r1:(31_) OE(_BA')-
which is also related with the auto-correlation function of However, there is a major difference between The-
signal s(kTs): orem [2 and Theoreni]1l. When there exists soije
Theorem2: Denote the auto-correlation function of trans@nd l3, such that Ad = dp;; — diy;, the volume
mitted signal s(kT,) by R.(AkT,), consider the Hankel function volr, 16, (U1, Us]) won't necessarily be
matricesX|**”*] and X, in Algorithm 2, and let zero, as the result in[{B5) shows. The upper bound of

max
1<l1#1' <Ly
1<k k <K

fiz == max |Rs((das, — dauy +k —K)T5)| (29)
1<l2#12"<L>
1<k.k <K

fir = [Rs((dy 1y — drgy + k — K)T5)|

then we have the following conclusions:

o Ifforeveryl <[y < L;,1 <1y < Lo, dy1,+Ad # day,,
let

volK1+K2([U1[Ad'TS],U2]) is related with the parametey,
which is mainly dependent upop, L, and ByBs/A; As,
(C1 — B1)(Cy — Bs). Roughly, whenu is sufficiently small,
the upper bound ofvolK1+K2([U1[Ad'Ts],U2]) is approxi-
mately constrained byB;Bs/A; A2, which actually equals
_ onagliony] . Therefore, the VCC function
VL o 1202 [as, |2
will show a finite peak atAd = dz;x — di; , rather
than the infinite one in the analysis of Theoré&in 1, while
the corresponding paths’ "normalized” channel gain, i.e.,

Ho = Llf”f‘ L‘jl‘"fl will affect the sharpness
max |RS((d1711 + Ad — d2712 + k — k/)TS)K?)O) \/le =1 lea,y |2 }/212:1 loz,1, |2 . o
1<li<L1,1<l2<Ls of their corresponding peak, then influence the precision of

1<k,k'<K

and denotgs := max{ 57, oy ey ) then if

01,K,02 K,
K-Ci-Cy
the volume function in algorithm 2 must satisfy

VOIK] +K2([U£Ad-Ts]7 UQ]) Z (1 _ EQ)Kmin/Q

p< (31)

(32)

_ K-Ci-C ) R
where the parameter L_ 701“1;2;2 1 ang Kmin =
min{Kl,KQ}, Ol - lelzl |d1,l1|a 02 - 2122:1 |d2-,l2|’
A () [AdTs] A e
Gy, = oy, - sy, 2, G20, = a2, - |85, [l2-

If there existd} andl3, such thatAd = da ;» — d1 3, let

iy =
max
1<l3 <Ly, #17
1<15< Lo, la#15
1<kk <K

Ry((d1g, + Ad —da, + k — k')Ts)|(33)

and denotg: := max{ 75, }, then if

(34)

£ fi2
[R:(0)]" [Rs(0)]
p<D/(L-1),
the volume function will satisfy

V01K1+K2 ([Ul[Ad'TS]v UQ]) < (1 - 72)Kmin/27 (35)

estimation of their TDOAs.

On the other hand, the conditidn {31) ahdl(34) also indicates
that, as long as the auto-correlation functiBp(AkT) has a
high mainlobe peak level, or equivalently a low sidelobeslev
the performance of the proposed algorithm can be theoligtica
better. This also means that the proposed algorithm prefers
signals that are "weakly” related from different obseroati
time, which just coincides with our fast-changing subspace
signal model. Because in our model’'s assumption, the signal
has no repeated subspace structure, and is more like a random
process, thus it has a "sharp” autocorrelation function.

