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FILTER INDUCED ERRORS IN LASER ANEMGMETER MEASUREMENTS US!4G COUNTER PROCESSORS

Lawrence G. Oberle and Richard G. Seasholtz
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ABSTkACT

Previous simulations of laser Doppler anemometer

(LDA) systems have focused primarily on noise studies

or biasing errors. Another possible source of error is

due to the choice of filter types and filter cutoff
frequencies.

In general, before it is applied to the counter

portion of the signal processor, a Doppler burst is

filtered to remove the pedestal and to reduce noise in

the frequency bands outside the region in which the

signal occurs. Filtering, however, can introduce errors

into the measurement of ;tie frequency of the input sig-

nal which leads to inaccurate results.

With the results of thi; paper it is possible to

evaluate errors caused by signal filtering in an LDA
counter-processor data acquisition system and to choose

filters for a specific application which will reduce
these errors.

NOMENCLATURE

A s	 amplitude of Doppler burst peak, counts/sample

period

Ad c	 DC or background component of Doppler burst,

counts/sample period

F l	lower cutoff frequency of the filter, cycles/
sample period

Fu	 upper cutoff frequency of the filter, cycles/

sample period

f D	Doppler frequency of the burst, cycles/sample

period

G	 maximum value of IH(f)I

H(f)	 frequency response function of a given filter

IH(f)I	 magnitude of H(f)

K	 comparison switch constant (generally set to 10)

KA	 arbitrary constant (usually 3 or 4) for setting

counter thresholds

N	 number of cycles used in comparison testing

NC	number of cycles used in Dopp ler frequency
measurement

N f	number of fringes in the burst

Nbw	 noise bandwidth, cycles/sample period

Pn	 noise power

P s	mean signal power

r	 comparison ratio, 112 or 5/8

SNR	 peak signal to noise ratio

TN	time i nterval between zero-crossing time at the

end of the first cycle to exceed TH2 and the

zero-crossing time at the end of the last cycle

in the comparison envelope

TNc time interval between zero-crossing time at the

end of the first cycle to exceed TH2 and the

zero-crossing time at the end of the last cycle

in the measurement envelope

TH1	 low counter threshold (K A x background noise

level)

TH2	 high counter threshuld (5 x TH1)

to	 time of peak of Duppler burst

'I	 visibility of the burst

X(t)	 time domain output of the photomultiplier

<x(t)> expected value of x(t)

i
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. C-0

rms noise

phase angle of Doppler burst

INTkODUCTION

To date, most LOA data acquisition system analyses

have focusseo on the errors caused by noise or biasing.

This paper evaluates the errors caused by signal fil-

tering through a computer simulation of the signal

processing sequence.
In general, a Doppler burs* is filtered before

being applied to the counter-processor to remove the DC

component (pedestal) and to reduce noise from outside

the frequency region containing the Doppler signal. The

ideal filter for this application possesses three sig-

nifi^ant characteristics (1):	 linear phase (sometimes

stated as constant time deTa,) in the passband, constant

amplitude in the passband, and infinite attenuation

outside the passband. While an ideal filter is theo-

retically impossible, app oxic3tions to this ideal can

be inace. These approximations to the ideal are the

general filter types analyzed herein.

Filter-induced errors can be divided into three

broad categories which correspond to the lack of per-

fection in the previously mentioned characteristics.

These error categories are as follows: skewing of the

zero-crossings used in determining the input frequency,

caused by nonlinear phase delay in the filter; biasing
or preterential selection of certain frequencies in the

passbana, caused by ripples in the filter amplitude

within the passband; and errors caused by insufficiently

attenuateu noise from outside the passbano.

Adrian and Earley (2) evaluated LOA counter-

processor performance as a function of the noise attrib-

utes of the signal received by the photomultiplier.

Dopheide and Taux (1) compared the counter-processor to

a transient recorder but did note that "electronic fil-
tering of the Doppler signal introduces the most impor-

tant systematic error" to the data acquisition process.

