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ABSTRACT

Noise and reverberation can signi cantly affect the performance
of time delay estimation (TDE) in room acoustic environments.
The multichannel cross-correlation coef cient (MCCC) algorithm,
which extends the traditional cross-correlation method from two to
multiple channels, can exploit the spatial information among mul-
tiple microphones to improve the robustness of TDE with respect
to environmental noise; but this algorithm is not robust to reverber-
ation. The multichannel spatiotemporal prediction (MCSTP) algo-
rithm uses both the spatial and temporal information provided by the
array. This algorithm improves signi cantly the robustness of TDE
with respect to reverberation; however, it is found sensitive to noise.
In this paper, we develop a multichannel spatiotemporal sparse pre-
diction (MCSTSP) algorithm for TDE. This algorithm obtains a
good compromise between robustness of TDE to noise and that to
reverberation through making a tradeoff between pre-whitening and
non-prewhitening. This is achieved via adjusting a regularization
parameter, which is solved by an augmented Lagrangian alternat-
ing direction method of multipliers (ADMM). The property of this
developed algorithm is justi ed with numerical experiments in both
noisy and reverberant environments.

Index Terms— Time delay estimation (TDE), acoustic source
localization, alternating direction method of multipliers (ADMM),
microphone arrays, multichannel spatiotemporal sparse prediction
(MCSTSP).

1. INTRODUCTION

Time delay estimation (TDE), which aims at measuring the relative
time difference of arrival (TDOA) based on the signals captured by
an array of sensors, play a crucial role in radar, sonar, and hands-free
speech communications for localizing and tracking radiating sources
[1]–[3]. TDE has been an active research topic since the landmark
work, generalized cross-correlation (GCC) method, was proposed
by Knapp and Carter [4], [5]. Besides the GCC method, commonly
used TDE approaches also include the blind channel identi cation
based techniques [6]–[9], the information theory based algorithms
[10]–[12], and the methods exploiting some characteristics of speech
signals [13], [14]. Due to its simplicity and ease of implementation,
GCC [4], [5] is popularly used in the existing systems. In room
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acoustic environments, however, TDE using microphone arrays re-
mains an open problem primarily due to the adverse effect of noise
and reverberation.

In this paper, we develop a multichannel spatiotemporal sparse
prediction (MCSTSP) algorithm to estimate TDOA. This algorithm
uses the sparsity of prediction coef cient matrix of speech signals to
construct an F/�1-norm optimization cost function, which is solved
by the augmented Lagrangian alternating direction method of mul-
tipliers (ADMM) [15]. Through adjusting a regularization param-
eter, this developed algorithm can make a proper tradeoff between
pre-whitening and non-prewhitening and, as a result, can achieve a
good compromise between robustness to noise and robustness to re-
verberation. The performance of this approach is demonstrated via
experiments in both noisy and reverberant environments.

2. TDE VIA MULTICHANNEL SPATIOTEMPORAL
SPARSE LINEAR PREDICTION

2.1. Signal Model

Let us start from an ideal signal model for TDE, where there is a
broadband sound source in the far eld, which radiates a plane wave,
and we use an array of M microphones to collect the signals. If
we choose the rst microphone as the reference point, the signal
captured by the mth microphone at time n is then modeled as

xm(n) = αms[n− t− fm(τ )] + wm(n), m = 1, 2, . . . ,M,
(1)

where αm, m = 1, 2, . . . ,M , are the attenuation factors due to
propagation effects, s(n) is the unknown zero-mean and reasonably
broadband source signal, t is the propagation time from the source to
microphone 1, wm(n) is the additive noise at the mth microphone,
which is assumed to be uncorrelated with both the source signal and
the noise observed at other microphones, τ is the TDOA between the

rst and second microphones due to the source, and fm(τ ) is the rel-
ative delay between microphones 1 and m. In this paper, we consider
an equispaced linear array. Therefore, we have fm(τ ) = (m− 1)τ
under the far- eld assumption. With the above signal model, the goal
of TDE is to estimate the time delay τ given the signals received at
M microphones. For a hypothesized time delay p, we use the time
shifted signal xm[n + fm(p)] to align the microphone signals. To
simplify the notation, let us write xm[n+ fm(p)] as xm(n, p).

