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DECONVOLUTION METHOD FOR
EMISSIONS MEASUREMENT

RELATED APPLICATIONS

[0001] This application claims priority to U.S. Provisional
Application No. 61/468,112, filed 28 Mar. 2011.

BACKGROUND

[0002] Emissions analyzers, or measurement instruments,
measure certain gaseous constituents within a sample of
exhaust, or aerosol, as a function of time, or are configured to
measure particulate matter, such as soot, within an exhaust
sample, as examples. The response of the instrument, how-
ever, may be uncorrected for the convolution of the measure-
ment with some other signal representative of the transfer
function, or the transient response, of the instrument. Decon-
volution is a process used to reverse, or correct, the effects of
convolution.

[0003] Inoneknown method, the response of an instrument
is recorded online in the time domain. Deconvolution of the
recorded signal is performed offline in post-processing by (1)
decomposing the recorded data, via a Fourier transform, into
the frequency domain, (2) using a model to remove the effects
convolution, and then (3) constructing a convolution cor-
rected signal, via an inverse Fourier transform, back into the
time domain.

SUMMARY

[0004] Disclosed is a method of correcting a response of an
instrument. The method includes determining an inverse con-
volution function, the inverse convolution function being in
the time domain. The method further includes recording a
response of an instrument to an exhaust sample as a function
of time, and convolving the recorded response with the
inverse convolution function, the result being a convolution
corrected instrument response.

[0005] Further disclosed is a method of determining an
inverse convolution function. The method includes determin-
ing an idealized convolution function, the idealized convolu-
tion function being in the time domain. The idealized convo-
lution function is transformed from the time domain to the
frequency domain, and a regularizing filter function is divided
by the transformed idealized convolution function. The result
of the division is the inverse convolution function in the
frequency domain. The inverse convolution function is then
transformed from the frequency domain to the time domain.
[0006] These and other features of the present disclosure
can be best understood from the following drawings and
detailed description.

BRIEF DESCRIPTION OF DRAWINGS

[0007] The drawings can be briefly described as follows:
[0008] FIG. 1 illustrates an example system including a
measurement instrument configured to respond to exhaust.
[0009] FIG. 2 illustrates an example method of correcting a
response of a measurement instrument.

[0010] FIG. 3 isrepresentative of the details of the first step
from FIG. 2.
[0011] FIG. 4 is representative of the details of the second

step from FIG. 2.
[0012] FIG.5is representative of the details of the third step
from FIG. 2.
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DETAILED DESCRIPTION

[0013] FIG. 1illustrates an example system 10 including an
engine 12 and an exhaust pipe 14 downstream thereof. The
engine 12 could be an engine of a vehicle, or could be a
stand-alone engine in a lab, as examples. The engine 12 could
further be any type of engine, including a diesel engine.
[0014] Exhaust 20 generated from the engine 12 flows
downstream of the engine 12, is tapped at 224, and a sample
24a of the exhaust 20 is directed to a sampling line 225. A
portion 245 of the sample 24q is directed toward a measure-
ment instrument 26, whereas another portion 24c is directed
toward a filter box 28 in parallel with the measurement instru-
ment 26. The filter box 28 need not be present, however.
[0015] Inthisexample, the measurement instrument 26 is a
soot sensor, such as the AVL 483 Micro Soot Sensor (MSS),
for example. The response (or, signal) from the measurement
instrument 26 is indicative of a concentration of soot, as a
function of time, within the portion 245 of the sample 24a.
[0016] A controller 30, which may be any type of known
computer, is in communication with the measurement instru-
ment 26 to record the response thereof. As those in the art
would appreciate, the controller 30 could include a processor
(or, CPU), screen, hard drive, mouse, keyboard, etc. The
controller 30 is further configured to perform each of the
calculations in the steps described below, and may be config-
ured to communicate with other various components in the
system 10.

[0017] A reference gas source 32 selectively in communi-
cation with the sampling line 2256 by way of an adjustable
valve 34. The controller 30, in one example, is configured to
adjust the valve 34, however the valve 34 could be manually
adjustable. In this example, the reference gas is a gas having
a known soot concentration. The reference gas source 32 can
include an appropriate reference gas, however, as will be
appreciated from the below.