Hose] and Roai (3) emphasized noise induced errors and

determined that noise errors were a function of the

signal to noise ratio (SNR), the noise spectrum band-

width, and the counter control parameters. Except for
Dopheide and Taux, when electronic filtering was men-

t.onad at all, it was assumed that the filterin q being

done was appropriate for the signals bein q measured.

The emphasis of the work by Dopheide and Taux, however,

centered on the comparison of two data acquisition
techni q ues, rather than filter type and use.

DIb1TAL SIMULATION OF SIGNAL PROCESSING WITH THE

COUNTER-PROCESSOR

Doppler Burst

The -output of the photomultiplier tube is assumed
to be a Gaussldn mooulatea sinusoidal wave of frequency

equal to the Doppler frequency. It is further assumed

that the seed p article velocity vector which generates
this signal is parallel to the fringe no°mall of the

measurement volume. The parameters the. describe the

burst are the amplitude As, the nwnbe- of , fringes Nf
(equal to the number of cycles between e- 2 intensity

points), the visibility V, the Doppler frequency fD,
the time at the peak of the burst to, and the phase
m. The constant background level is A dc. The

photoelectron rate is then

x(t) - Adc + A
s 
11 + V cos [2ef D (t - to ) 

+ 04

-11211f 
U	 0	 f
(t-t )/N 

J 2e	
L	

(1)

which is shown in Fig. 1(a) (in the time domain), and in

Fig. 1(b) (in the frequency domain as represented by the

magnitude along the positive frequency axis). Assuming

a "short-term" counting condition (4), the number of

counts (photon events) in a given interval (t-(dt/2),

t + (dt/2)) is approximately x(t) dt. The actual number

of counts in each time interval dt hrs a Poisson

probability distribution. The probability of k counts

in the interval dt is

k

P(k,m) _	 e m	 (2)

where m is the expected count at time t

	

m = x(t) dt	 (3)

The Doppler burst of Fig. 1(a) with shot effect induced

white noise added is shown in Figs. 1(c) and (d).

Figures 1(e) and (t) shG.. the signal after filtering

with a bandpass filter. Figure 1 illustrates the

aesirea elimination of the pedestal and the reduction

of the noise. The number of visible fringes has a

direct affect on the apparent performance of the fil-

ters. Figure 2 shows an exaggerated view of this

affect. The Doppler frequency of the bursts was shifted

upwards to the upper cutoff frequency of the filter to

highlight the pedestal leakage. Figure 2(a) depicts the

spectrum of a Dopple burst with Nf = 4, while Fig. 2(b)

shows the spectrum of a Doppler Durst of identical fre-

quency with N f = 12. As can be seen in Fi g s. 2(c)
and (d) (showin g the signals of Figs. 2(a) and (b),

after filterinq), the pedestal it, the 4 fringe rase is

much less attenuated than its 12 fringe counterpart.

This pedestal leakage can result in frequency measure-

ments which are much lower than the actual Doppler

frequency.

Filters
The filters were simulated using classical analog

filter oesigns, with the low pass prototypes being used

to calculate the high pass filters using the usual

transtormatlot, (5). The conversion to the digital

uumain is done by sampling the complex frequency
response of the ar,alog filter wnicn is equivalent to

impulsE invariance (6, p. 198). For this to be a valid

proceoure the impulse response must decay to near zero

in the time record. The band p ass filters were formed

by cascading low and high pass filters of the required

types. A naraware realization of these bandpass filters
would require that an amplifier be inserted between the

filters to maintain an acceptable si g nal level.