2.2. Algorithm Derivation

Let us stack the samples captured by M microphones into a vector

xxx(n, p) =
[
x1(n, p) x2(n, p) · · · xM (n, p)

]T
, (2)



where (·)T denotes the transpose of a vector or matrix. We also
de ne another vector of the mth channel at time n− 1 as follows:

xxxm(n− 1, p) =[
xm(n− 1, p) xm(n− 2, p) · · · xm(n−K, p)

]T
. (3)

Now, we consider predicting xxx(n, p) in (2) from the past samples of
the M channels xxx1(n− 1, p), xxx2(n− 1, p), . . ., xxxM (n− 1, p), i.e.,

x̂xx(n, p) =AAA1(p)xxx1(n− 1, p) +AAA2(p)xxx2(n− 1, p)

+ · · ·+AAAM (p)xxxM (n− 1, p), (4)

whereAAAm(p) ∈ R
M×K , m = 1, 2, . . . ,M , are the coef cient ma-

trices of the multichannel forward predictor. The prediction error
vector can then be written as

εεε(n, p) = xxx(n, p)− x̂xx(n, p)

= xxx(n, p)−AAAT (p)yyy(n− 1, p), (5)

where

εεε(n, p) =
[
ε1(n, p) ε2(n, p) · · · εM (n, p)

]T
, (6)

AAA(p) =
[
AAA1(p) AAA2(p) · · · AAAM (p)

]T
(7)

is the KM × M coef cient matrix of the multichannel forward
prediction-error lter, and

yyy(n− 1, p) =[
xxxT
1 (n− 1, p) xxxT

2 (n− 1, p) · · · xxxT
M (n− 1, p)

]T
(8)

is the time-shifted signal vector received at M microphones. In ma-
trix form, the error vector in (5) can be written as

EEE(n, p) = XXX(n, p)−YYY(n, p)AAA(p), (9)

where

EEE(n, p) =[
εεε(n, p) εεε(n+ 1, p) · · · εεε(n+K + L− 1, p)

]T
, (10)

XXX(n, p) =[
xxx(n, p) xxx(n+ 1, p) · · · xxx(n+K + L− 1, p)

]T
, (11)

YYY(n, p) =[
yyy(n− 1, p) yyy(n, p) · · · yyy(n+K + L− 2, p)

]T
. (12)

The con guration of the traditional linear predictor uses a cas-
cade of a long-term predictor and a short-term predictor [16], [17].
The consequent prediction coef cient vector is highly sparse [18].
In the case of multichannel linear prediction, the prediction coef -
cient matrix is also of sparsity, as illustrated in Fig. 1(a). This spar-
sity, however, greatly deteriorates when noise is present, which can
be seen from Fig. 1(b). Since the prediction coef cient matrix is
sparse for clean speech signals, we can use this property to improve
the robustness of the estimation of the linear predictor in noise. To
this end, we impose a sparse regularization term to the least squares
criterion. Then, we propose the following F/�1-norm optimization
criterion to preprocess the microphone signals:

min
AAA(p)

{
1

2
‖XXX(n, p)−YYY(n, p)AAA(p)‖2

F
+ λ ‖AAA(p)‖

�1

}
, (13)

where ‖ · ‖F denotes the Frobenius norm of a matrix, ‖ · ‖�1 stands
for the �1-norm of a matrix (i.e., the sum of the absolute values of
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Fig. 1. Illustration of the MCSTSP coef cient matrix, where the
predictor length is 80 and four microphones are used. (a) A column
vector of the MCSTSP coef cient matrix of a clean speech signal;
(b) the column vector of the MCSTSP coef cient matrix estimated
using the least squares method (F -norm criterion) at the SNR of 5
dB; (c) the column vector of the MCSTSP coef cient matrix esti-
mated with the F/�1-norm criterion at the SNR of 5 dB (δ=0.1).

all the entries of the matrix), and the parameter λ > 0 is a scalar
regularization parameter.

It is obvious that (13) is a convex optimization problem, which
can be solved by many existing methods, such as the linear program-
ming [19], the interior point method [20], the primal-dual interior
point method [21], etc. In this work, we adopt the ADMM, which
can ef ciently use the separability of multiple variables [15] to solve
this problem.

