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Abstract— Modifications and design of an algorithm for
identifying the frequency of periodic signal or disturbance are
studied in this paper. The approach utilizes a feedback control
system and can achieve true frequency estimation without
error in the steady state. High frequency ripple has been
observed in the frequency estimate of the original algorithm.
This problem is analyzed on a theoretical basis in the paper.
An alternative solution is presented to eliminate this ripple
other than the previous adaptive notch filter approach. The
design issue of the algorithm is also discussed in this paper,
especially when multiple frequency components are present in
the input signal. LQR optimal control technique is employed
in determining the feedback gains in the estimation system.
Simulations are conducted and results are presented.

I. INTRODUCTION

In many engineering applications, it is necessary to
identify the frequency of a noisy periodic signal with time-
varying characteristics. Knowledge of the magnitudes and
phases of the harmonic components are also important in
some practical problems. An adaptive frequency identifica-
tion algorithm based on the internal model principle(IMP)
of control theory was recently presented by Brown and
Zhang[1][2] for periodic noise rejection. The convergence
and stability of this algorithm is given in [3]. The algorithm
was simple in design, computationally light, and efficient in
estimating and tracking the frequency of the periodic signal
as well as the magnitude and phase.

The frequency estimated by the algorithm converges to
the actual frequency of the periodic signal without error in
the steady state. However, ripples may exist in the frequency
estimate when the input signal’s frequency varies rapidly.
High frequency noises, especially harmonics, often exist
in nonlinear system when periodic signals are involved.
This is due to the system nonlinearity combining with the
trigonometric characteristics. For example, ripples occur
in the frequency estimates of a power system when the
orthogonal filter’s gains are amended adaptively by doing
feedback [4]. Second harmonics also corrupt the behavior
of a traditional phase locked loop (PLL) in communication
systems. Low pass filters are required in PLLs to ensure
convergence.
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A notch filter approach for ripple cancellation in the
algorithm[1][2] was presented in [5]. In this paper, the
adaptation of the original algorithm[1][2] is modified to
improve the frequency tracking performance. Ripples can
be eliminated by adding a new term, which compensates
this oscillation with the application of the trigonometric
relationship: sin® @ + cos? # = 1. This method can be seen
as an alternative to the notch filter approach. This is a
progress report and more work on the comparison of these
two approaches is expected to be done in near future.

Also, a design method for the internal-model(IM) control
based frequency estimation system is presented in this pa-
per. In [5], the design of the feedback loop is conducted via
pole placement method. There is still significant room for
optimization. Moreover, recent interest has focused on prob-
lems where signals contain multiple sinusoidal components
such as harmonics. The design of a multi-feedback control
system with multiple IM in parallel for cancelling the
harmonic components, is difficult using the pole placement
method. The strength of the estimation algorithm lies in the
employment of feedback control and its parallel structure
which allows the rejection of multi-frequency components.
Thus, many modern control techniques can be applied to
realize a good design of the linear feedback system. Among
them, Linear Quadratic Regulator (LQR) for optimal control
is found to be a good method to handle this task. In
LQR design, the state feedback gains are calculated by
minimizing a cost function of the control inputs and the
feedback signals.

The outline of this paper is given as follows. In section
IL, the original algorithm is reformatted and reviewed. The
ripple phenomenon of the algorithm is analyzed. A previ-
ously proposed solution which is based on a notch filter in
frequency estimation loop is also introduced. An alternative
solution based on a modification to the adaptation law is
presented in section III. A new term that eliminates the
oscillations is added to the frequency estimate. Section IV
gives a design of the frequency estimation system for signals
with harmonics based on LQR optimal control technique.
Some simulation results are shown in section V. Finally,
section VI concludes this paper.