Four five-pole filters were examined in an attempt

to determine which of the three criteria were the most

significant in terms of filter-inaucea errors. The

Butterworth filter (Fi g . 3(a)) was chosen because the
low pass prototype provides a transfer function which

is "maximally flat" in the passbana, although this

characteristic is not maintained io the transformation

to create the bandpass filter. The Bessel filter

(Fig. 3(b)) low pass prototype exhibits a transfer func-

tion which is "maximally flat" in terms of the time

delay n the passbana, but again, this highly linear

phase characteristic is not maintained when the low pass

filter is transformed to generate the band p ass filter

(5). Finally, the Chebyshev filters were chosen as

\t
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examples of filters with transfer f unctions of the low-
est order which meet the specified attenuation criteria.

The 1-dB filter (Fig. 3(c)) is an example of a filter

with a fast falloff outside the passband, and the 0.1-dB

filter (Fig. 3(d)) is an example of a filter with a low

ripple. As a result of the low ripple, the Chebyshev

0.1-dB filter also has a flat passband magnitude.

Signal Filterin Usin Discrete Fourier Transform (OFT)

or the digits simulation, the time record x(t)

of the burst was represented as 1024 uniformly space

samples. The Fourier transform of this record reveals

the Doppler frequency. In this paper, the simulated

frequencies are expressed in units of cycles per sample

period. Consider a Doppler burst of frequency fD

sampled 25 times per cycle with Nf = 8 visible

fringes. The Doppler frequency of this signal is then

1/25 or 0.04 cycles/sample period, and the burst width

is NfifD - 8/0.04 - 200 sample periods.
A scaling factor is used to relate these numbers

to actual signals obtainable from an '.DA sy .em. For

example, with a scaling factor of 10 9 sample periods/
second, the 0.04 cycles/sample period signal would cor-
respond to a signal of frequency 40 MHz. The burst

width would then be 200 sample periods/10 9 sample
pe n oas/second or 200 nsec in a time record of
1.024 nsec.

B?cause of the Nyquist criterion, the Doppler sig-

nal mist be sampled at least twice per cycle to avoid

alia,ing in the reconstructed time ecord. This puts

an upper limit on the simulated _o ppler signal of 0.5

cycles/sample period. One wou l d prefer to sample the
signal or the order of lU times/cy,lr, y.-ldin q an

effective upper limit of 0.1 cyclesi,ample period.

Furthermore, in order to use discrete Fourier transform

to perform linear convolutions without alia>inq, the SD,
of lengths of the nonzero portions of the Doppler fur,.+

and the nonzero portion of the impulse respcnse of tF,r.
filter must be less than the length of the ti-- rproad

(6, P. 111). This constraint places a lower limit of
the frequencies to be studied using this simulation.

A ratio of u pper to lower cutoff fre quencies of

to 1 was considered general enough to serve the purpos_s

of this paper. The upper cutoff frequency of the fil-
ters was chosen as 0.08 cycles/sani;le period to fall

well within the upper frequency limit. The lower cutoff
frequency was therefore 0.04 cycles/sample period. With

the two cutoff frequencies specified, the impulse

response of the filter (equal to the inverse discrete

Fourier transform of the frequency responses of the
filters) could be calculated.	 It was found that for the

four filters, these functions approach zero at or about

256 sample periods. The nonzero portion of the Doppler
burst could the n extend to 750 sample periods and still

meet the convolution constraint. This leads to a lower

frequency limit on the Doppler burst (for Nf = 8) of
f 0 = N f /length = 8/750 = 0.011 cycles/sample period.

Since the frequencies of interest fall well within the

range of 0.011 to 0.1 cycles/sample period, the fre-

quency limits imposed by the Nyq , jist criterion and the

discrete Fourier transform are satisfied.

Counter-Processor Simulation

The fi tered signal, either noise-free or noise-

added, is then applied to the counter simulation pro-

gram. The algorithm for the processor is ba,-d on a

commercially available signal processor used at NASA

Lewis for iaser Doppler Anemometry (LOA) measurements

(7). The processor model performs two primary

functions - input conditioninq and timing.