By means of an auxiliary matrixZZZ(p), (13) can be equivalently
written as

min
AAA(p),ZZZ(p)

{
1

2
‖XXX(n, p)−YYY(n, p)AAA(p)‖2

F
+ λ ‖ZZZ(p)‖

�1
:

AAA(p)−ZZZ(p) = 000

}
. (14)

This is an augmented Lagrangian subproblem, which can be formu-
lated as

min
AAA(p),ZZZ(p)

{
1

2
‖XXX(n, p)−YYY(n, p)AAA(p)‖2

F
+ λ ‖ZZZ(p)‖

�1

+ 〈ΘΘΘ(p),AAA(p)−ZZZ(p)〉+
β

2
‖AAA(p)−ZZZ(p)‖2

F

}
, (15)

where ΘΘΘ(p) ∈ R
KM×M is the multiplier of the linear constraint,

〈ΘΘΘ(p),AAA(p)−ZZZ(p)〉 =
1

2
tr
{
ΘΘΘT (p)[AAA(p)−ZZZ(p)]

+ [AAA(p)−ZZZ(p)]TΘΘΘ(p)
}

= tr
{
ΘΘΘT (p)[AAA(p)−ZZZ(p)]

}
(16)



denotes the matrix inner product with tr(·) being the trace of a
matrix, β > 0 is a penalty parameter for the violation of the lin-
ear constraint. The augmented term, i.e., the fourth term within
the braces of (15), is introduced to ensure that the objective func-
tion is strictly convex. Given [ZZZk(p),ΘΘΘk(p)], we can obtain
[AAAk+1(p),ZZZk+1(p),ΘΘΘk+1(p)] by alternating minimization of (15)
with respect to one variable while keeping the other variables xed.
First, when ZZZ(p) = ZZZk(p) and ΘΘΘ(p) = ΘΘΘk(p) are xed, the mini-
mization of (15) with respect toAAA(p) is equivalent to

min
AAA(p)

{
1

2
‖XXX(n, p)−YYY(n, p)AAA(p)‖2

F

+
β

2
‖AAA(p)−ZZZk(p) +ΘΘΘk(p)/β‖

2
F

}
, (17)

whose solution is

AAAk+1(p) =
[
YYYT (n, p)YYY(n, p) + βIII

]−1

×
[
YYYT (n, p)XXX(n, p) + βZZZk(p)−ΘΘΘk(p)

]
, (18)

where III denotes the identity matrix of size KM ×KM .
Then, whenAAA(p) =AAAk+1(p) andΘΘΘ(p) =ΘΘΘk(p) are xed, the

minimization of (15) with respect toZZZ(p) is equivalent to

min
ZZZ(p)

{
λ‖ZZZ(p)‖�1 +

β

2
‖AAAk+1(p)−ZZZ(p) +ΘΘΘk(p)/β‖

2
F

}
.

(19)

LetΦΦΦ(p) =AAAk+1(p)−ZZZ(p)+ΘΘΘk(p)/β, then (19) can be rewritten
as

min
ZZZ(p)

{
λ‖ZZZ(p)‖�1 +

β

2
‖ΦΦΦ(p)‖2

F

}
=

min
ZZZ(p)

{
KM∑
i=1

M∑
j=1

[
λ|(ZZZ(p))i,j |+

β

2

∣∣∣(ΦΦΦ(p))i,j∣∣∣2]} , (20)

where (·)i,j denotes the (i, j)th element of a matrix. It can be seen
from (20) that the variables (ZZZ(p))i,j , i = 1, 2, . . . ,KM, j =
1, 2, . . . ,M , are decoupled (separable). Hence we obtain a simple
problem of minimizing a scalar function given by

min
(ZZZ(p))i,j

{
λ|(ZZZ(p))i,j |

+
β

2

∣∣∣(AAAk+1(p)−ZZZ(p) +ΘΘΘk(p)/β)
i,j
∣∣∣2 }, (21)

the solution of which is readily achieved as

(ZZZk+1(p))
i,j ={

(ΨΨΨ(p))i,j

|(ΨΨΨ(p))i,j |
max

(
|(ΨΨΨ(p))i,j | − λ/β, 0

)
, |(ZZZ(p))i,j | �= 0,

0 , |(ZZZ(p))i,j | = 0,

(22)

where ΨΨΨ(p) = AAAk+1(p) +ΘΘΘk(p)/β. These solutions can also be
compactly formulated by a soft-thresholding operator, i.e.,

ZZZk+1(p) = soft (AAAk+1(p) +ΘΘΘk(p)/β, λ/β) , (23)

where the soft function is de ned as

soft (ΩΩΩ,μ) = sgn (ΩΩΩ)�max {|ΩΩΩ| − μ, 0} ,

∀ΩΩΩ ∈ R
KM×M , μ > 0, (24)

sgn (·) is the signum function, � denotes the dot product of two
matrices, all the other operations are performed in a component-wise
way. Finally, the Lagrangian multiplier matrix ΘΘΘ(p) is updated by

ΘΘΘk+1(p) =ΘΘΘk(p) + β (AAAk+1(p)−ZZZk+1(p)) . (25)

Therefore, we obtain the solution of (14) by iteratively calculating
(18), (23), (25), and so get the suboptimal prediction coef cient ma-
trix AAAs(p). It is found from Fig. 1(c) that we can obtain a sparse
prediction coef cient matrix via this F/�1-norm optimization algo-
rithm in a noisy environment.