II. RIPPLES IN THE FREQUENCY ESTIMATION
ALGORITHM

The frequency estimation algorithm for disturbance rejec-
tion [1] is reviewed first in this section. The reason that the
ripples are present in frequency estimates is then identified.
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Fig. 1. The block diagram of the feedback disturbance rejection system

A. Review of the Algorithm

According to the fundamental internal model principle
of control theory [6], a model of the dynamic structure of
the disturbance should be included in the feedback loop for
perfect disturbance rejection. The model for any periodic
signal can be expressed as Y7 KLitthei 1n g gimple

g P i=1 " s21w? P
case where n=1, it can be written in state space form as:

YA IR AL

y = [ K Kz][g} (1)

Note that the states [z; x2]7 here denotes [% %]T
where [z} 4] is the state originally proposed in [2][3]
with K the gain of the IM. This manipulation of states
provides a simpler expression of our adaptation law and
results in a normal form for the state space realization.
Normal forms for time varying realizations of systems are
shown to have better numerical properties [7].

A block diagram of this control system is shown in Fig
1 where L(s) is a design function and IMC is the internal
model controller in (1). With L(s) chosen such that the
closed loop system is stable, we let the periodic disturbance
be v = asin(w.t + ¢), where w, is the frequency of this
signal and ¢ the phase. In the steady state we have:

e(t) = Aesin(wet + ¢) )
z1(t) = Awsin(w:t+ ¢ —0) 3)
xo(t) = Awccos(wet+ p—0) )
where A = ﬁ,@ = tan’l(é(;:’c) and ¢ denotes the
phase of e. ‘ ‘
A phase diagram of ', jZ* would show
xi(t) | wa(t), _ [2i(t) | #5(D)
=TI = e T
w We w w?
= |4 Q)
0 - (xl(t) +j332(t)>
w We
= wt+p (6)

where /(e) is defined to map to the set of real numbers
rather than [0, 27). Then the frequency w, of the sinusoidal
disturbance v can be identified by differentiating (6):

df

E = Wc (N

The derivative operation in (7) can be avoided by using
the following method. From (6), (7) and 4 (tan~!(u)) =

t
1 du
TTaZ dt° we get

o
dt

d
= — (tan! i
dt WwTo

1 wcaflxg — wcxlafg
1 + (WCCUI )2

wxo

We ==

w3
o wwc(x'lxg —xlzv'z) (8)

(wew1)? + (wa2)?

From (1) we have

151 = WX

Ty = —wxite
Thus, equation (8) becomes

o — wwe (w3 ;—wx% - ele) ©)

(wer1)? + (wz2)
The certain equivalence principle is applied here by using
w instead of w, in the right hand side of (9). Thus, we have

w?(wrd + wr? — exq)

(wz1)? + (wxe)?
€erq
= w— —5——5 (10)
i + 3
Equation (10) is used to estimate the frequency w. of a
sinusoidal disturbance.
The error ¢ between w. and w can be expressed as

follows:

We =

E = We—w
ex1
= -1 11
o 1D

An integral controller is used [1][2]to eliminate this error
in the steady state:

dw

= = K,
dt c
el
= —Ke——— 12
212 (12)
where K. is a constant gain.
From (12) we have
t
w = wy+ K, edr
to
k[ ey (13)
= wy— K. ———dT
0 to ./I,‘% +I§

where wq is the initial value of w of the internal model in
the control system.

The formula (13) is the adaptation law for the disturbance
cancellation system and is also the frequency identification
mechanism. The convergence of this algorithm and stability
of the feedback disturbance cancellation system above have
been verified by singular perturbation theory and averaging
theory in [3].
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B. Reason for the Ripples in Frequency Updates

When tracking signals with rapidly varying frequencies,
the original algorithm results in a ripple in the frequency
estimates. This can be understood by examining the steady
state behavior of the system. Ideally, the phase plot of

“T(t), IZ—(;)) should form a circle when w = w,. If w #
we, in the steady state, the phase plot will from an ellipse
with major & minor axis of w & w. and the derivative of
the angle of the phase plot will no longer be a constant w,.
The deviation from ideal can be expressed by substituting
(2)(3)(4) to (11) as:

(w? — w?) sin®(wet + @)

w2 sin?(wet + @) + w2 cos?(wet + @)

E=—w (14)
When w is close to w,, the denominator of (14) can be
approximated as follows

2

w?sin?(wet + ) 4+ w? cos?(wekT + @) ® ww,  (15)

So (14) becomes

ww? —we) oo (wet + )
Wwe
—we)(w + we)
Wwe
~ —2(w — w,) sin?(wet + @)

~ (we — w) (1 — cos(2wt + 2¢))

sin? (wet + )

(16)

The term cos(2w.kT + 2¢) gives a multiplicative devi-
ation from ideal. This explains the ripple or periodic noise
in our frequency estimate. The frequency of this periodic
noise is two times the fundamental of the input periodic
signal. Thus, this ripple arises because of the application of
certain equivalence principle to tan’l(“;“—f;) in (9).