V. NUMERICAL SIMULATIONS
A. TDOA of Linear Frequency Modulation (LFM) signals

Firstly, a demonstration of the TDOA algorithm’s output is
given by simulation in figuré¢]2. In the simulation, a linear
frequency modulation (LFM) waveform is chosen as a typical
slowly changing subspace signal, which is the most commonly
seen waveforms in radar systems. The radar wavefori in (8) is
generated with a sample ratd/ H z, its length are 2048, and
the frequency sweeps linearly frobdkH 2z to 500k Hz. The
multipath channel are manually generated, and the muitipat
delay are chosen arbitrarily to Hel; ;, }fllzl = {40,75,200}
and {ds,}2, = {50,100, 185,250}. The multiple observa-

l2

in addition, the right side ofl(35) is less than the righfions in the form of [(IB) are directly generated by Monte-

side of [32). The parameters

_ (L—I)B1B201’K10'2,K2 +l_l
A1A2[C1C2 + (C1 — B1)(C2 — B2)] K~ 4 2]
B1B 1 K
=12 —(C1=B1)(Co—B2) —————p,

T A1Ay 1+ (L —-1)p

and L = min{Ly, Lo}, A1 = /3301, a2, A2 =
VL2 |G2,]2 By = ||, By = |Ga.)-

01,K,02,Ky

Carlo method, in which the channel coefficiermstz) =
(@) ... ,a%i] with respect to differentj are generated
independenfly from complex Gaussian distributions in orde
to simulate the channel fading effect. In addition, the mean
value of |a; 1| is greater than the mean value |of ;|,! > 1,
meaning that the direct path has a greater propagation gain
than the reflective path. The lengthi of each observation
vector is 512, and totally 512 observation data are gerrate
In the simulation, we compare our proposed TDOA

Theoren{® provides a similar theoretical guarantee for tlagorithm with the publicly known super resolution MUSIC-
proposed algorithm 2 as Theoréin 1 does. It also guaranteesTipe TDOA algorithm proposed by Fengxiang Ge in][15],
different values ofvolKlJer([Ul[Ad'Ts], Us]) whenAd liesin  because both algorithms have super resolution and can
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Fig. 2: Comparison of Ge's MUSIC-Type algorithm and oul s o)

VCC algorithm for TDOA estimation ) )
Fig. 3: Performance of our VCC algorithm and MUSIC-Type

algorithm (above) and Performance of our VCC algorithm

. . . . .using LFM signal with different frequency range (belo
make use of multiple observation data. Since the S|mulat|cL>lnI 9 'gnat with di quency range ( w)

focuses on demonstrating the ability of resolving multipat

TDOA, we just assume the dimensions of signal subspaces ) . .
in both algorithms, i.e., the number of channel paths 1) Real world FM signal, when only one single path exists:

have been accurately estimated. The normalized TDGR e simulation, the FM signals of a radio station are sauhpl
estimation results of both algorithms are plotted in figtre 30 two separately located radio receivers, the sampéeatit
where the signal-to-noise ratis N R, defined as the power received baseband signals is 256kHz, and the length is 4096.
ratio of signal and noise, is set to bel0dB. According We firstly increase the original sample rate of the raw signal
to the simulation setting, there should be peakshat = by a factor of 4 before we use them for TDOA estimation,
—150, —100, —25, —15, 10, 25, 50, 60, 110, 145,175,210 in & part of the waveform in time domain and the frequency

the TDOA estimation outputs. The position of these peaRfectrum of these two baseband signals are plotted in figure
are labeled in the figure. As shown in figure 2, when ti@ From the waveform of both signals, we can see that the
SNR is low, the MUSIC-Type algorithm fails to reveal mos€orresponding discrete time TDOA is from 14 to 16.
of the peaks of multipath TDOA, but our VCC algorithm can In the simulation, we compared our VCC algorithm with
still show clear peaks. the traditional GCC-PHAT method, the high resolutigrreg-
Secondly, the overall performance of both algorithms aHdarization algorithm, and also the super resolution MUSIC
given in figure[B. In the simulation, 120 independent triai§yPe algorithm by Ge. In the simulation ¢f regularization
of both algorithms with arbitrary multipath delays are @r @algorithm, the power spectrum of the transmitted signal is
out for different SNR levels. Because the output of these-alg'equired to be known, while the other three algorithms don’t
rithms have different scale, we define the mean square errdp§ knowledge of the power spectrum. In our algorithm,
(MSE) of TDOA estimation to be MSE= Y, ,(r(Ad) — the parametersvV, M and K; are chosen empirically to be
I(Ad))?, wherer(Ad) is the normalized output result shownV = 544, M = 512,K; = K, = 3. The normalized
in figure[2 of each algorithm, and(Ad) is the "standard TDOA estimation results of GCC-PHAT, regularization,
output vector” which takes value 1 whead is at these MUSIC-Type as well as VCC algorithm are shown in figure
multipath TDOA positions and 0 otherwise. The simulatiod- It can be seen that in a channel with only a single path,
results in figurd B implies that, the proposed VCC algorithioth our proposed VCC algorithm and Ge's MUSIC-Type
outperforms Ge’s Music-Type algorithm at all SNRs; besjdealgorithm outperforms the traditional GCC-PHAT and the