[0018] Notably, while a soot sensor is shown, this disclo-
sure extends to other types of measurement instruments. For
example, this disclosure extends to gas analyzers configured
to measure a quantity (e.g., a concentration) of one or more
gaseous constituents within a sample of exhaust, such as of
CO,, CO, NO, NO,, NO,, CH,, HC, O,, NH;, and N,,O, as
examples. The disclosed method can further be used to decon-
volute data from any measurement instrument for which a
convolution curve can be determined, such as temperature,
pressure, flow rate, speed and torque measurements, as
examples. The system 10 is likewise non-limiting, and this
disclosure extends to other system set-ups, including those
mounted for use on-road or in a lab.

[0019] FIG. 2 shows a high-level overview of the steps in
one example of the disclosed method. As shown, the response
of the system 10 (specifically, the response of the measure-
ment instrument 26) to a step input signal change is measured,
at 100. Then, idealized and inverse convolution functions are
then determined at 200 and 300, respectively. Steps 100, 200,
300 can be performed offline, before acquiring data during
engine operation.

[0020] The results from steps 100-300 are then used in the
fourth step, at 400, to deconvolute data acquired by the mea-
surement instrument during engine operation. In one
example, this data is acquired during an emissions test. The
deconvoluted data can be further refined in an optional fifth
step, at 500. Steps 100-500 are discussed in detail below.
[0021] Asthoseintheart would immediately acknowledge,
a function in the time domain is represented as n(t), for
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example, while the same function in the frequency domain
would be represented as N(f). This notation is used through-
out the application.

[0022] FIG. 3 shows the detail of step 100. At 102-106 a
sample of reference gas, which has a known quantity of a
measurable exhaust component, is connected to the measure-
ment instrument, via positioning of the valve 34, and an
uncorrected response of the instrument x(t) is recorded. As
noted, in the example where the measurement instrument 26
is a soot sensor, the reference gas would have a known soot
concentration Likewise, if the measurement instrument was
configured to measure HC, a reference gas with a known HC
concentration would be selected.

[0023] At 108, times T, Tz, and T are determined. As
generally noted, these times are times at which the amplitude
of the recorded signal is at three different percentage values
relative to the known signal. This is indicative of the attenu-
ation caused by the measurement instrument and other mea-
surement equipment. In this example, 10%, 50%, and 90%
are used, for T, Tg, and T, respectively.

[0024] FIG. 4 is representative of the details of step 200, the
result of which is the determination of h(t), the idealized
convolution function. This function generally represents an
approximation of the real convolution function, using a model
consisting of the Gauss function convoluted with the impulse
response function:

h(H=g®)*i(®)

where g(t) is the Gaussian function is defined as:

and where i(t) is the impulse response function, defined as:

Lot
—e \t/ forr=0.
o

[0025] At step 202 the ratio

S

is determined, which is needed to calculate the normalized
convolution function h,(t) in step 204. In one example the
ratio

S

is determined from the following equation:

Tp—Ts
Te-Ty'

[0026] Inanother example, a look-up table is used to deter-
mine the ratio. The inputs to an example look-up tableare T ,
Tz, and Te.
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[0027] At step 204 the normalized convolution function
h,(t) is calculated. The normalized convolution function is:

1 (0=, (D)%, (2)

where g, (1) is the Gaussian function g(t) from above, with p=0
and o=1:

and where 1i,(t) is the impulse response function i(t) from
above, with T, equal to the ratio

T
a

determined in step 202:

Lei(é), forr=0

A
[0028] A scaling factor k is determined at step 206, and is
defined as:

Tc-Tx

k= ———
Ten=Tan

where T, , is the time at which fh,(t) reaches A % of its
maximum value (in this example, 10%), and where T~ ,, is the
time at which fh, (t) reaches C % of ats maximum value (in
this example 90%).

[0029] At208, scaling factor k can be used to determine the
parameters o, |, and T of the idealized convolution function
h(t) based on the following equations:

o=k
u=kTp,

T=kT,,

[0030] where T, , is the time at which fh,(t) reaches B % of
its maximum value (in this example, 50%). Having solved for
these parameters, the idealized convolution function h(t) can
then be determined by solving for g(t) and i(t), above.
[0031] As an alternative to step 200, the idealized convolu-
tion function h(t) could be approximated as the first derivative
of the uncorrected instrument response x(t).

[0032] FIG. 5 generally illustrates the steps for determining
the inverse convolution function k(t). At 502 the idealized
convolution function h(t) is transformed into the frequency
domain by Fourier transformation, as follows:

H(f=F(h(®)).