Input conditioning can be viewed as defining the

envelopes used in making the measurement. These enve-

lopes are the burst envelope, the envelope of the number

of cycles used in calculatin g the average (the N
envelope), and the comparison envelope. The burst enve-

lope detector determines the beginning and end of a

Doppler burst using the thresholds TH1 and TH2 as

shown in Fig. 4. The lower counter threshold TH1 is

set to KA times the background noise level, where KA
is an arbitrary constant. The high threshold TH2 is

usually set to five times TH1. The beginning of the

burst is defined as the first Doppler cycle which

crosses TH2. The burst continues until a cycle crosses

TH1 but not TH2. In Fig. 4, he burst envelope encom-

passes six valid cycles. The Nc envelope starts at
the first valid cycle and continues until N c cycles

are found. This is shown in Fig. 4 for N= 4. 	 If
the burst ends before N c cycles are foun cd, the burst

is ignored by the processor. The comparison envelope is

defined in the same way as the Nc envelope tut with
fewer cycles. The ratio of the number of cycles in the

comparison envelope to the number of cycles in the Nc
envelope (called the comparison ratio r) is generally

set to 112 for Nc = 2 ald Nc = 4 .nd to 5 1 8 for
N c = J. Figure 4 shows the comparison envrlope

applicable for Nc = 4.

The timing portion of the model uses the negative-

going zero-crossings of the valid cycles (circled loca-

tions in Fig. 4) to determine the Doppler frequency.

These zero-cressings are found using linear interpola-

tion between the time domain samples that bracket the

zero-crossing. In the actual processor, Schmitt trig-

gers are used to find the -ero-crossings. The Doppler

frequency is then calculate as

N

f 0 - 
Tr	

(4)

Nc

where T Nc is the time interval between the first and

last zero-crossings within the N C envelope.

To determine if the Doppler frequency is changing

drastically from cycle to cycle .ithin the burst, a com-

parison test is made. T N is defined as the time
interval between the first and last zero-crossing in the

comparison envelope. In the actual processor, the meas-
urement passes the comparison test if

rT Nc - K < T N < rT Nc + K	 (5)

where K is a constant number of clock counts set from

the front panel. For the simulation program, the com-

parison test uses the relationship

rTNc - TN I < comparison accuracy	 (6)

where the comparison accuracy used is generally set to

5 percent. The simulation comparison test is percentage

based, while the actual processor measures the differ-

ence in counts. What this implies is that in the real

processor, as the Doppler frequency increases, the tol-

erance un the comparison validation increases because

the limits are a fixed number of clock counts. Inthe
digital simulation, the comparison validation is g'.ven

as a percentage of T Nc. The comparison was performed
in this manner so as to generalize the results of this

, aper. To relate the percentage to the actual processor

switch setting, the Doppler frequency must be specified.

Signal to Noise R&tio (SNR)

Since the noise output of the photomultiplier is

assumed to be white, one cannot speak of SNR until the
signal has been filtered. Herein, we define the peak

SNR as the ratio of the mean s i gnal power at the filter

output to the filtered mean no';e power where both are

)
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averaged over one cycle, with the exponential term

appearina in Eq. (1) set to its peak value, unity.

Therefore, the mean signal power can be written as

	

P s = 0.5(A,V) 2 IH(f)l 2	 (1)

With the assumption of shot effect induced white noise,

the power spectral density (at a given time) is equal

to the expected photoelectron rate. The noise power is

	

P h a 2 <x(t)> Nbw	 (8)

where the noise bandwidth N bw is

Nbw 
6	

^H(f)I2 of	 (9) f
and G is defined as the maximum value of IH(f)I.

