
EP 0 228 880 B1 Description This invention relates to a television ghost
cancellation system which automatically adapts to the phase and amplitude
of the ghost signals. 5     Television reception has long been plagued by
multipath distortion due to the reception of undesired multiple signals.
These undesired signals, reflected from buildings and other large objects
or resulting from poorly terminated cable networks, appear as delayed
versions of the direct television signal. These signals are commonly
referred to as ghost signals In the reproduced image. The article "Adaptive
Multipath Equalization For T.V. Broadcasting", IEEE Transactions on
Consumer 10  Electronics, May 1977, pp. 175-181, by H. Thedick discloses an
adaptive TV deghosting system including a complex filter. According to this
paper the transmission path which produces a ghost signal may be modeled as
a feed-forward system. In this system, the direct signal is reduced in
amplitude by an attenuation factor, H, and delayed by an interval of time,
T. to form a ghost signal. The transfer function, TG, of a transmission
path which produces a single ghost may be represented in Z transform
notation as: 15 TG = 1 +[err].  (1) The equation 1 assumes a sampled data
system in which [err] represents a delay of K sample periods and
approximates the time interval T. A simple algebraic manipulation of the
equation (1) yields: 20 TG = [err]  (2) To correct for the distortion
introduced by the transmission channel, it is desirable for the ghost
cancellation system to have a transfer function, TC, which may be
represented in Z transform notation as: 25 TC = [err])  (3) or 30  TC =
e[rr] It is noted that the transfer function represented by the equation 4
describes a feedback system commonly referred to as an infinite impulse
response (IIR) filter. The ghost signals are delayed from the direct signal
as a function of the relationship of the signal path 35  lengths between
the direct and the ghost signals. The randomness of this relationship from
one receiver location to another dictates that the phase of the ghost
carrier signal may have any relationship to the phase of the direct signal.
In order to fully remove the ghost signal from the direct signal, it is
necessary to consider both the delay of the ghost signal and its carrier
phase relative to that of the direct television signal. 40     FIGURE 1
provides waveforms illustrating the importance of the relative phases of
the direct and ghost signals. When, for example, the direct signal is a 2T
pulse, represented by waveform 10, the ghost signal may be represented by
the waveforms 10, 12, 14 or 16 if the relative phase angle between the
direct carrier signal and the ghost carrier signal is [err]respectively.
Furthermore, since the relationship of the direct and ghost signal paths is
random, any intermediate waveform is also a possibility. 45     The
relative amplitude and phase information of the direct and ghost signals
can be determined by demodulating the television signal into in-phase (I)
and quadrature (Q) components. The I component is in- phase with the
picture carrier of the television signal and the Q component is in-phase
with a signal that is phase shifted by [err] relative to the picture
carrier. These components describe the television signal in the complex
plane where the I and Q components correspond to coordinates along the real
and imaginary axes 50  respectively. The convention of referring to the
in-phase and quadrature components of the video signals as real and
imaginary components respectively is used throughout this application. As
set forth below, these I and Q components may be used with a complex IIR
filter (i.e. one which has real and imaginary filter coefficients) to
effectively cancel the ghost signal components of a television signal. The
randomness in the phase relationship between the direct and ghost signals
may complicate 55  detection of ghost signals and the determination of the
time interval T by which a ghost signal is delayed relative to the direct
signal. Traditionally ghost signal detectors have used correlation
techniques wherein an otherwise undisturbed interval of video signal
following a training signal is examined to locate disturbances which
resemble the training signal. As shown in FIGURE I, however, the waveform
of the in-phase 2    EP 0 228 880 B1 component of the ghost signal does not
always resemble the corresponding waveform of the direct signal. Although
the embodiments described below are in the context of a television
receiver, this invention may be used to correct multipath distortion for
other types of signals having at least a portion of their 



spectral energy transmitted in single-sideband form. 5     A preferred
embodiment of the present invention includes a filtering system for
substantially removing ghost-signal components of a modulated radio
frequency signal. Radio frequency signals are demodulated into components
that are in-phase with, and quadrature phase related to the radio frequency
carrier signal. A filter is provided having complex coefficients which
processes the in-phase and quadrature phase signals to effectively cancel
the ghost signal components. Complex coefficient values are developed by
comparing 10 in-phase and quadrature phase signals developed by the filter
during a training interval against the known correct values of the signal
during this interval. Signals representing the difference between the
in-phase and quadrature-phase components and these reference values are
combined with a delayed training signal to develop coefficient update
values. The coefficient update values are then combined with the existing
coefficient values to form new coefficient values. 15     FIGURE 1
(referred to above) is a waveform diagram of arbitrary ghost signals
relative to a direct signal useful in describing the present invention.