[0033] Next, as 304, a regularizing filter function R(f) is
calculated from the following equation:

(Husc(H)?
R(f)= ——2~
v (Huac(P)* + o
[0034] where H,,,(f) is the magnitude, or absolute value,

of H(f), and where o is a positive adjustable filter parameter.
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In one example, a. is a constant, positive real value. In another
example, o is a function of frequency, however a constant
value is typically sufficient. As noted below, in the example
where a.is a constant, o can be tuned to adjust the convolution
corrected instrument response y(t).

[0035] At 306 the inverse convolution function K(f) is cal-
culated by:

K(A=R(AV/H(.

[0036] Notably, R(f) and H(f) may include complex num-
bers, and thus, in one example, the above division follows the
rules for division of two complex numbers and can be per-
formed by dividing the magnitude of R(f) (e.g., R, ,,s(D) by
the magnitude of H(Y) (e.g., H, (D) and subtracting the
phase angle of H(f) (e.g., Hpy () from the phase angle of
R(D (e.g., Ry (D)

[0037] At 308, the inverse convolution function K(f) is
converted into the time domain by way of an inverse Fourier
transformation to determine an initial inverse convolution
function k,,,(t):

kinit(l):FI(K(f))'

[0038] The regularizing filter function R(f) depends from a
positive adjustable filter parameter ., which may be a con-
stant value, and need not be frequency dependent. The posi-
tive adjustable filter parameter o is generally representative
of a signal to noise ratio.

[0039] Once k,,,(t) is determined, the uncorrected instru-
ment response x(t) recorded in step 100 is convolved with
k.. () to construct an convolution corrected instrument
response y(t), at step 310, as follows:

YOO Ky, (0)-

[0040] The convolution corrected instrument response y(t)
is then be evaluated relative to the known reference gas signal
from step 100, at step 312. In one example this evaluation is
performed by graphically comparing the two signals, how-
ever this could also be performed using a one-dimensional
optimization algorithm to minimize the sum of squares of the
deviations between the deconvoluted response and the signal
representative of the known data.

[0041] Asrepresented in steps 314-318, the positive adjust-
able filter parameter a can further be adjusted, or “tuned,” to
increase the accuracy of the inverse convolution function
k., (t), thus increasing the accuracy of the convolution cor-
rected instrument response y(t) relative to the reference gas
signal from step 100.

[0042] Tuning is dependent on varying the constant posi-
tive adjustable filter parameter o, from whichk,,,(t) depends.
The dynamic response (or, slope) of y(t) is assessed at 314,
while overshoots and undershoots (e.g., amplitude) of y(t) are
accounted for at 316. As an example, increasing o would
reduce the slope of y(t) (e.g., worse recovery of dynamic
response) but also lower the over and undershoots. Once a
desirable o is found (e.g., a value for o representing an
acceptable compromise between error in slope and error due
to over/undershoots is determined), the corresponding
inverse convolution function is saved as k(t), at 320, for later
use in step 400.

[0043] In step 400, the k(t) saved at 320 is used for decon-
volution of the uncorrected instrument response m(t). In step
400, the system 10 would be arranged as shown in FIG. 1, for
example, such that valve 34 is adjusted so that the sample 24a
sourced from the engine 12 is directed toward the instrument
26.
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[0044] To construct the convolution corrected instrument
response y(t), the uncorrected instrument response m(t) is
convolved with k(t):

y(O=m(@)*k()

[0045] In one example, the controller 30 executes the con-
volution of m(t) with k(t) by way of the following Riemann
sum:

n
yi= Z Kimi_j-1)
=

[0046] where y, is the i-th value of the convolution cor-
rected instrument response vector, m,_;_;, is the i-(j=1)-th
value of the uncorrected measured instrument response vec-
tor, k' is the flipped inverse convolution function in the time
domain (as used herein, “flipped” means that the order of the
values in the vector is reversed), n is the number of values in
the inverse convolution function vector, j is the running index
of'the inverse convolution function vector, and i is the running
index of the uncorrected instrument response vector.

[0047] Since the convolution corrected instrument
response y(t) is calculated, at 400, entirely in the time domain
using multiplication and summation, the calculation at step
400 can be done quickly and efficiently relative to other
methods, such methods require transformations between the
time and frequency domains. Post processing is thus not
necessary with this disclosed method, and the convolution
corrected instrument response y(t) can be determined online,
during engine operation. Again, as noted above, the controller
30 can be used calculate the convolution corrected instrument
response y(t).