our VCC algorithm will have better performance when sourd€gularization algorithms; because the latter two metiyets
signals have wide bandwidths. a much wider peak, and also reveal too many false peaks

except for the real TDOA peak. Although our VCC method
and MUSIC-Type algorithm have similar super resolution

B. TDOA of Frequency Modulation (FM) broadcast signals lability, the computational complexity of our method is much
ower.

In this part of simulation, we chose a set of real-world 2) Real world FM signal, the multipath channel is manually
frequency modulation (FM) broadcast signals as one examgleulated: In this simulation, the received signals from two
of the fast changing subspace signal, to demonstrate theATDEgcCeivers are generated as the following expression:
estimation performance of our proposed method. The FM
signals used here are baseband signals transmitted by a Yedi’®) = @115(KTs) +a12s((k = 60)Ty) + anas((k — 120)T),
world radio broadcast station gathered from several rem@tdhTs) = azas((k = 25)Ts) + az.2s((k — 100)T%)
located radio receivers. +ass((k —195)Ts).
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For clearance, we labeled the theoretical peaks of muftipat
TDOAs in the simulation results. As is seen, both Ge’s
MUSIC-Type algorithm and our VCC algorithm outperforms
the other two methods. However, Ge’'s MUSIC-Type method
and our VCC algorithm have their advantages and disadvan-
tages at different aspect. We can see that the MUSIC-Type
method has a much sharper peak, but fails to resolve every
multipath TDOA, and still has some false peaks, while our
VCC method may not have such sharp peaks, but successfully
reveals every TDOA peak precisely with no false peak. In
addition, our VCC algorithm has much lower computational
efficiency, because both the MUSIC-Type algorithm and/the
regularization algorithm contain a convex optimizatioapst

C. Smulations on non-integer multipath delays

In the previous analysis, we assume the multipath delays
to be exactly on the sampling grid, i.es,; = d;; - Ts. In
this simulation, we validate the performance of our propose
algorithm when there is non-integer multipath delays. The
simulation results for both categories of signals are shown
in figure[d. As we can see, although the proposed algorithm
cannot resolve non-integer TDOA, the estimated peak jpositi
will naturally result in a nearest integer value, as is ladeh
the figure. Besides, some unwanted false peaks also appears,
which will degrade the estimation performance.

Fig. 5: Comparison of different TDOA techniques in a single . T00A estmaton i non-integer mulipath dlays (slowy changing subspace signal

path channel environment N T S B A T = ~==3
%\o Z: 752?‘:?2],\.15@5 [9:4; 21.6,22.2, 29:4,

Thes(kTs) here is a real world original FM signal mentioned - i)

before, which is also one among the two signals plotted i N )

figure[@. The channel coefficients, ;i = 1,2,j = 1,2,3 s st

are also generated to simulate a Rician fading channel, @mc [H N e\

these coefficients the mean value|of ;| is greater than that e ?".y]y e » il B G

of the other coefficients. In the simulation, the paramebérs 3 msmmiimsmaisa ) ) A 4 Pl

M and K; are also chosen empirically to b€ = 896, M = Zl NS

768, K1 = K5 = 9. The TDOA estimation results of GCC- 72'00 SIS SN O 6 S

PHAT, ¢; regularization, MUSIC-Type and our method are 4 Disrste Tine)

shown in figurd B.

