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ABSTRACT

This paper presents a sound source (talker) localization method
using only a single microphone based upon maximum likeli-
hood. In our previous work, we proposed GMM (Gaussian
Mixture Model) separation for estimation of the sound source
direction, where the observed (reverberant) speech is sepa-
rated into the acoustic transfer function and the clean speech
GMM, and showed its effectiveness for the single-talker lo-
calization task. In this paper, we discuss a multi-talker local-
ization method using GMM separation and model composi-
tion. Model composition is used to represent speech signals
observed in a reverberant environment corresponding to every
conceivable combination of positions of the sound sources,
where composite models are obtained through composition
of talker’s speech model and acoustic transfer functions es-
timated using GMM separation. For each test data set, we
find a maximum-likelihood model from among the compos-
ite models corresponding to each combination of talkers’ po-
sitions. The effectiveness of this method has been confirmed
by two-talker localization experiments performed in a room
environment.

Index Terms— single channel, talker localization, acous-
tic transfer function, maximum likelihood, model composi-
tion

1. INTRODUCTION

Many systems using microphone arrays have been tried in or-
der to localize sound sources. Conventional techniques, such
as MUSIC, CSP, and so on (e.g., [, 2]), use simultaneous
phase information from microphone arrays to estimate the di-
rection of the arriving signal. There have also been studies on
binaural source localization based on interaural differences,
such as interaural level difference and interaural time differ-
ence (e.g., [3, 4]). However, microphone-array-based systems
may not be suitable in some cases because of their size and
cost. Therefore, single-channel techniques are of interest, es-
pecially in small-device-based scenarios.

The problem of single-microphone source separation is
one of the most challenging scenarios in the field of signal
processing, and some techniques have been described (e.g.,
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[5, 6]). In our previous work [7], we discussed a sound source
localization method using only a single microphone. In that
report, the acoustic transfer function was estimated from an
observed (reverberant) speech using a clean speech model
without texts of the user’s utterance, where a GMM (Gaussian
Mixture Model) was used to model the features of the clean
speech. This estimation is performed in the cepstral domain
employing a maximum-likelihood-based approach. This is
possible because the cepstral parameters are an effective rep-
resentation to retain useful clean speech information. The ex-
periment results of single-talker-localization showed its effec-
tiveness.

In this paper, we discuss a new single-channel multi-talker-
localization method based upon maximum likelihood using
model composition. For each talker, the models of clean speech
and acoustic transfer functions estimated using GMM separa-
tion [7] are trained using GMM and SGM (Single Gaussian
Model), respectively. Then, for each combination of talk-
ers’ position, the composite model of speech observed in a
reverberant environment is obtained by composition of these
GMMs and SGMs.

2. MODEL OF SPEECH OBSERVED IN A
REVERBERANT ENVIRONMENT

2.1. System Overview

First, we record the reverberant speech data (several sentences)
uttered by one people from each position in order to build
the SGM of the acoustic transfer function for each position.
Next, the sequence data of the acoustic transfer function is es-
timated from the reverberant speech (any utterance) using the
clean-speech acoustic model. Using the estimated sequence
data of the acoustic transfer function, the SGM for each posi-
tion is trained. The SGM of the acoustic transfer function is
trained for each talker because the estimated sequence data
of the acoustic transfer function may be influenced by the
phoneme sequence of clean speech of each talker.

Fig. 1 shows the composite model of observation speech,
where the number of talkers is two. The composite GMM of
the observed speech for each combination of talkers’ position
is obtained by composition of each talker’s acoustic model
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Fig. 1. Composite model of the observed speech

for clean speech and the acoustic transfer function. Then, for
each test data set, we find a maximum-likelihood model from
among the composite models corresponding to each combi-
nation of talkers’ positions.

2.2. Estimation of the Acoustic Transfer Function

In our previous work, we proposed the method to estimate the
acoustic transfer function from the reverberant speech (any
utterance) using the clean-speech acoustic model, where a
GMM is used to model the feature of the clean speech. The
clean speech GMM enables us to estimate the acoustic trans-
fer function from the observed speech without texts of user’s
utterance (text-independent estimation).

2.2.1. Cepstrum Representation of Reverberant Speech

The reverberant speech signal, 2:(¢), in a room environment is
generally considered as the convolution of clean speech and
acoustic transfer function. The spectral analysis of the acous-
tic modeling is generally carried out using short-term win-
dowing. Therefore, the spectrum of the reverberant speech
signal is approximately represented by X (w;n) =~ S(w;n) -
H(w;n), where the length of the acoustic transfer function
may be greater than that of the window. Here X (w; n), S(w; n),
and H (w;n) are the short-term linear spectra of the reverber-
ant speech signal, clean speech signal, and the acoustic trans-
fer function in the analysis window n, respectively.