[0048] At optional step 500, the convolution corrected
instrument response y(t) can be further refined to eliminate
deviations that may be present at step changes. In one
example, this further refinement, called a derivative corrected
instrument response p(t), can be calculated by solving for p(t)
using the following equation:

d
p(r)+ﬁ-(dff]*k<n e

[0049] where { is a constant, k(t) is the inverse convolution
function from 320, and y(t) is the convolution corrected
instrument resulting from 400. In one example, p(t) is solved
for iteratively, using y(t) as an initial estimate for p(t). Again,
this fifth step is optional, and need not be included.

[0050] Although the different examples have the specific
components shown in the illustrations, embodiments of this
invention are not limited to those particular combinations. It
is possible to use some of the components or features from
one of the examples in combination with features or compo-
nents from another one of the examples.

[0051] One of ordinary skill in this art would understand
that the above-described embodiments are exemplary and
non-limiting. That is, modifications of this disclosure would
come within the scope of the claims. Accordingly, the follow-
ing claims should be studied to determine their true scope and
content.
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What is claimed is:

1. A method of correcting a response of an instrument
comprising:

determining an inverse convolution function, the inverse

convolution function being in the time domain;
recording a response of an instrument to an exhaust sample
as a function of time; and

convolving the recorded response with the inverse convo-

Iution function, the result being a convolution corrected
instrument response.

2. The method as recited in claim 1, wherein the determin-
ing step includes determining an idealized convolution func-
tion, the idealized convolution function being in the time
domain.

3. The method as recited in claim 2, wherein the idealized
convolution function is the first derivative of a response of the
instrument to a reference exhaust sample.

4. The method as recited in claim 2, wherein the idealized
convolution function is calculated by convolving a Gaussian
function with an impulse response function.

5. The method as recited in claim 4, wherein the Gaussian
and impulse response functions are based on a scaling factor,
the scaling factor determined based on a normalized convo-
Iution function and on a response of the instrument to a
reference exhaust sample.

6. The method as recited in claim 5, wherein the normal-
ized convolution function is calculated by convolving a nor-
malized Gaussian function with a normalized impulse
response function.

7. The method as recited in claim 6, wherein the impulse
response function is based on values from the response of the
instrument to the reference exhaust sample.

8. The method as recited in claim 2, wherein the determin-
ing step includes transforming the idealized convolution
function from the time domain to the frequency domain.

9. The method as recited in claim 8, wherein the determin-
ing step includes dividing a regularizing filter function by the
transformed idealized convolution function, the result being
the inverse convolution function in the frequency domain.

10. The method as recited in claim 9, wherein the deter-
mining step includes transforming the inverse convolution
function from the frequency domain to the time domain.

11. The method as recited in claim 9, wherein the regular-
izing filter function is based on the transformed idealized
convolution function and a positive adjustable filter param-
eter.

12. The method as recited in claim 11, wherein the positive
adjustable filter parameter is a constant value independent of
frequency.
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13. The method as recited in claim 12, wherein the deter-
mining step includes adjusting the positive adjustable filter
parameter to adjust overshoots, undershoots, and a dynamic
response of the inverse convolution function.

14. The method as recited in claim 1, wherein the instru-
ment is a gas analyzer configured to measure a concentration
of'a gaseous constituent of the exhaust sample as a function of
time.

15. The method as recited in claim 1, further including
calculating a derivative corrected instrument response to
eliminate noise at step changes in the convolution corrected
instrument response.

16. The method as recited in claim 1, wherein a derivative
corrected instrument response is calculated by solving for p(t)
using the following equation:

d
p(01+ 5 2 ekt = 10

where p(t) is the derivative corrected instrument response,
[ is a constant, k(t) is the inverse convolution function,
and y(t) is the convolution corrected instrument
response.

17. A method of determining an inverse convolution func-
tion comprising:

determining an idealized convolution function, the ideal-

ized convolution function being in the time domain;
transforming the idealized convolution function from the
time domain to the frequency domain;

dividing a regularizing filter function by the transformed

idealized convolution function, the result being the
inverse convolution function in the frequency domain;
and

transforming the inverse convolution function from the

frequency domain to the time domain.

18. The method as recited in claim 17, wherein the ideal-
ized convolution function is calculated by convolving a Gaus-
sian function with an impulse response function.

19. The method as recited in claim 17, wherein the regu-
larizing filter function is based on the transformed idealized
convolution function and a positive adjustable filter param-
eter, and wherein the positive adjustable filter parameter is a
constant value independent of frequency.

20. The method as recited in claim 19, further including
adjusting the positive adjustable filter parameter to adjust
overshoots, undershoots, and a dynamic response of the
inverse convolution function.
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