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(54) ADAPTIVE EQUALISATION

(57) This invention is designed for use in transmis-
sion of data between downhole module in a wellbore and
a controlling module at the surface. The invention pro-
vides an apparatus for receiving data signals from a te-
lemetry module comprising first and second adaptive
equalisers, and in which in a first modulation mode the
coefficients of the first adaptive equaliser are updated
until an error signal falls below a predetermined threshold

and in a second modulation mode the coefficients of the
first adaptive equaliser are locked and coefficients of the
second adaptive equaliser are updated to continually
minimise an error signal in which the number of bits en-
coded by the symbols of the first signal in an initial mod-
ulation mode is fewer than the number of bits encoded
by the symbols of the second signal in a subsequent mod-
ulation mode.
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Description

BACKGROUND

a. Field of the Invention

[0001] The present invention relates to inspection ap-
paratus for use in wellbores in the oil and gas industries.
In particular the invention relates in general to the field
of transmission of data between downhole module in a
wellbore and a controlling module at the surface.

b. Related Art

[0002] Accurate collection of geophysical data is a key
to successful exploration and production in oil and gas
industries. Based on data collected in a wellbore it is pos-
sible to determine whether a well is likely to be productive,
and decisions can be made such as whether to drill ad-
ditional wells near an existing well or whether to abandon
a well as being unproductive.
[0003] Collecting wellbore data is known as well-log-
ging. In well-logging, a telemetry module is lowered into
a wellbore on a cable containing an inner core of insulated
wire known as a wireline cable. The wireline cable pro-
vides power to equipment located at the end of the cable,
and provides a pathway for electrical telemetry for com-
munication between the surface and the telemetry mod-
ule at the end of the cable.
[0004] The telemetry module is an electrically powered
measurement device for inspecting the wellbore and is
connected to a surface controller via the wireline cable.
[0005] Electrical digital and data control signals are
transmitted between the surface controller and the down-
hole telemetry module via one or more conductors in the
wireline cable. Downstream data signals are used to re-
motely control the functions of various downhole devices
such as one or more cameras, motor tools to rotate a
part of the module and to configure parameters for sen-
sors such as temperature & pressure sensors, acceler-
ometers and gyroscopes.
[0006] Upstream data signals transmit information
from the telemetry module to the controller such as im-
ages, information indicative of the operation of the down-
hole devices or parameters detected or measured by the
sensors.
[0007] The wellbore depth and hence the distance be-
tween the telemetry module and the surface controller
may be many thousands of feet. Temperatures in the
wellbore may rise to over 100 degrees Centigrade. The
wireline cable must be designed to withstand the physical
conditions and to sustain the weight of the telemetry mod-
ule complete with tools connected beneath it and the
length of the wireline cable as the telemetry module is
lowered into the wellbore. The wireline cable is not pri-
marily designed as a communications channel for effi-
ciently transmitting modulated data signals and therefore
the channel frequency response of the cable is not opti-

mised for efficient data transmission.
[0008] The present invention reduces errors in a re-
ceived signal by using a two stage adaptive equalisation
scheme.
[0009] Although the present invention is designed for
us in telemetry apparatus for use in wellbores it is not
restricted to such use and will be advantageous in other
fields of operation where improved signal decoding in a
noisy environment would be beneficial.