FIGURE 2 is a block diagram of a television receiver embodying the present
invention. FIGURE 3 is a graph of amplitude versus time showing a waveform
that is useful in explaining the operation of the embodiment shown in
FIGURE 2. 20  FIGURE 4 is a block diagram of a deghosting processor
suitable for use with the embodiment shown in FIGURE 2. FIGURE 5 is a block
diagram of coefficient update circuitry suitable for use with the filter
shown in FIGURE 4. FIGURE 6 is a block diagram of a complex multiplier
suitable for use with the circuitry shown in 25 FIGURES 4 and 5. FIGURE 7
is a block diagram of an alternative ghost correction processor suitable
for use with the embodiment shown in FIGURE 2. FIGURES 8A, 8B, 8C, 9A, 9B,
9C and 9D are flow charts useful in explaining the operation of the
microprocessor shown in FIGURE 2. 30     The following theoretical analysis
of the methods used by the present system to remove ghosts is presented as
an aid in understanding the operation of the systems shown in FIGURES 2-7.
Under the NTSC standard, television signals are transmitted in vestigal
sideband form. The relatively low frequency components of the baseband
signal (from 0-1.25 MHz) are double sideband modulated (DSM) while the
higher frequency components (from 1.25 to 4.75 MHz) are single sideband
modulated 35 (SSM). The quadrature components of the two sidebands of the
DSM portion of the signal are mutually cancelling, so the quadrature
component of the DSM video signals is substantially zero. The quadrature
components of the SSM portion of the signal, however, are not cancelled and
may interfere, as a ghost signal, with the in-phase portion of the
modulated video signal as explained above in reference to FIGURE 1. 40
Analytically, the in-phase and quadrature components of the modulated video
signal, S(t), may be represented by a complex baseband equivalent defined
by the equation: [err] 45 where j is the complex quantity corresponding to
the square root of -1 and S(t) and [err]are the baseband signals which
would be obtained if the signal S(t) were synchronously demodulated using
signals that are respectively in-phase with and quadrature phase related to
the picture carrier signal. The signal S(t) is applied to a multipath
transmission channel to produce a ghost distorted signal R(t). As set forth
above and in the Thedick reference, a single ghost signal may be
substantially canceled from the signal R(t) by a 50 recursive filter having
a transfer function, TC, which may be represented in Z transform notation
by the equation 4: [err] 55 For multiple ghosts, this equation may be
expanded to: 3    EP 0 228 880 B1 (6) [err] 5 since S(t) and R(t) are
complex signals, it is desirable to use a complex deghosting filter, which
is to say a filter having complex coefficients. Accordingly, each of the
coefficients hK satisfies the equation: [err]  (7) 10 Assuming that the
relative delays, [err] through [err] of each of the ghost signals are
known, the filter 



coefficients [err] through [err] are developed using an adaptive algorithm
similar to the Widrow-Hoff least mean square algorithm described at section
6.3 of a textbook entitled Optimum Signal Processing: An Introduc- tion, by
S.J. Orfanidis. 15    In the embodiments described below, all of the
coefficients are initially set to zero when the receiver is tuned to a
channel for which the deghosting filter coefficients have not yet been
calculated. During the first several field periods thereafter, each of the
coefficient values is calculated by successively updating the existing
coefficient values. The coefficient values are updated once per field in
response to a training signal developed during the interval between the
sixth equalization pulse and the first serration of the vertical sync 20
pulse. The waveform of the television signal during this interval is shown
in FIGURE 3. The first part of the waveform has a duration of 0.46 times
the horizontal line period (.46H) and a nominal amplitude of 0 IRE units.