GCC-PHAT method in simulated mulipath environment 1, Relularization method in simulated multpath environment

20 —+— GCC-PHAT]

-1
200 -150 100 50 0 50 100 150 200
ad

Discrete Path Delay for Receiver 1: [0, 60, 120]
Discrete Path Delay for Receiver 2: [25, 100, 195]|

Fig. 7: TDOA estimation with non-integer multipath delays

VI. CONCLUSION

In this paper, a super resolution TDOA estimation technique
using the Volume Cross-Correlation function is proposed.
This technique firstly estimates the unknown signal sulespac
from the received signal, and estimate the time difference
through the novel VCC function, which calculates the linear
dependency of these subspaces. We analyzed the performance
of our TDOA estimation algorithm upon two typical cate-
gories of signals, i.e., the slowly changing subspace signa
and the fast changing subspace signal. Both categories can
cover various kinds of wireless signals encountered inipass
localization systems. Analysis and numerical simulatioage
demonstrated that our algorithm has an advantage of high

Fig. 6: Comparison of different TDOA techniques in & siMUsficiency and excellent capability of super resolution for

lated multipath channel environment

TDOA estimation in a multipath environment.
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APPENDIX
A. Proof of Theorem1:

In order to prove Theorern 1, several lemmas are needed
first.

Lemma2: Given a matrix X 1, - ,xL] €
CN*E [ < N, denote its maximal column correlation (or
coherence) by

(1, )]

_NPLTY)L 36
P Tl - ool (36)

pi=

then if 1

< - 37
BT (37)
the matrix X is full rank.

Proof of Lemmal[Z2: Denote the column-normalized matrix
of X by:

(38)
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wherez; = x;/||z|2,l = 1,--- L. and X, are full rank; as a result, there must exist a series of

TaklngH XX, and denoteHs eigenvalues by, = coefficientsa; 1,--- ,a1,1, andaz 1, -+ , a2 1, thatare not all
- L, then accordmg to Gershgorin's Circle Theorem, weero, such that

have . Lo
A= @B € S @ ali= 1 L (@9) T LT SR
= I1=1 lo=1
then we have
because for each# k, [(&;, Zx)| < p, SOp < = Will be L. Ls
sufficient to ensure\; > 0. Lemma2 is now proved w. v < a
. . iy Ui = N a Ao ”
Lemma3: Consider the  matrices X, = (2, 03 E:l 122::1 L] p
[@1,1,- - @1,0,] € CV*Er and X, = (@1, ,@2,1,] € o P
CN*L2 1. L, < N denote the maximum column correlation
) ) " < . 2 . 2.
(also known as coherence) of matfiX;, X5], as well as the SNz Z lar [y | L2 Z |a2.i,[* - 1, (48)
. . . l1:1 l2:1
maximum column correlation of matrice¥; and X, by ) v ) )
e last inequality is derived from the Cauchy-Schwarz in-
the last inequality is d df the Cauchy-Sch
Lo = max (10, Z2,)] (40) equality.
1Sh <Ly <Ly (|21 |2 - 22,2 Becausd|u;||2 = 1, we also have
[(1,0,, ®1,0,7)]
M1 = ax (41) - _—
i< el ey T L EED DU SR
, =1 Ll
uz e ax |<m2l2 w2l2>| , (42) 1L 17&1 .
1<tatin < Lo @20, 2 - (@20, ]2 ! (g : 2, (a0
. > — —1 -,
taklng‘u — maX{MO?H’l?H’Q}’ then if - lzl |a1,l1| ( 1 )lzl |a1,l1| H ( )
1= 1=
s (43) the last inequality is also derived from the Cauchy-Schwarz
T Li+Ly—-1’ inequality. Then we can know from {(#9) that,
we have
vol, 1, ([Un, Us]) > (1 —€)"/?, Z lar,|* < ﬂa (50)
where the matrice¥/;, U, are orthogonal bases for subspaces L=l
span(X) andspan(Xs), andL = min{L4, Lz}, similarly we also have
o L1L2 . /1,2
ST A= (- DAl — (La =l Z la2,* < 7= ( D’ G
Proof of L 3. o ’
roof of Lemma
Similar to the previous proof, we use the column- normahzecd)mblnlng [5D) and{31) witt[(38), we have
versions of matricesX; and X,, which are denoted by cos 0;(span(X1), span(X2)) = [(us, vi)]
X1 = [.’131_]1, . :BLLI] XQ = [.’132 1, $27L2] in the fol- Li-Lo- u
lowing proof. Therefore we havé; ;, = :clyll/||m1_h 2,11 = = (L1 = DAl = (L = DA’ (52)
17"' 7L1! and;ilb = m27l2/||-732,l2”2,l2 - 17 7L2; It is . th d
easy to verify thapan(X;) = span(X;) andspan(X,) = ©F N another W?r ' .
span(Xs). sin 0; (span(X1), span(Xz)) >
According to the relation of volume and principal angles, Ly Lo 2
the volume functiorvoly,, | 1, ([Us, Us]) satisfies 1 N CE))
1+ (U1, [T~ (L~ DAl — (L2 — gl
L ..
~ ~ holds for every i,i = 1,---,L. If we let ¢ =
1 = sin 0; (s X1),s X .
volier (U L)) Ebm i(span(Xy), span(Xz)), =T Lﬁ#ﬁf #(L2 7,7, Lemmal3 is now proved.
Proof of Theorem