Note that the rms noise (ensemble average at a given

time) is

o =	 P n	(10)

"ie noise power aver •oged over one cycle is thus

	

P  - 2Nbw (Adc * As)	 (11)

and the peak SNR is

(A V)2IH(f)l2
	SNR = N+ A `	 (12)

bw do	 5

RESULTS

The output of the filter was determined by finding

the inverse Fourier transform of the product of the

Fourier transform of the input signal and the Fourier

transform of the filter. The noise-free signals were

evaluated primarily to determine the ability of the

filters to attenuate the pedestal witho,,c aTTr.L ng the

Dopple r frequency. As shown in Fig. 2, pedestal leakage
is a strong function of Nf. However, it is not clear

whether the pedestal leakage is a p roblem in determining

the Doppler frequency.
A more obvious source of error in measurements is

the number of cycles used in calculat'ng the Doppler

frequency. Figure 5 depict ,, the percent error as a
function of frequency of the average of four fringes

	

(i.e., Nc = 4) for Nf = 4, 8, and 12.	 It is appar-
ent that one should not choose N f to be equal to

N., even if the flow is parallel to the fringe normals.

Either the amplitude is not large enough to allow the

four cycles to be counted (as is the case with the

BesSEI filter, Fig. 5(b)), or the error in the later

cycles is large enough to induce relatively ';urge errors

in 0- average (as happens with the other filters).
Otherwise, the general trend is that the larger the num-

ber of fringes, the more accurate the measurement will

be. Other considerations, such as the size of the meas-

urerneni. volume, force the number of fringes to be as
small as possible.	 It was our experience that if Nf

is chosen to be roughly twice N c the measurement

accurar.y is sufficient. For purpuses of this report,

it was determined that the combination of Nf = 8
and N c = 4 was adequate. These values will be used

throughout the remainder of the report.

Another observation can be made from Fig. 5. The

Butterworth filter frequency response exhibits a marked

slope as a function of frequency. This implies that the

measured frequency will tend to be biased toward the

center of the filter passband. It is desirable that the

slope of the error curve be very nearly flat over a wide

range in the passband. The Bessel and both Chebyshev

filters more nearly approach this condition. However,
the slopes of the error curves in the Chebyshev filters

become pronounced at the passband edges.
Table I shows the normalized frequency for indi-

vidual cyi.les of the filtered bursts as a function of
both frequency and filter. The amplitude was increased

in each case until 10 cycles were accepted by the
counter processor.	 In general, the later cycles result

in a lower frequency than the earlier cycles, and the

bursts of higher input frequency are biased toward the

lower frequencies. The exceptions to these general

trends are the two Chebyshev filters. At the higher

frequencies, the later cycles are of higher frequency
than the earlier cycles. This does not appear in the

averages because bursts of high enough amplitude to be

processed first cross TH2 (see Fig. 4) at cycle 4 or

earlier. Those bursts which cross the upper threshold

at cycle 5 or higher will not have 4 consecutive cycles

at greater amplitude thin TH2.

As noise is added to the Doppler signal, a number

of observations can be made. Figure 6 is the comparison

of normally distributed random amplitude signals (mean

value equals 10 counts/sample period, standard deviation

equals 10 counts/sample period), both noise-free and

noise-added, as a function of frequency. For the noise-
free case, the Bessel filter and the 0.1-dB Chebyshev

filter appear less sensitive to amplitude fluctuations

than the other two. But, again, for the four filters,

the general trend is downward as the frequency

increases. With Poisson-noise added, the signal accu-

racy deteriorates, as expected. The "bumps" in the
Bessel filter frequency respuns^ occur because fewer

bursts are accepted by the pro essor for this filter
than for the other three. Sir e the Bessel filter

attenuates the input signal, 	 ignals of higher nput

ampl i tuae are necessary to c ss the upper threshold.

The data rate using the Bessel Titter will be necessar-

ily lower than for the other filters. The 0.1-d8

Chebyshev filter exhibits the flattest profile through-

out the frequency range.
Another consideration in the use of laser anemo-

meters is the measurement of turbulence intensity.