SUMMARY OF THE INVENTION

[0010] This invention is designed for use in transmis-
sion of data between downhole module in a wellbore and
a controlling module at the surface. The invention pro-
vides an apparatus for receiving data signals from a te-
lemetry module comprising first and second adaptive
equalisers, and in which in a first modulation mode the
coefficients of the first adaptive equaliser are updated
until an error signal falls below a predetermined threshold
and in a second modulation mode the coefficients of the
first adaptive equaliser are locked and coefficients of the
second adaptive equaliser are updated to continually
minimise an error signal in which the number of bits en-
coded by the symbols of the first signal in an initial mod-
ulation mode is fewer than the number of bits encoded
by the symbols of the second signal in a subsequent mod-
ulation mode.
[0011] The invention provides a method of adaptive
equalisation comprising the steps of: receiving a first sig-
nal transmitted via a channel in which the first received
signal differs from the first transmitted signal due to chan-
nel distortion and/or noise, the first signal comprising a
sequence of symbols encoded by inphase and quadra-
ture components; repeating the steps of filtering a portion
of the received first signal using a first filter having a plu-
rality of first filter coefficients; determining the likely in-
phase and quadrature components of the first transmitted
signal; determining a first error signal in dependence up-
on the difference between the likely inphase and quad-
rature components and the received inphase and quad-
rature components; updating the first filter coefficients to
reduce said first error signal; until the average first error
signal is less than a predetermined threshold; and the
method further comprises receiving a second signal
transmitted via a channel in which the second received
signal differs from the second transmitted signal due to
channel distortion and/or noise, the second signal com-
prising a sequence of symbols encoded by inphase and
quadrature components; continually repeating the steps
of filtering a portion of the received second signal using
said first filter to obtain a first filtered second signal; fil-
tering the first filtered second signal using a second filter
having a plurality of second filter coefficients; determining
the likely inphase and quadrature components of the sec-
ond transmitted signal; determining a second error signal
in dependence upon the difference between the likely
inphase and quadrature components and the received
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inphase and quadrature components; updating the sec-
ond filter coefficients to reduce second error signal; and
wherein the number of bits encoded by the symbols of
the first signal in an initial modulation mode is fewer than
the number of bits encoded by the symbols of the second
signal in a subsequent modulation mode.
[0012] Preferably the first signal comprises a QPSK
signal. Preferably the second signal is a QAM 16 signal.
[0013] In a preferred embodiment the likely inphase
and quadrature components of the originally transmitted
signal are determined by using a least means squares
algorithm.
[0014] In a preferred embodiment the first and second
filter coefficients are updated in dependence upon the
first and second error signals respectively together with
a factor which is greater than zero and less than 1/ input
signal power multiplied by the no. of filter taps in the re-
spective filter.
[0015] The invention also includes a method of QAM
demodulation including such a method of adaptive equal-
isation.
[0016] According to a further aspect of the invention
there is provided an apparatus for receiving data signals
from a telemetry module comprising: a first adaptive
equaliser for receiving a signal transmitted via a channel
in which the received signal differs from the transmitted
signal due to channel distortion and/or noise, the signal
comprising a sequence of symbols encoded by inphase
and quadrature components; the first adaptive equaliser
comprising: a first filter for filtering a portion of the re-
ceived signal using a first filter having a plurality of first
filter coefficients; a first slicer for determining the likely
inphase and quadrature components of the first trans-
mitted signal; a first error calculator for determining a first
error signal in dependence upon the difference between
the likely inphase and quadrature components and the
received inphase and quadrature components; and a first
coefficient updater for updating the first filter coefficients
to reduce said first error signal when the received signal
is encoded by the initial modulation and until the average
first error signal is less than a predetermined threshold;
and a second filter for filtering a portion of the a first filtered
signal received from the first filter using a second filter
having a plurality of second filter coefficients; a second
slicer for determining the likely inphase and quadrature
components of the second transmitted signal; a second
error calculator for determining a second error signal in
dependence upon the difference between the likely in-
phase and quadrature components and the received in-
phase and quadrature components; and a second coef-
ficient updater for updating the second filter coefficients
to reduce said second error signal.
[0017] The invention also includes a QAM demodula-
tor including such an adaptive equaliser.

BRIEF DESCRIPTION OF THE DRAWINGS

[0018]

Figure 1 is a block diagram showing a QAM demod-
ulator with an adaptive equaliser;

Figure 2 illustrates a conventional adaptive equalis-
er;

Figures 3a, 3b and 3c illustrate sample error calcu-
lation using a slicer;

Figures 4a and 4b illustrate an equalised QPSK con-
stellation and QAM16 constellation from a signal re-
ceived over a distorted channel or noisy environ-
ment;

Figure 5 illustrates a two stage adaptive equaliser;

Figure 6 is a flow chart illustrating steps in a method
according to the present invention;

Figure 7 is a flow chart illustrating further steps in a
method according to the present invention;

Figure 7 illustrates a two stage adaptive equaliser;

and

Figure 8 illustrates constellation diagrams of the sig-
nal before and after each stage of adaptive equali-
sation.