where L = min{Ly, Lo}, and 6;(span(X),span(X,)) are  Because the matnce@f AT i (@) and Gy in (I8)
principal angles of subspacesan(X ) andspan(X,). From are actually composed of different delayed versions of the
the definition of principal angles, it can be derived thategi waveform signalg(k - Ts), so [40E4PR) together witH (43) is
any principal angled;(span(X,),span(Xs)),7 = 1,---,L, actually constraining the auto-correlation functionyé - T5),
there must exist a pair of vectots andw;, which satisfy therefore we have when

> R,(0
wi € span(X) Jusfl2 = 1, (44) s Ry((d, = dyy 7| < 0L
v; € span(XQ), [vill2 =1, (45) e |R,(0)]
doy, — do ) )Ts)| < —20 1
and i i ISlQI;li)I(SLQ |R9(( 2,12 2,02 ) )| — Ll + L2 —1
0; X X9)) = |{u;,v; 46 R, (0
cos0;(span(X 1), span(Xa)) = [(wi,vi)l.  (46) Rl + Ad— d Ty < I Fa®L_
Then according to Lemnid 2, the condition [n](43) implies thle<ll<L1 <<, Li+Ly—1

full-rankness of matrn{Xl,Xg] which also means thaX; the result of Theoreml 1 will hold.
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B. Proof of Theorem2: Then the left singular vectors of matrikl; (or H>), cor-
Before proving Theorerfl 2, the following two lemmas ar&esponding to itsk largest singular values, namely those
firstly given as intermediate results. w11, , UK, Can be written as
‘Lemma4: Consider the linear combinations of several ma- ]
trices: _ _ uy,r = Hlvl,ra r= 17 e aKla (64)
In I In O1,r
_ _ CON (K)
Hy= 3 anaHuy = | Y ennhidc > awnhiy)| s g g matter of fact, these vectors are actually regarded as
h=1 [11=1 h=1 t54) the basis for each receiver’s signal subspaces, and the basi
matrices are
and
L2 [ Lo Lo 1 Ui =[ua, - ,uLKl]G(CMXKl,UQZ[uLQ,"' , UL, K | € CMxKz,
H; = Z az 1, Hapy = Z a2,l2h;%l)27 Ty Z az,zzh;@ ,
lo=1 [la=1 la=1 55) On the other hand, according to the definition of prin-
. M XK - M XK 1) > cipal angles, takeK, = min{K;, K>}, then for every
with HgK)e C 0 and Hy =¢ (E:K) cand[lhy; [l = principal angle of subspacepan(U;) and span(Us), i.e.,
co= kg 2 Ry g,ll2 = = [lhy,, |25 we let Gi(_span(Ul),span(Ug)),i =1, K, there must exist a
|<h(k) h(k,) ) pair of vectorsu; ; and . ;, satisfying
g1 = max —obl LW (56) . -
1<k.k <K Hh(k) H2Hh(k/)/”2 w1,; € span(Uy), |21 ]2 = 1,
1< AL <L, | bh Lh - - _
, Us,; € span(Uy), [[t2,i]|2 = 1,
|<h(k) h(k ) )|
2,057 2,l2,
p2 = Max e (57) such that
LSkRSK [y [l2]lhy ), |2
1<la#ly'<Lsy +2 b2 - -
and let cos 0;(span(Uy ), span(Us)) = |(@1 4, T2,:)|-
|<h§kl) ,hékl,)>| As a matter of fact, these pair of vectors whose angles are
po = max — o (58) principal angles, i.e.dt;; and @y, for i = 1,---, Kpin,
1< <L1,1%Us< Ly th,hHQth,le? are actually the left and right singular vectors of matrix
Taking U{'U,. Therefore, they can be orthogonally represented by the
orthogonal basis matric&$, andU-, which means, there exist
H = max{,uoa,ula,uz}a (59) .g .. 1) 1 (KQI) (1) (K2)
a series of coefﬁmemﬁ Jee,qq, andgy /- gy, that
then we have the same result as[in] (31) (32). are not all zero, such that ' ' '
Lemmab: Consider the matrice#l; and H, in (54) and
(B5), if there existsl < I3 < L; and1 <[5 < Lo, such that 3 LS| ") ) Ky )
Hl.l; = H, 13 we let Uy, = unul,r, U2, = Z qs ;" U247,
' ’ r=1 r’'=1