Figure 1 shows the standard deviation of the measure-

ments as a function of frequency for the four filters

for random amplitude signal with noise added. Tne four

filters are clustered around the 1- to 1.5-percent

range. This implies that turbulence intensities of this

magnitude cannot be measured accurately using the stand-

ard techniques. Also, measurements of mean velocity
will be biased near the band edges because of the vari-

ation of the measurement rate with frequency caused by

filter attenuation. For these measurements, the Bessel

filter exhibits the highest standard deviation at the

higher frequencies. It is desirable that this curve be

nearly flat to avoid errors in turbulence intensi t y as

a function of frequency. The flattest profile can be
seen to be the Butterworth filter, especially in the

center of the passband, although :ha differences between

these filters in this respect are not especially

significant.

Figure 8 shows the SNk of the four filters as a

function of frequency for fixed-amplitude, noise added

input. signals. The Bessel filter exhibits the least

variation in SNR across the passband, but the SNP is
significantly lower than for the other filters. The

0.1-uB Chebyshev filter also has a fairly flat profile,

t



but at higher magnitude than the Bessel. Both the

Butterworth and the 1-dB Chebyshev filters exlibit a

large variation of SNR as a function of frequency.

This implies that the input signals will be biased more

strongly by these filters than by the Bessel and the

0.1-dB Chebyshev filters. This observation is borne

out by the graphs of Fig. 6.

CONCLUSIONS

From this admittedly limited study, several impor-

tant conclusions can oe reached. First, the error in

the signal can be viewed to be partially a function of
the ratio bet een Nf and Nc. As a rule of thumb,
if N t /N c ;^: _, the errors caused by the large vari-

ation in cycle frequencies at the end of the burst will

be minimized. Second, for the four filters studied,

there is generally strong signal biasing near the band

edges. This can be avoided by defining "effective"
cutoff frequencies inside the actual cutoff frequencies

of the filters. F 10-percent sift upwards for the low

edge, and downwards for the high edg,, shout; be suffi-

cient to limit these errors. Third, biasing t"rors

caused by the filters can be linked to the variations

in SNk across the passband. A filter with a flat SNR

profile is then more desirable than a filter with a

large variation in SNR as a function of frequency.

Fourth, variations in standard dev,ations, which can

cause errors in turbulence intensity measurements, can

be interpreted as a function of the magnitude of the SNR

of the filtered signal. F or this reason, and for the

obvious reason that a higi.er SNR yields a higher da a

rate, a filter should be chosen which allows as high an

SNR as possible. With these four points in mind, the

Chebyshev filter with the 0.1-dB ripple is the best

filter of the four studied.

It should be noted that this study is by no means

exhaustive. No effort was made to determine the errors

induced by these filters on the measurement of turbulent

flow or of flows for which the mean velocity vector

crosses the measurement volume at an angle to the fringe

normals. Furthermore, there exist a large number of

filters not evaluated here as well as higher order fil-

terc of the types examined. A more extensive study of

these systematic errors is required to minimize the

inaccuracie° of the measurements made by fringe-type

laser anemometry systems.
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TABLE 1. - NORMALIZED FREQUENCY FOR INDIVIDUAL CYCLES OF FILTERED SIGNAL

HE	 _ Bessel BANDFASS FILTER CUTOFF FREOUENCIES

BW Butterworth FI .040 cvcles/sam p le period
CH = Chebyshev Fu .080 cycles/sample period

Number fringes	 (Nf) =	 8

I'd filter CYCLE

cvcles/

sample period 1 2 3 4 5 6 7 8 Y 10

.040 BE 1.008 1.007 1.006 1.005 1.004 1.003 1.001 1 .000 0.998 0.997
BW 1.017 1.017 1.016 1.016 1.015 1.014 1.012 1.010 1.008 1.004
CH-1dB 1.026 1.026 1.026 :.025 1.024 !.021 1.018 1.014 1.009 1.00o
CH-.1dB 1.017 1.016 1.014 1.012 1.008 1.003 0.9Y6 0.986 0.970 0.948