DETAILED DESCRIPTION

[0019] Figure 1 is a block diagram showing a QAM
demodulator with an adaptive equaliser.
[0020] A mixer 100 receives an input signal 200 and
generates inphase signal 201 and quadrature signal 202.
[0021] Signals 201, 202 are down converted by a dec-
imation and RRC filter 102 to generate down converted
inphase signal 203 and down converted quadrature sig-
nal 204.
[0022] A variable decimator 104, a symbol adjuster 105
and a loop filter 103 are used to detect the symbol timing
error and sample the symbol at the ideal point to generate
inphase symbol sample 205 and quadrature symbol sam-
ple 206.
[0023] Symbol samples 205, 206 are processed by a
phase error detector 109, a phase adjuster 102 and a
loop filter 111 to determine a correction value 207 for use
by a digital direct synthesiser (DDS) 110. The DDS 110
generates a carrier frequency to feed to the mixer 100.
[0024] The symbol sample 205, 206 are processed by
a symbol mapper 113 prior and equalised by adaptive
equaliser 10 (which will be described in more detail later).
Such symbol mappers are also referred to herein as ’slic-
ers’ and mapping of a received symbol to the closest
symbol is often referred to as ’slicing’. After equalisation
by the adaptive equaliser 10 symbol values are proc-
essed by a second symbol mapper 106 and a serial de-
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coder 107 to a serial bit stream.
[0025] Figure 2 illustrates a conventional adaptive
equaliser. It is to be noted that the terms adaptive equal-
iser and adaptive filter are used synonymously in the fol-
lowing description.
[0026] An adaptive equaliser 10 adjusts filter coeffi-
cients of a finite impulse response (FIR) filter 12 based
upon the difference between ideal sample values y’(n)
and the sample values y(n) output by the filter 12.
[0027] A signal S(n) is distorted by distortions intro-
duced by a channel 14 and/or by noise to produced re-
ceived signal x(n). The received signal x(n) is processed
by the FIR filter 12 having coefficients w(n) to produce
signal y(n) according to the convolution equation: 

[0028] The resulting signal y(n) is then processed by
a slicer 16 as shown in Figures 3a, 3b and 3c.
[0029] Figure 3a is a constellation diagram illustrating
a received symbol 21, together with a ’target’ symbol 20
representing the transmitted symbol. Vector 22 repre-
sents the difference between the two symbols otherwise
know as the modulation error.
[0030] In Figure 3b a target symbol 23 is represented
by inphase and quadrature components of 80. The re-
ceived symbol 24 has and inphase component 25 Isample
equal to 85 and a quadrature component 26 Qsample
equal to 77. Slicer 16 receives the inphase and quadra-
ture components 25, 26 and determines the target in-
phase component I’ and target quadrature component
Q’ of the appropriate target symbol 23 from the received
symbol 24 using a conventional least mean squares
(LMS) algorithm.
[0031] Error Calculator 17 then produces error signal
e(n) based upon a calculation of the difference between
the received symbol 24 and the target symbol 23: 

[0032] Coefficient Updater 18 then updates the coeffi-
cients of the FIR filter 12 according to the equation: 

where ’u’ is a step size chosen such that 0 < u < 1/ input
signal power multiplied by the no. of filter taps.
[0033] Figures 4a and 4b are constellation diagrams
illustrating equalized QPSK and QAM16 signals respec-
tively using a conventional adaptive equaliser as illus-
trated in Figure1 for signals sent over the same channel

as each other.
[0034] As can be seen on Figure 3a, QPSK constella-
tion points do not overlap with adjacent constellation
points. There is clear boundary between the 4 regions of
constellation points. From QPSK modulation we could
measure the sample error values on all points.
[0035] However, for the same channel with a QAM 16
signal, the constellations overlap with adjacent constel-
lation points as shown in Figure 4b. Therefore when these
points are processed by the slicer 16 they will be misi-
dentified and the sample errors will be incorrect because
ideal sample is from adjacent constellation point. If the
percentage of symbols which are misidentified is greater
than 10% adaptive equalization will not converge and
becomes unstable.
[0036] An improved adaptive equalisation scheme will
now be described with reference to Figures 5 to 8.
[0037] Referring to Figures 5 and 6 at step 60 a first
signal is received via a channel by a first adaptive equal-
iser 50. The received signal differs from the transmitted
signal due to channel distortion and/or noise. The signal
comprises a sequence of symbols encoded by inphase
and quadrature components, for example the signal may
be a QPSK or QAM16 encoded signal as is well known
in the art. In the preferred embodiment the signal is a
QPSK signal.
[0038] In the preferred embodiment the module starts
in 100 kbps bandwidth mode by default. This corre-
sponds to QPSK modulation. When the system is started
up the channel conditions are unknown and using QPSK
modulation the chance of adaptive equalisation conver-
gence to correct filter coefficients is much better than
when using a higher order modulation schemes such as
QAM16, QAM64. however if it is believed the channel
conditions are good enough it is possible to start with a
higher order modulation. The first modulation/bandwidth
mode will be referred to below as the initial modulation.
The subsequent modulation mode is one in which the
number of bits encoded by the symbols of the first signal
is fewer than the number of bits encoded by the symbols
of the second signal.
[0039] At step 61 a portion of the received first signal
using a first filter, such as a conventional FIR filter having
a plurality of first filter coefficients. Such filtering is con-
ventionally represented by the convolution equation 