/
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Fig. 2. The block diagram of the modified adaptation loop with a notch
filter

In [5], it was suggested that a second order adaptive

2 2 . . .
IIR notch filter % could be added in series with

the integrator Ige in (13) to minimize the ripple. w is the
estimated frequency of the periodic disturbance, and r the

bandwidth. Let us call the filtered error signal ¢’ to distin-
guish it from the original €. Figure 2 shows a block diagram
of the improved adaptation loop. The sinusoidal term of
2w, in (16) can be completely eliminated if the estimated
frequency w is close enough to the true frequency w.. Thus,
the accuracy and the consistency of the frequency estimation
for rapidly varying signals can be greatly improved.

III. NUMERATOR COMPENSATION APPROACH TO THE
RIPPLE PROBLEM
The sin2(wct + ) term in (16) can be expressed by
2. . .
352:-—112 in the steady state. Thus, this sinusoidal term can
1 2

be removed by dividing (11) by w;fx2' From (3)(4), in the
1 2

steady state, equation (11) becomes:

(&

52, a7

e =

Now, e and x; become zero periodically during the
estimating process, ideally at the same time. But, dividing
a small number by an approximately equal value results
in extreme amplification of the noise of the system. Thus,
equation (17) is not feasible for practical implementation.

Rather than eliminating the sin®(w.t + ¢) term by
dividing in (17) we can compensate it by applying the
trigonometric formula, sin? 6 + cos2 0 = 1. Therefore, the
goal is to find a mapping of the states of IM and feedback
error to the term (w. —w)-cos?(w.t+¢). A new term e, 2,
where e, = A, cos(w.t + ) is constructed to represent the
quadrature of the feedback error e, is added to the original
numerator to achieve this goal. The compensated frequency
error € is now:

lexr: +eqxa
E=———F5—"5— 18
2 a2 +a3 (18)

From (2)(3)(4) and the definition of e, (18) now becomes:
1 w(w? — w?) sin?(wet + @) + we(W? — w?2) cos?(wet + @)
2 w2 sin?(wet + @) + w2 cos?(wet + @)

—(w — we) (sin?(wet 4 @) + cos? (wet + ¢))
—(w —we)

QR

The adaptation will converge to the right frequency
without ripples only if the variable e, is estimated accu-
rately. The problem now becomes a quadrature estimation
problem. A simple method would be to set e, = —w [ edt.
This did not perform well in simulations. Instead, another
internal model in a feedback system can be used to estimate
the quadrature of e. The structure of this observer is shown
in Fig. 3. Where IMC is the same sinusoid internal model
controller as in (1), C(s) is a stabilizing transfer function, w
the frequency estimated. In this feedback system, the signal
e from Fig. 1 is taken as input. In the steady state, one
state of the IMC, xg, cancels the input signal e. In other
words, =3 is of the same magnitude and in phase of signal
e. The other state x4 is the quadrature of xd. Therefore, x?
can be seen approximately as the quadrature of e. By using
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Fig. 3. The block diagram of the quadrature estimation system for

numerator compen sation
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Fig. 4. Frequency estimation system with multiple IMs

the method shown above, the ripple effect in the frequency
estimates can be avoided.

IV. LQR DESIGN FOR THE FREQUENCY ESTIMATION
SYSTEM

The design of the frequency estimation system can be
easily formatted as a state-feedback design problem. LQR
[8] optimal control approach is found to be a good method
for designing a frequency estimation system proposed in
[1][2] with multiple IMs for harmonic cancellation. Figure 4
shows a block diagram of this frequency estimation system
where IM is of form given in (1). Output of the multiple
IMs is the full state vector X. L(s) in Fig. 1 can be set
equal to a vector K. v is the input periodic signal, e the
input signal of IM. The stability and convergence of the
algorithm with multiple IMs has been studied in [1]. The
state-feedback gain vector K can be determined by using
optimal LQR technique for optimal control.