The second part of the waveform, after the leading edge of vertical sync,
has a duration of 0.43H and a nominal amplitude of -40 IRE units. It is
assumed that, in the absence of noise, any deviation from -40 25  IRE units
in the second part of the waveform is the result of a ghost signal that is
a delayed, attenuated, and possibly phase shifted version of the leading
edge of vertical sync. During the second part of the training signal
waveform, the in-phase and quadrature components of the signal [err]
respectively, are applied to the filter for correction. The corrected
signals provided by the filter [err]are then subtracted from respective-40
IRE and 0 IRE reference values. The 30  values of these difference signals
at time delay intervals relative to the step transition corresponding to
ghost signals provide a measure of the error in the values of the filter
coefficients. These error signal values are used to update the coefficients
according to an algorithm which may be represented by the following
equation: 35  [err] In this equation, the terms [err](i + 1) and [er]r are
complex values which represent the respective new and current values of the
filter coefficients associated with a particular [err] delay term. The
factor [err] a scalar adaptation constant which may, for example, have a
value of 214. This value represents a compromise 40  between fast
convergence to optimum coefficient values (large [err]) and small error in
the values upon convergence (small [err]). The term [err] is a complex
value representing the current in-phase and quadrature sample values
developed by the deghosting filter, i.e. the corrected sample values
generated using[err], the current approximation of the filter coefficient
hK. The term [err] is a complex value representing the in- phase and
quadrature values of the second part of the training signal in the absence
of ghost signals. The 45 factor [err] is the complex conjugate (indicated
by the superscript  of the sample values [err](n-K) which occurred K sample
periods before the present sample period, n. For a ghost signal delayed by
K sample periods relative to the leading edge of the vertical sync pulse,
the in-phase and quadrature sample values of [err](n-K) represent the
values of the vertical sync waveform which correspond to the ghost signal
components of the samples [err](n). 50     The process of updating the
coefficient values continues until the magnitude of the corresponding error
values [err] falls below a predetermined threshold. The value of this
threshold is a function of the magnitude of the signal R(t) and of its
signal to noise ratio. If any of the error values does not converge to be
less than the predetermined threshold, this may be an indication that the
deghosting filter is unstable. Instability may occur, for example, when the
level of the ghost signal is greater than the level of the direct 55
signal. If a non-converging error value is detected, the filter
coefficients hK, corresponding to that error value are desirably set to
zero. The discussion up to this point has assumed that the time delays,
[err] of the ghost signals relative to the direct signal are known. The
embodiments of the invention described below contemplate two methods 4
EP 0 228 880 B1 of determining the delay values. In the first embodiment to
be described, the deghosting filter is expanded to have a delay element and
coefficient value corresponding to each sampling point in the second part
of the training signal. For time delay values, [err], that correspond to
ghost signal delay values, the filter coefficient values are developed
according to the algorithm set forth above. For time delay values that do 5
not correspond to ghost signal delays, however, the difference between the
corrected signal [err] and reference value is zero so the filter
coefficient [err] associated with the delay [err] should remain zero.
Alternatively, a second embodiment of the invention uses a relatively small
number of filter stages (i.e. 5) and includes a correlator to determine the
time delay values of the same number of ghost signals. The delay elements
in the filter stages are set to match the delay times of the respective
ghost signals. The 10 correlator operates in a time interval preceding the
coefficient update period and uses the same training signal as is used to
update the coefficients. Since the correlation and coefficient update
operations do not 



coincide, the same filter elements may be used for both. The structure and
operational details of the correlator are explained below in reference to
FIGURE 7. In the drawings, broad arrows represent busses for multiple-bit
parallel digital signals and line arrows is represent connections carrying
analog signals or single bit digital signals. Depending on the processing
speed of the devices, compensating delays may be required in certain of the
signal paths. One skilled in the art of digital signal processing circuit
design would know where such delays would be needed In a particular system.