k K
|<h() h( )>|

1,117 7°%2,1 ’
fo = max ey (60) also S )P = 552 16812 = 1. 1f we denoteqy ; =
1<IS Ly T 1<0 < Lo Lo £ 1y, ll2lFes 1, 2 [qili), e ,qﬁl)]T, then we have

L :=min{Ly, L2}, and let . : 1 1
Uy = Hy-[vi1,--- ,v1K,] - dlag(ol,l, T 701,1(1) “ 41,
p = max{po, i1, g2}t (61) (65)
I : -1 -1 _
then we have the same results as[in (34) and (35). letting ©1; = [v11,-- 01,0 ] - didgoy 01 k) - G

Proof of Lemma [4: For simplicity, we take the matrix then [65) are equivalently
H, for example. Before we start the proof, for convenience,

we will use the column-normalized matrices Bf; ;, as our K ® Ly )
main target, namely, we takél,; = [hgll)l, e ,hgfl(l)] = w1 =Hy 01, = Zf}l,i Z arhy g, (66)
1 1 K K k=1 l1=1
[hg,l)l/||h§)l)l|\2,~-- ,hg)ll)/|\h§7l1)||2} Because we have as- !
sumedthfl)ng == Hhﬁfl\z, then the matricedd; can wherev; ; = [ﬁ&), e ,f;g)]T. It is not hard to prove that
be equivalently written into
~ : -1 -1 -1
Ly Ly [v1ill2 = |diag(oy 1, -+, 07 k) - @uillz < 0y - (67)
~ (1 ~ r (K
H; = [Z al,hhﬁjlw- ) Z al,zlhﬁ,lf} (62) L . (1) (K2)
=1 =1 Similarly, if we denotegz; := [q; 7, - ,q;;’ T, we have
. k similar results:
wheredy, = aig, - AL ok =1, K.
According to the definition of singular value decomposition K Lo
~ ~ ~(k ~ 7 (k
we have Uz, = Hy - v, = Z“é,i) > d2.1,hy,. (68)
min{M,K} k=1 lo=1
Hi= Y ouvf, (63)

Pt [02,:]l2 = ldiagos 1, 05 k,) - G2ill2 < 05k, (69)
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According to the previous analysis, we have (74) becomes
2
‘<{"1i7'&2i>‘ i L K
e L . a3 < > laan [ Do | I+ (L= Dp, (78)
= \Z Z oo (> an, B o R (70) h=1 =
k=1k/=1 li=1 12—1 therefore we have
Ly K
~ N 2
IS e 1311 35 Gl 3 S 1
=1 k=1 lo=1 k=1 U1 | 2 = 5 . (79)
Iy k=1 lel |a1,l| [1 + (Ll - 1),“]
A (k) (k') _ . .
< \lzocl INES Z‘ il |lzl EANES Z 1521 -1 ("1)  Using the same technique, we can derive
=1 2 k=1
Ly i K- u K (k ) ? 1
< Qe ) lags, | ——— (72) o . (80)
h=1 =1 TLEL TG kz::l 212_1 |21, |2 [1 4 (Lo — 1)p]