Cepstral parameters are an effective representation to re-
tain useful speech information in speech recognition. There-
fore, we use the cepstrum for acoustic modeling necessary to
estimate the acoustic transfer function. The cepstrum of the

reverberant speech is given by the inverse Fourier transform
of the log spectrum.

Xeep(d;n) = Seep(d;n) + Heep(d;n) )]

where Xccp, Scep, and H., are cepstra for the reverberant
speech signal, clean speech signal, and acoustic transfer func-
tion, respectively. As shown in equation (1), if X and S are
observed, H can be obtained by

Heep(din) = Xeep(d;n) — Seep(d;m). 2)

However, S cannot be observed actually. Therefore, H is
estimated by maximizing the likelihood (ML) of reverberant
speech using clean-speech GMM.

2.2.2. Maximum-Likelihood-Based Parameter Estimation

The sequence of the acoustic transfer function in (2) is esti-
mated in an ML manner using the expectation maximization
(EM) algorithm, which maximizes the likelihood of the rever-
berant speech:

H = argmax Pr(X|H, \g). 3)
H

Here, A\ denotes the set of GMM parameters of the clean
speech, while the suffix .S represents the clean speech in the
cepstral domain. The GMM of clean speech consists of a
mixture of Gaussian distributions.

2
As = {wi, Nl 69}, S we =1 )

where wy, px and a% are the weight coefficient, mean vector
and variance vector (diagonal covariance matrix) of the k-th
mixture component, respectively. Those parameters are esti-
mated by EM (Expectation-Maximization) algorithm using a
clean speech database.

The estimation of the acoustic transfer function in each
frame is performed in a maximum likelihood fashion using
the EM algorithm. The EM algorithm is a two-step iterative
procedure. In the first step, called the expectation step, the
auxiliary function () is computed. Then, @ is defined as fol-
lows [7]:

QUAIH) = =52, %, w(n) X, { $log(2m) Do)

) — 1) F(din))?
L X “’zgﬂH(d’ ) } 5)
QUk,d
Yk(n) = Pr(X(n), k|As) (6)

Here, X (n) is the cepstrum at the n-th frame for reverber-

ant speech data. D is the dimension of the X (n), and ,u,(f;

and o,(fd)  are the d-th mean value and the d-th diagonal vari-
ance value of the k-th component in the clean speech GMM,
respectively.
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The maximization step (M-step) in the EM algorithm be-
comes “max Q(H|H)”. The re-estimation formula can there-
fore be derived, knowing that 0Q(H|H)/0H = 0 as

X (din)— p,(s)

Zk 'Yk:( ) (5)2

)N 752:2

kd

H(d;n) = ©)

2.3. Model Composition

Using the estimated sequence data of the acoustic transfer
function, the SGM for each position is trained. Then, us-
ing the obtained acoustic model parameter of the acoustic
transfer function Ay = { ) 5] )1 and that of clean
speech \g,, the composite model of observed signal AS (© =

{01, ...,0x}) for each combination of talkers’ position is ob-
tained [8].
The spectrum of the observed signal is expressed as
M
O(w;n) = > X% (w;n) (8)
i=1
Xf"'(w;n) zSi(w;n)~Hfi(w;n). ©)

where X f i(w;n) is the spectrum of reverberant speech signal
uttered by each talker i (i = 1 -+ M) from each talker’s posi-
tion 6;, H is the acoustic transfer function from the position,
0;, and S; is the clean speech signal of each talker ¢. First, us-
ing the acoustic model parameters of .S; and H. f ¢ trained in the
cepstral domain, the acoustic model of the reverberant speech
signal )\g'("i is obtained. As shown in equation (1), the mean
vector and covariance matrix of the reverberant speech model
are obtained as

0; 0;
D =0 4 D XD w4 2 ED - (10)

Next, using the reverberant speech model, 2% X, obtained by
equation (10) for each talker, the model of the observed sig-
nal )\9 is obtained. As shown in equation (8), the observed
signal is represented by addition of the reverberant signal in
the spectral domain. So, )\ggi needs to be transformed from
the cepstral domain to the linear-spectral domain. The acous-
tic model parameter in the log-spectral domain is obtained
by computing the inverse cosine transform of each Gaussian
probability density function (PDF) of the GMM.

X! X! X%y
ufog D1, Efog =@ HT
0;
Here, I' is a cosine transform matrix, ul(o R dE(X ) are

the mean vector and covariance matrix of a Gauss1an PDF in
the log-power spectral domain, respectively. Then, the model
parameter of observed signal in the liner-spectral domain is
obtained by computing the exponential transform of reverber-

ant signal model and adding these model parameter.