as described previously where x(n) represent the first
signal, w(n) represents the filter coefficients and y(n) rep-
resents the filtered signal.
[0040] At step 62 the filtered signal is ’sliced’ within a
first coefficient updater 54 to determine the likely inphase
and quadrature components of the originally transmitted
signal as described above with reference to Figures 2a,
2b and 2c.
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[0041] At step 63 the difference between the likely
(sometimes called the ’ideal’) inphase and quadrature
components of the originally transmitted signal and the
filtered signal is calculated by the first coefficient updater
54 to produce an error signal e(n).
[0042] If the error is less than a predetermined thresh-
old at step 64 then if the and the QAM mode is determined
by a decision module 53 to be equal to the initial modu-
lation the first filter coefficients are locked at step 65.
Otherwise the first filter coefficients are updated at step
66 as described previously with reference to coefficient
updater 18.
[0043] Steps 61 to 64 are repeated until the coefficients
are locked at step 65..
[0044] Figure 7 illustrates the method steps that are
carried out after the first filter coefficients in the first adap-
tive equaliser have been locked.
[0045] At step 70 a second signal is received via a
channel. The received signal differs from the transmitted
signal due to channel distortion and/or noise. The signal
comprises a sequence of symbols encoded by inphase
and quadrature components, for example the signal may
be QAM16 or higher order QAM encoded signal as is
well known in the art. In the preferred embodiment the
signal is a QAM16 signal. The number of bits encoded
by the symbols of the first signal is fewer than the number
of bits encoded by the symbols of the second signal ie
the second signal is a higher order QAM signal than the
first signal which was used to lock the filter of the first
adaptive equaliser.
[0046] At Step 71 the signal is filtered by the first adap-
tive filter 50 which now has the coefficients locked.
[0047] Figure 8 shows QAM16 modulation using a first
adaptive equaliser 50’ having a FIR filter which has been
locked. Before entering QAM 16 mode the QPSK mod-
ulation has been able to obtain good convergence of the
filter’s coefficients for the filter.
[0048] It can be seen that the constellation 80 of the
second received signal QAM16 is severely affected by
noise and Channel distortions. The signal degradation is
worse than that of shown in Figure 8a.
[0049] The signal is filter by the filter of the first adaptive
equaliser. A constellation diagram 81 of the output signal
y(n) is shown. This filtered signal is then processed by a
second adaptive equaliser 10" in the conventional way
as follows:
[0050] At step 72 the filtered second signal is filtered
using a second adaptive filter 51 having a plurality of
second filter coefficients.
[0051] At step 73 the filtered signal is ’sliced’ in a sec-
ond coefficient updater 55 to determine the likely inphase
and quadrature components of the originally transmitted
signal as described above with reference to Figures 2a,
2b and 2c.
[0052] At step 74 the difference between the likely (or
ideal) inphase and quadrature components of the origi-
nally transmitted signal and the filtered signal is calculat-
ed by the second coefficient updater 55 to produce a

(second) error signal e’(n).
[0053] At step 75 the (second) error signal e’(n) is used
by the second coefficient updater to update the second
filter coefficients: 

[0054] A constellation diagram 82 of the output signal
y’(n) from the second adaptive filer 51’ is shown in Figure
8.
[0055] By applying this scheme 200 kbps and 300 kbps
bandwidths may be achieved on channels with severe
channel distortions and/or severe noise.
[0056] It is to be recognised that various alterations,
modifications, and/or additions may be introduced into
the constructions and arrangements of parts described
above without departing from the scope of the present
invention as defined in the following claims.