SubstitutingAAAs(p) into (9), we then achieve the suboptimal pre-
diction error matrix EEEs(n, p), from which we can obtain the cross-
correlation matrix of the prediction error signals RRR(p). Therefore,
we de ne an MCCC function according toRRR(p) [22]–[25] and then
obtain a new TDOA estimator based on MCSTSP.

2.3. Regularization Parameter

It is found from (14) that the parameter λ plays an important role in
controlling the sparse level of the prediction coef cient matrix. This
parameter is mostly affected by the microphone signals, i.e.,XXX(n, p)
and YYY(n, p). Herein, we consider to determine λ by the following
choice:

λ = δ‖XXXT (n, p)YYY(n, p)‖�∞ , (26)

where

‖ZZZ‖�∞ = max
j

M∑
i=1

|zi,j | (27)

denotes the �∞-norm for any matrix ZZZ with the (i, j)th entry of zi,j
and δ is a positive number.

3. EXPERIMENTS

3.1. Experimental Environments

All the experiments are carried out in a simulated room of size
7 m × 6 m × 3 m. An equispaced linear array, which consists of
six omnidirectional microphones with the inter-element spacing be-
ing 0.1 m, is used to collect the microphones’ output signals. For
ease of exposition, positions in the room are designated by (x, y, z)
coordinates with reference to the southwest corner of the room oor.
The rst and sixth microphones of the array are at (3.25, 3.00, 1.40)
and (3.75, 3.00, 1.40), respectively. The sound source is located at
(2.49, 1.27, 1.40).

The source signal is a prerecorded clean speech signal, which is
sampled at 16 kHz, and the length of the signal is approximately 1
min. The impulse responses from the source to the six microphones
are generated using the image model [26]. The length of the impulse
responses is 2048 samples. The microphones’ outputs are obtained
by convolving the source signal with the corresponding generated
impulse responses and then adding zero-mean white Gaussian noise
to the results to control the signal-to-noise ratio (SNR).

In the simulations, the microphone signals are partitioned into
nonoverlapping frames with a frame length of 64 ms. Each frame
is windowed with a Hamming window, and a time delay estimate
is then obtained. Two performance metrics, namely the probability
of anomalous estimates and the root mean square error (RMSE) of
nonanomalous estimates, are used to evaluate the performance of
the TDE algorithms (see [22], [27], and [28] for the de nition of
these two metrics and how to classify an estimate as an anomaly or a
nonanomaly). The total number of speech frames used for statistics
is 936 (the frame length is 1024 samples). The true time delay from
the sound source to the rst two microphones is 2.0 samples.
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Fig. 2. TDE performance versus the number of microphones in a
noisy (SNR=10 dB) and moderately reverberant (T60=300 ms) envi-
ronment: (a) the probability of anomalous time delay estimates and
(b) RMSE of nonanomalous time delay estimates.

3.2. Results

Figure 2 shows the the TDE results versus the number of mi-
crophones in a noisy (SNR=10 dB) and moderately reverberant
(T60=300 ms) environment. It is seen that the probability of anoma-
lous time delay estimates and RMSEs of nonanomalous time delay
estimates of the four algorithms generally decrease as the number of
microphones increases, which shows the effectiveness of the devel-
oped method in improving the TDE robustness by taking advantage
of the spatial and temporal information provided by the multiple sen-
sors. For the case of two microphones, all the pre-whitening TDE al-
gorithms do not achieve obvious superiority, while the original mul-
tichannel cross-correlation coef cient (MCCC) algorithm [22], [23]
obtains slightly better performance. When multiple microphones are
employed, the MCCC algorithm has small probability of anomalous
estimates, but the corresponding RMSE is large. Although MCCC
with pre-whitening [24] and multichannel spatiotemporal prediction
(MCSTP) [25] algorithms obtain moderate RMSEs, the probability
of anomalous estimates is large. The MCSTSP algorithm, in com-
parison, achieves a good performance in terms of both the anoma-
lous estimates and the RMSE, which implies that the multichannel
sparse prediction is effective for TDE in dealing with both noise and
reverberation.