X7 (X7 (x{?
Mlm p — SXP {'UIOgm + Tlog,pp /2
(X712 (x7) o (x]) (x/1)?
Ulm,pq — Mlin,p 'uhn \q - exXp {Olog pq 1} (12)
(OO) (Xfi) OO (qut)
Hiin - 2:1 Hiin ’ lm Z E11r1 (13)
i=

( 9 (X91 2

Here, p;,° » and o} Zp g are the p-th mean and (p, ¢) element

of the covariance matrix in the linear-spectral domain, respec-
tively. Finally, the model parameter of observed signal in the
cepstral domain is obtained by computing the log transform
and cosine transform.

( @) (00)2
o _ lm pg
Tlog.pg = IOg{ ©®) ©9) T 1

lin,p "Mlin,q
0° o o
nC) =log S — 6{27)" 2 (14)
S} @ o
PCAREES VISARND(CAREES Bt (15)

2.4. Maximum-Likelihood-Based Localization

The acoustic model of observed signal is computed for all
combination of talkers and those positions. Then, using the
composite GMM of the observed signal, the estimation of
talker localization is handled in an ML framework:

6 = argmax Pr(O[Ape) (16)
©

where Ape denotes the composite GMM for the combina-
tion of the direction (location) © (© = {f;,...,0,}), and a
GMM having the maximum-likelihood is found for each test
data from among the composite GMM:s corresponding to each
combination of talkers’ positions.

3. EXPERIMENT

3.1. Experiment condition

The new talker localization method was evaluated in a rever-
berant environment. Reverberant speech was simulated by a
linear convolution of clean speech and impulse response. The
impulse response was taken from the RWCP database in real
acoustical environments [9], where the target talker was lo-
cated at 30, 90, and 130 degrees (test position). The reverber-
ation time was 300 msec, and the distance to the microphone
was about 2 m. The size of the recording room was about 6.7
m x 4.2 m (width x depth). The talkers were one male and
one female, and the number of position’s combination was 9.
The speech signal was sampled at 12 kHz and windowed
with a 32-msec Hamming window every 8 msec. The clean
speech GMM was trained using 40 sentences spoken by one
male in the ASJ Japanese speech database and has 64 Gaus-
sian mixture components. Then 16-order MFCCs (Mel Fre-
quency Cepstral Coefficients) were used as feature vectors.
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Fig. 3. Performance comparison of S-H model, X model and
O model, where at least one talker’s position was estimated
correctly.

3.2. Experiment results

Fig. 2 and Fig. 3 show the comparison of three methods. The
first method is our proposed method (S-H model), and the
second (X model) is the method that /\gg'i is trained using

reverberant speech X f * without separating into the acoustic
transfer function and the clean speech GMM. The third (O
model) is a simple method that Ape is trained using observed
speech signal directly, and this method needs the speech data
uttered by all talkers at the same time for every combination
of talkers’ position instead of model composition. The num-
ber of the training data for the observed speech GMM was
one sentence, five sentences, and ten sentences. The number
of Gaussian mixture components for X model and O model
was selected as the best accuracy was obtained in each ex-
perimental condition. Fig. 2 shows the performance of three
methods, where the both talkers’ positions were estimated
correctly, and Fig. 3 shows the performance, where at least
one talker’s position was estimated correctly.

As shown in these figures, the localization accuracy of X
model and O model decreases as the number of training data
decreases. On the other hand, the localization accuracy of
our proposed method is not so different even if the number
of training data is changed. Therefore, once the clean speech
model is trained, our proposed method does not need so many
training data for the observed speech model.

4. CONCLUSION

This paper has described a new single-channel multi-talker-
localization method based upon maximum likelihood using
model composition. For each talker, the models of clean speech
and acoustic transfer functions estimated using GMM sep-
aration are trained using GMM and SGM (Single Gaussian
Model), respectively. For each combination of talkers’ po-
sition, the composite model of observed speech is obtained
by composition of these GMMs and SGMs. The experiment
results in a room environment confirmed that the proposed
method can estimate the localization by a few sentences of
training data for each position. However, because the ob-
served speech is influenced by the phoneme sequence of clean
speech, proposed method cannot obtain so high localization
accuracy. So, in future work, we will research to suppress
the influence of the phoneme sequence of clean speech from
observed speech signal uttered by multi-talker. Also, we will
investigate for more talkers and more positions.

5. REFERENCES

[1] D.Johnson and D. Dudgeon, “Array Signal Processing,” Pren-
tice Hall, 1996.