Considering the model £ = Az + Bu in Fig. 4 for
multiple IMs in parallel, it can be rewritten as:

151 T 0
.fg A1 T2 1
= + e
An . 0
| Ton | | TaN | 1]
0 W

where A; = } , N denotes the number of IM in

—W; 0

the system, w; = ¢ X w the frequency of ith harmonics.
The general form of the LQR problem is to find the

control v = Kx, which minimizes a cost function [8]:

9= / - (27 Qx + ¥ Re]dt (19)
0

Frequency error ¢ (Hz)
°
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Fig. 5. Estimated frequency difference
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Fig. 6. Detailed frequency estimates around 2.5 seconds

Where z,e are the state and input vectors of the linear
system and (), R are weighting matrices of the designer’s
choice.

Because of the LTI assumption LQR optimal control is
only suitable for the case when the frequency range of the
input signal is constrained in a certain range known a priori.
A design example is given in the next section.

V. MATLAB SIMULATIONS
A. Simulations on Ripple Rejection

The continuous time frequency estimation system models
with original algorithm and with modifications have been
constructed in MATLAB/SIMULINK. The parameter set-
tings for the systems are L(s)=1000, K =1, r=100, K.=-
200 and IMC=2£235-05,

A sinusoid v(t) = sin(2710¢t) is first fed to the frequency
estimation systems as the periodic disturbance. For demon-
stration purpose, the frequency of the IM is fixed at 9.9 Hz
(or K. = 0). The frequency difference ¢ estimated by (11)
is shown in Fig. 5. It is seen that the estimated frequency
difference oscillates around 0.1 Hz at a frequency of 20 Hz,
which is consistent with our analysis in II-B.

4473



Magnitude
°

_ I I I I I I I I I
0 0.02 0.04 0.06 0.08 0.1 0.12 0.14 0.16 0.18 0.2
Time (s)

Fig. 7. Input signal:z(t) = sin(2750t) + 0.2sin(27100¢ + 0.2) +
0.3 sin(2m150¢ + 0.3) 4 0.4 sin (27200t 4 0.4) + 0.2 sin (27250t + 0.5)

Another periodic signal is constructed in MATLAB as
the disturbance that needs to identified. The frequency of
this signal follows a ramp function as follows:

10 @ 0<t<2s

10+ (t—2) @ 2<t<3s
11 : t>3s

ft) = (20)

Frequency estimation results around 2.5 seconds with and
without notch filter in estimation loop is shown in Fig. 6.
It is shown that the ripple is eliminated from the frequency
estimates by introducing a notch filter to estimation loop.

The modified algorithm with numerator compensation
is then applied to this signal. The parameters for the
quadrature estimation system are set as C'(s)=1,K5=50 and
K1=0. The frequency estimation results around 2.5 seconds
is also shown in Fig. 6. Similar to the results obtained by
the notch filer approach, the ripple effect in the frequency
estimates is seen to be avoided to a great extent by utilizing
the numerator compensation.

B. Simulations on LOR System Design

Next, a signal having up to fifth harmonic components is
constructed. The definition of this signal is shown below:

xz(t) = sin(2750¢) + 0.28in(27100¢ + 0.2)

+0.3sin(27150t 4 0.3) + 0.4 sin(27200¢ 4 0.4)
+0.25sin(27250t + 0.5) @1)

The original signal profile is shown in Fig. 7. The frequency
estimation system with 5 IMs is designed by using LQR
optimal control technique introduced in IV with the LQR
parameters selected as Q=179, R=0.0005 and the adaptation
gain K.=-50. The state-feedback gain vector K is calcu-
lated as [-3.9635 63.1212 1.6945 63.2229 5.6584 62.9919
10.0416 62.4433 17.1872 60.8654]. The pole placement
approach would require a specification of 10 closed-loop
poles and controller parameters selected for an appropriate
guess at w. Design would then need to be tested for
sensitivity to variation in w.