.045 BE 1.006 1.005 1.004 1.003 1.002 1.001 1.000 0.999 0.997 0.995
BW 1.012 1.011 ;.010 1.009 1.007 1.005 1.002 0.997 0.992 0.964
CH-10 1.016 1.015 1.013 1.009 1.004 0.996 0.983 0.9e3 0.930 0.691
CH-.1dB 1.011 1.009 1.007 1.004 0.999 0 YY4 0.987 0.977 0.963 0.941

.050 BE 1.004 1.004 1.003 1.002 1.001 1.000 0.999 0.998 0.996 O.Y95
BW 1.008 1.007 1.006 1.004 1.002 1.)00 0.996 0.993 0.981 0.981
CH-10 1.011 1.009 1.006 1.003 0.998 0.992 0.985 0.978 0.985 1.184
CH-.1db 1.007 1.006 1.004 1.001 0.998 0.995 O.YY2 0.991 0.993 1.000

.055 BE 1.003 1.003 1.002 1.001 !.000 1.000 0.998 0.997 0.995 0.994
BW 1.006 1.005 1.004 1.003 :.001 1.000 0.998 0.995 0.993 0.991
CH-1dB 1.007 1.006 1.004 1.001 0.999 0.996 0.994 0.995 0.999 0.995
CH-.1dB 1.006 1.005 1.004 1.002 1.000 0.Y99 0.997 0.995 0.994 0.994

.060 BC 1.002 1.002 1.000 1.000 0.999 0.999 0.996 0.996 0.993 O.YYO
BW 1.004 1.002 1.002 1.000 0.799 0.998 0.996 0.995 0.995 0.994
CH-101, 1.004 1.003 1.003 1.001 !.000 0.998 0.995 0.991 0.986 O.Y%8
CH-.IdB 1.005 ,.003 1.003 1.001 1.000 0.999 0.997 0.9Y6 0.995 0.9x'2

.065 BE 1.001 !.Vvl 0.999 0.999 0.999 0.998 0.996 0.996 0.991 0.966
BW 1.000 1.000 0.998 0.997 0.997 0.9Y5 0.995 0.9Y4 0.994 0.997
CH-1dB 1.001 1.000 1.001 1.00! 1.001 1.002 1.003 1.003 1.000 0.973
CH-.1dF 1.002 1.002 1.001 1.001 1.000 0.999 0.999 0.999 0.996 0.995

.070 BE 1.000 0.999 0.999 0.996 0.997 0.997 0.998 0.996 0.988 0.98:
BW 0.99n 0.9Y7 0.996 0.>94 0.99: 0.993 0.991 0.9Yi O.Y93 0.992
CH-1dS 0.997 O.Y97 0.9Y7 0.999 1.002 1.008 1.019 1.040 1.085 1.157
CH -.1dB 0.999 1.000 0.999 0.999 1.000 1.00i 1.002 1.003 1.004 ..006

.075 BE 1.000 0.998 0.998 0.997 0.996 0.997 0.998 0.995 0.989 0.967
BW 0.994 O.Y94 0.991 O.Y91 0.990 0.988 0.988 0.985 0.986 0.985
Ch 1dB 0.989 0.990 0.990 0.990 0.994 0.998 1.007 1.02. 1.037 1.052
Ch-.IaB 0.998 0.996 1.996 0.997 0.997 0.99Y ..003 1.008 1.016 1.031

.080 BE 1.000 0.997 0.Y97 0.995 0.996 0.996 0.998 0.996 0.987 0.954
BW 0.440 0.991 0.988 0.987 0.986 0.983 0.982 0.979 0.976 0.974
CH-1dB 0.981 0.980 0.978 O.Y77 0.977 0.979 0.981 0.985 0.989 0.989
CH -.1dB 0.991 0.993 0.992 0.993 0.994 0.'>98 1.002 1.012 1.027 1.045

i
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