holds for everyi = 1,---, Kni,. The inequality in [Zll) Combined with [7B) we have
is based on the Cauchy-Schwarz inequality, and the inequr'zlg1 )| >

ity in ([Z2) is based on[{87) and_(69). If we takg,

L1 |4 L2 A : |Gy g5 G x| 1
Syl |, Ca = 32 [z, Lemmald is now proved. 11921 ¢ S —
Proof of Lemma/[5: VR 6, 200 (o, 2 LTH S

Similar to the proof of LemmAl]4, we use {66) and](68) to Iy L
prove Lemmab. According t¢_(¥0), we have S el Y faanl- K » ®1)

- Iy =1,0, £ lo=1,lp L% O1,K192,K
B e )| = OBCON ) ) .
|<u1,z,u2,z>|—|kz:1k 1v1ﬂzz Zalll 10 ’lzl% LhgY) Obviously, if we takeL = min{L;, Lo}, and letA; =
=Lk= 2 L A L ~ N
" ) \ 2o |G 2 Ae = (/3007 G2, 2 B = |da g |, Be =
> &g g+ g g% | - 0] — ~ L ~ L ~
2 st 13811 3 ) 62|, C1 = Sl Co = T2, Jan, then we
L K oK . have
Z Z ‘dl,ll"|@2,l2"z Z )| |v2 1)‘ I |<,1112 o Z>| > B1B; . 1
l1=1,11 #1} lp=1,l2713 k=1k'=1 TR A1Ay 14+ (L - 1)p
K K
>l s | 3 o471 >0 IR o )
k=1 K'=1
- . (L—=1)B1B201,K, 02, K2
S sl K gy Suficenty, if p < (5 Tl B0 BT 1
=10 21} ly=1,1p 13 T1,K192,K2 —3)/(L — 1), the lower bound of[{82) will always be greater

. _ than the upper bound df (I71). The lemma is proved.
2 = 1 is considered, we can prove  proof of Theorem|[2:

The result of Lemmal4 and Lemrh& 5 can be directly used

Then, the constrairjta; ;

a4 < Z ! Z RO |2 to derive Theorerh]2. Actually, the matricé$;, and H, will
iz Py Gt be replaced by the Hankel matricg!**”* and X, then
I, 2 g 2 P 2 the H,;, and H,,;, are JustSAdT and Sy ;,; and the
5 ~(k) A2 (k) noise’s Hankel matrixi¥; andW can also be regarded as
+ . — 74 1 2
[llz_:lal’“ ;vl llz::l\aull ,;v“ ] w9 Hi 1,11 and H> 1,1, whose columns will naturally have

low correl?tlons Wltl‘; thc(i)se o(fj the si Hal sfHanﬁel matrices
because the geometrical average is greater than the atithmiecause of statistical independence. Therefore the estpnss
average, we r?ave geisg {58) in Lemmal4 and(60) in Lemrha 5 are actually related
with the auto-correlation function of(k - i), namely, they
conditions can be translated into:

Zzl |6, ll! Zﬁil |&,i, |2
— : (k)[Ad-TSJ (k')
L I (79) (s .55, 2>\ _ Rs((dag, +Ad—day, + K~ K)T)|
¥ e Tl a1l Iz [Rs0)]
therefore [(7W) becomes (k)md;] s
(s} sy T |Rs((dagy —dagyr + k= K)TY))|
~ )| Ad Ts] (K [Ad-Ts], .
1,113 < Z |\Za§’?lu§’?h§k;1|| + e P P el |Rs (0)]
h=1 k=1 *®)  _(k
(85 7, > ézz) )| _|Rs((d2,1y — do1yr +k — K')T%)|
L =
“” ~Du,  (76) [ESAH B R (0)]
l 1 . . .
1 After translating[(811) orl(82) into volume, Theoréin 2 is now
because proved.

K
N ~(k) 3 (k ~ k
1" G o R 13 <o, 21> 8 @7)
k=1
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