[2] M. Omologo and P. Svaizer, “Acoustic Event Localization in
Noisy and Reverberant Environment Using CSP Analysis,”
Proc. ICASSP96, pp. 921-924, 1996.

3

—

F. Keyrouz, Y. Naous, and K. Diepold, “A New Method
for Binaural 3-D Localization Based on HRTFs,” Proc.
ICASSPO06, pp. V-341-V-344, 2006.

[4] M. Takimoto, T. Nishino, and K. Takeda, “Estimation of a
talker and listener’s positions in a car using binaural signals,”
The Fourth Joint Meeting ASA and ASJ, 3pSP33, p. 3216,
2006.

[5] T.Kristjansson, H. Attias, and J. Hershey, “Single Microphone
Source Separation Using High Resolution Signal Reconstruc-
tion,” Proc. ICASSP04, pp. 817-820, 2004.

[6] B.Raj, M. V. S. Shashanka, and P. Smaragdis, ‘“Latent Direch-
let Decomposition for Single Channel Speaker Separation,”
Proc. ICASSPO6, pp. 821-824, 2006.

[7] T. Takiguchi, Y. Sumida, and Y. Ariki, “Estimation of Room
Acoustic Transfer Function Using Speech Model,” IEEE Sta-
tistical Signal Processing Workshop, pp. 336-340, 2007.

[8] T. Takiguchi, M. Nishimura, and Y Ariki, “Acoustic Model
Adaptation Using First-Order Linear Prediction for Reverber-
ant Speech, ”” IEICE Trans. INF. and SYST., vol. E§9-D, 908-
914, 2006.

[9] S. Nakamura, “Acoustic sound database collected for hands-
free speech recognition and sound scene understanding,” In-
ternational Workshop on Hands-Free Speech Communication,
pp. 43-46, 2001.

464 2009 IEEE/SP 15th Workshop on Statistical Signal Processing




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /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 /Error
  /CompatibilityLevel 1.6
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails true
  /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 true
  /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
    /Algerian
    /Arial-Black
    /Arial-BlackItalic
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BaskOldFace
    /Batang
    /Bauhaus93
    /BellMT
    /BellMTBold
    /BellMTItalic
    /BerlinSansFB-Bold
    /BerlinSansFBDemi-Bold
    /BerlinSansFB-Reg
    /BernardMT-Condensed
    /BodoniMTPosterCompressed
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /BritannicBold
    /Broadway
    /BrushScriptMT
    /CalifornianFB-Bold
    /CalifornianFB-Italic
    /CalifornianFB-Reg
    /Centaur
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /Chiller-Regular
    /ColonnaMT
    /ComicSansMS
    /ComicSansMS-Bold
    /CooperBlack
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FootlightMTLight
    /FreestyleScript-Regular
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /HarlowSolid
    /Harrington
    /HighTowerText-Italic
    /HighTowerText-Reg
    /Impact
    /InformalRoman-Regular
    /Jokerman-Regular
    /JuiceITC-Regular
    /KristenITC-Regular
    /KuenstlerScript-Black
    /KuenstlerScript-Medium
    /KuenstlerScript-TwoBold
    /KunstlerScript
    /LatinWide
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaBright
    /LucidaBright-Demi
    /LucidaBright-DemiItalic
    /LucidaBright-Italic
    /LucidaCalligraphy-Italic
    /LucidaConsole
    /LucidaFax
    /LucidaFax-Demi
    /LucidaFax-DemiItalic
    /LucidaFax-Italic
    /LucidaHandwriting-Italic
    /LucidaSansUnicode
    /Magneto-Bold
    /MaturaMTScriptCapitals
    /MediciScriptLTStd
    /MicrosoftSansSerif
    /Mistral
    /Modern-Regular
    /MonotypeCorsiva
    /MS-Mincho
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /NiagaraEngraved-Reg
    /NiagaraSolid-Reg
    /NuptialScript
    /OldEnglishTextMT
    /Onyx
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Parchment-Regular
    /Playbill
    /PMingLiU
    /PoorRichard-Regular
    /Ravie
    /ShowcardGothic-Reg
    /SimSun
    /SnapITC-Regular
    /Stencil
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TempusSansITC
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanMTStd
    /TimesNewRomanMTStd-Bold
    /TimesNewRomanMTStd-BoldCond
    /TimesNewRomanMTStd-BoldIt
    /TimesNewRomanMTStd-Cond
    /TimesNewRomanMTStd-CondIt
    /TimesNewRomanMTStd-Italic
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Times-Roman
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /VinerHandITC
    /Vivaldii
    /VladimirScript
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZapfChanceryStd-Demi
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /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 150
  /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 1200
  /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

  /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 "Recommended"  settings for PDF Specification 4.0)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