Figure 3 illustrates the TDE results versus SNR in a moderately
reverberant (T60=300 ms) environment. It is seen that the original
MCCC algorithm yields the best performance in low SNR environ-
ments, but it is most sensitive to reverberation when SNR is high.
The pre-whitening MCCC algorithm achieves good robustness to re-
verberation as compared to MCCC. The MCSTP and pre-whitening
MCCC algorithms obtain comparable TDE performance in low SNR
environments; the former, however, has a better robustness to re-
verberation due to its optimal pre-whitening ability [25]. Although
the two TDE algorithms with pre-whitening obtain considerable per-
formance improvement under reverberation conditions, they suffer
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Fig. 3. TDE performance versus SNR in a moderately reverberant
(T60=300 ms) environment: (a) the probability of anomalous time
delay estimates and (b) RMSE of nonanomalous time delay esti-
mates.

from performance degradation when noise is strong. The developed
MCSTSP algorithm achieves a good compromise between MCCC
and MCSTP.

4. CONCLUSIONS

In this paper, a new time delay estimator based on MCSTP is devel-
oped from a multichannel sparse linear prediction perspective. This
algorithm uses the sparsity of the spatiotemporal prediction coef -
cient matrix to improve the TDE performance. The MCSTSP al-
gorithm is effectively solved by ADMM. Experimental results show
that the MCSTSP algorithm offers an effective compromise between
the MCCC and MCSTP algorithms. A proper value of δ needs to be
found in practical applications, depending on the level of noise and
reverberation.

5. RELATION TO PRIOR WORK

It is a dif cult and challenging problem to make TDE robust to both
noise and reverberation in room acoustic environments. The MCCC
algorithm extends the traditional cross-correlation method from two
to multiple channels. It exploits the spatial information among mul-
tiple microphones to improve the robustness of TDE with respect
to noise [22], [23]; but the MCCC is found sensitive to reverbera-
tion. The MCSTP algorithm, which exploits both spatial and tem-
poral information, improves the robustness of TDE to reverberation
due to its optimal pre-whitening ability [25]; this algorithm, how-
ever, is sensitive to additive noise. In an earlier study [29], we de-
veloped a two-channel sparse linear prediction algorithm for TDE,
which transforms the TDE problem into one of �2/�1-norm based
optimization by introducing a sparse regularization term to the least
squares criterion. This algorithm can improve TDE performance in
both noise and reverberation. This paper generalizes the work in [29]
from the two-channel to the multichannel case.
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delay estimation in the presence of room reverberation,” IEEE Trans.
Speech Audio Process., vol. 4, pp. 148–152, Mar. 1996.

[29] H. He, T. Yang, and J. Chen, “On time delay estimation from a sparse
linear prediction perspective,” J. Acoust. Soc. Amer., vol. 137, no. 2, pp.
1044–1047, Feb. 2015.



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles false
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Gray Gamma 2.2)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize false
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo false
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo false
  /PreserveFlatness true
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts false
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Arial-Black
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /ComicSansMS
    /ComicSansMS-Bold
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FranklinGothic-Medium
    /FranklinGothic-MediumItalic
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Gautami
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /Impact
    /Kartika
    /Latha
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaConsole
    /LucidaSans
    /LucidaSans-Demi
    /LucidaSans-DemiItalic
    /LucidaSans-Italic
    /LucidaSansUnicode
    /Mangal-Regular
    /MicrosoftSansSerif
    /MonotypeCorsiva
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /MVBoli
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Raavi
    /Shruti
    /Sylfaen
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Tunga-Regular
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /Vrinda
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 200
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages false
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /ColorImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 200
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages false
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /GrayImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 400
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 600
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e55464e1a65876863768467e5770b548c62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc666e901a554652d965874ef6768467e5770b548c52175370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA (Utilizzare queste impostazioni per creare documenti Adobe PDF adatti per visualizzare e stampare documenti aziendali in modo affidabile. I documenti PDF creati possono essere aperti con Acrobat e Adobe Reader 5.0 e versioni successive.)
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020be44c988b2c8c2a40020bb38c11cb97c0020c548c815c801c73cb85c0020bcf4ace00020c778c1c4d558b2940020b3700020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken waarmee zakelijke documenten betrouwbaar kunnen worden weergegeven en afgedrukt. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create PDFs that match the "Required"  settings for PDF Specification 4.01)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