Claims

1. A method of adaptive equalisation comprising the
steps of:

receiving a first signal transmitted via a channel
in which the first received signal differs from the
first transmitted signal due to channel distortion
and/or noise,
the first signal comprising a sequence of sym-
bols encoded by inphase and quadrature com-
ponents;
repeating the steps of

filtering a portion of the received first signal
using a first filter having a plurality of first
filter coefficients;
determining the likely inphase and quadra-
ture components of the first transmitted sig-
nal;
determining a first error signal in depend-
ence upon the difference between the likely
inphase and quadrature components and
the received inphase
and quadrature components; updating the
first filter coefficients to reduce said first er-
ror signal;

until the average first error signal is less than a
predetermined threshold;
and the method further comprises receiving a
second signal transmitted via a channel in which
the second received signal differs from the sec-
ond transmitted signal due to channel distortion
and/or noise, the second signal comprising a se-
quence of symbols encoded by inphase and
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quadrature components;
continually repeating the steps of

filtering a portion of the received second sig-
nal using said first filter to obtain a first fil-
tered second signal;
filtering the first filtered second signal using
a second filter having a plurality of second
filter coefficients;
determining the likely inphase and quadra-
ture components of the second transmitted
signal;
determining a second error signal in de-
pendence upon the difference between the
likely inphase and quadrature components
and the received inphase and quadrature
components;
updating the second filter coefficients to re-
duce second error signal;

and wherein the number of bits encoded by the
symbols of the first signal in an initial modulation
mode is fewer than the number of bits encoded
by the symbols of the second signal in a subse-
quent modulation mode.

2. A method according to claim 1 in which the first signal
comprises a QPSK signal.

3. A method according to claim 1 or claim 2, in which
the second signal is a QAM 16 signal.

4. A method according to any one of claims 1 to 3 in
which the likely inphase and quadrature components
of the originally transmitted signal are determined by
using a least means squares algorithm.

5. A method according to any one of the preceding
claims in which the first and second filter coefficients
are updated in dependence upon the first and sec-
ond error signals respectively together with a factor
which is greater than zero and less than 1/ input sig-
nal power multiplied by the no. of filter taps in the
respective filter.

6. A method of QAM demodulation including a method
of adaptive equalisation according to any one of the
preceding claims.

7. An apparatus for receiving data signals from a te-
lemetry module comprising:

a first adaptive equaliser for receiving a signal
transmitted via a channel in which the received
signal differs from the transmitted signal due to
channel distortion and/or noise, the signal com-
prising a sequence of symbols encoded by in-
phase and quadrature components;

the first adaptive equaliser comprising:

a first filter for filtering a portion of the re-
ceived signal using a first filter having a plu-
rality of first filter coefficients;
a first slicer for determining the likely in-
phase and quadrature components of the
first transmitted signal;

a first error calculator for determining a first error
signal in dependence upon the difference be-
tween the likely inphase and quadrature com-
ponents and the received inphase and quadra-
ture components; and
a first coefficient updater for updating the first
filter coefficients to reduce said first error signal
when the received signal is encoded by the initial
modulation and until the average first error sig-
nal is less than a predetermined threshold; and

a second filter for filtering a portion of the a
first filtered signal received from the first fil-
ter using a second filter having a plurality of
second filter coefficients;
a second slicer for determining the likely in-
phase and quadrature components of the
second transmitted signal;
a second error calculator for determining a
second error signal in dependence upon the
difference between the likely inphase and
quadrature components and the received
inphase and quadrature components; and

a second coefficient updater for updating the
second filter coefficients to reduce said second
error signal.

8. An apparatus according to claim 7 in which the first
signal comprises a QPSK signal.

9. An apparatus according to claim 6 or claim 7, in which
the second signal is a QAM 16 signal.

10. An apparatus according to any one of claims 7 to 9
in which the likely inphase and quadrature compo-
nents of the originally transmitted signal are deter-
mined by using a least means squares algorithm.

11. An apparatus according to any one claims 7 to 10.
in which the first and second filter coefficients are
updated in dependence upon the first and second
error signals respectively together with a factor which
is greater than zero and less than 1/ input signal pow-
er multiplied by the no. of filter taps in the respective
filter.

12. A QAM demodulator including an adaptive equaliser
according to any one claims. 7 to 11.
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