50.51 4

495 4

Frequency Estimate (Hz)

Fig. 8. Frequency estimate of a signal with high order harmonics

The initial guess of the frequency is set equal to 49 Hz
and the adaptive algorithm is turned on at 0.1 seconds.
Frequency estimation results are shown in Fig. 8. It is shown
that the estimated frequency converge to the true value, 50
Hz, in about 0.2 seconds. In the steady state the frequency
estimate is perfect or free of noise. We can see that the
frequency estimates provided by LQR design are fast and
accurate.

VI. CONCLUSIONS

A previously developed adaptive algorithm for identi-
fying the frequency of periodic signal or disturbance is
reformatted and studied in this paper. It is based on the
feedback control system and can converge to the true
frequency without error in the steady state. High frequency
oscillation/ripple has been observed in the frequency esti-
mates of the algorithm. This oscillation results in a longer
convergence and inaccurate estimation. This phenomenon is
analyzed on a theoretical basis in the paper. The frequency
of the ripple is identified as twice of the fundamental of the
periodic disturbance. An alternative solution is presented to
eliminate this ripple in the original algorithm other than the
previous notch filter approach. Moreover, the design issue
of the algorithm is also discussed in the paper, especially
when multiple frequency components are present in the
input signal. LQR optimal control technique is employed in
determining the multiple feedback gains in the frequency
estimation system. Simulations results are presented and
confirm the theoretical analysis.

REFERENCES

[1] Qing Zhang, “Periodic disturbance cancellation with uncertain
frequency,” Master Thesis at The University of Western Ontario,
Canada, 2001.

[2] L. J. Brown and Q. Zhang, “Identification of periodic signal with
unknown frequency,” IEEE Trans. Signal Processing, vol. 51, No. 6,
pp. 1-9, June 2003.

[3] L. J. Brown and Qing Zhang, “Periodic disturbance cancellation
with uncertain frequency,” Automatica, Volume 40, Issue 4 , no. 9,
pp. 631-637, 2004.

4474



[4] P.J. Moore, J. H. Allmeling and A. T. Johns, “Frequency relaying
based on instantanoeus frequency measurement,” IEEE Trans. Power

Delivery, vol. 11, No. 4, pp. 1737-1742, Oct. 1996.

[5] Zhenyu Zhao and L. J. Brown, “Fast measurement of power
system frequency using adaptive internal-model control technique,”

Submitted to [EEE Trans. Power Delivery, May 31, 2004.

4475

[6] B. A. Francis and W. M. Wonham, “The internal model principle
of Control Theory,” Automatica, vol. 12, pp.457-465, 1976.

[7] P. Regalia, “An improved lattice-based adaptive IIR notch filter,”
IEEE Trans. Signal Processing, vol. 39, pp. 2124-2128, Sept. 1991.

[8] Gene F. Franklin, J. David Powell and Abbas Emami-naeini, Feed-
back Control of Dynamics Systems New Jersey: Prentice Hall, 2002.



	MAIN MENU
	Go to Previous Document
	CD-ROM Help
	Search CD-ROM
	Search Results
	Print


<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles false
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (None)
  /CalRGBProfile (None)
  /CalCMYKProfile (None)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.3
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails true
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize true
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo false
  /PreserveCopyPage true
  /PreserveEPSInfo false
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /ArialNarrow-Italic
    /Courier
    /Courier-Bold
    /Courier-BoldOblique
    /Courier-Oblique
    /Helvetica
    /Helvetica-Bold
    /Helvetica-BoldOblique
    /Helvetica-Oblique
    /Times-Bold
    /Times-BoldItalic
    /Times-BoldOblique
    /Times-Oblique
    /Times-Roman
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageDownsampleThreshold 2.00333
  /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
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageDownsampleThreshold 2.00333
  /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
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 600
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.00167
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /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)
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /False

  /Description <<
    /JPN <FEFF3053306e8a2d5b9a306f300130d330b830cd30b9658766f8306e8868793a304a3088307353705237306b90693057305f00200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e30593002>
    /DEU <>
    /FRA <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /ENU <FEFF005500730065002000740068006500730065002000730065007400740069006e0067007300200074006f0020006300720065006100740065002000500044004600200064006f00630075006d0065006e007400730020007300750069007400610062006c006500200066006f007200200049004500450045002000580070006c006f00720065002e0020004300720065006100740065006400200031003500200044006500630065006d00620065007200200032003000300033002e>
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