Referring to FIGURE 2, the signal processing section of a television
receiver is shown. Radio frequency 20  (r.f.) signals are received by an
antenna 208 and applied to tuner and IF circuitry 210. The circuitry 210
may, for example, include a conventional television tuner and intermediate
frequency (IF) filter and amplifier. In the present embodiment, the
pass-band of the IF filter desirably encompasses the modulated sound
intercarrier signals. The IF signals developed by the circuitry 210 are
applied to a conventional envelope detector 242 25  which develops a
baseband composite video signal CV. Conventional sync separator circuitry
244 is responsive to the signal CV to remove the composite synchronization
signal, CS, from the composite video signal. The sync separator circuitry
244 also produces a burst gate signal, BG, which may be used to extract the
color synchronizing burst signal components from each horizontal line of
video signal. A detector 246, responsive to the composite synchronization
signal, CS, detects the last (sixth) pre- 30 equalization pulse preceding
the vertical synchronization pulse interval. The circuitry 246 produces an
output pulse signal, VS, which substantially coincides with the sixth
pre-equalization pulse of each field of the composite video signal. As set
forth above, this pulse may be used to locate a training signal which may
be used to determine the relative delay of the ghost signals and to adjust
the coefficients of the deghosting filter. 35     The signals developed by
the tuner and IF circuitry 210 are also applied to a first synchronous
detector 220, a picture carrier extractor circuit 222 and a second
synchronous detector 230. The picture carrier extractor circuit 222
produces a first reference signal aligned in phase and frequency with the
picture carrier of the direct video IF signal. This first reference signal
is applied to the first synchronous detector 220 and to [err]  phase
shifter circuitry 224. The phase shifter circuitry 224 develops a second
reference signal, 40 quadrature phase related to the first reference
signal. This second reference signal is applied to the second synchronous
detector 230. The synchronous detectors 220 and 230 demodulate the IF
signals into respective in-phase and quadrature phase components. The
in-phase signals are applied to an analog to digital converter (ADC) 232
which is responsive to a system clock signal CK for developing digital
signals [err]. Similarly, the quadrature 45 phase signals are applied to an
ADC 234 which, responsive to the clock signal CK, develops digital signals
[err]. The clock signal CK, which may, for example, have a frequency, [err]
substantially equal to three times the NTSC color subcarrier frequency,
[err] is developed by the phase-locked loop (PLL) 260 to be described
below. The signals [err] and [err] are applied to a deghosting processor
280 and to a microprocessor 282. As set 50  forth below, the deghosting
processor 280 includes a complex sampled data IIR filter. The processor
280, under control of the microprocessor 282, filters the
ghost-contaminated signals [err] and [err] to produce a signal [err] which
approximates the In-phase component of the direct signal to the substantial
exclusion of any ghost signals. The signal [err] is applied to a digital to
analog converter (DAC) 286, which produces an analog baseband composite
video signal, representing the digital signal [err]. 55     This analog
baseband composite video signal is applied to a conventional burst
separator 288 which is responsive to the burst gate signal, BG, for
separating the color synchronizing burst components from each horizontal
line of the composite video signal. The separated burst signals are applied
to the conventional PLL 260 which includes a resonant crystal 261 having,
for example, a resonant frequency of approximately    EP 0 228 880 B1
3[err] The PLL 260 is controlled by the burst signals to provide the 3[err]
clocksignal CK. Composite video signals from the DAC 286 are also applied
to a conventional video signal processor 290 and to intercarrier sound IF
amplifier and detector circuitry 292. The video signal processor 290 may
include, for example, circuitry to separate the luminance and chrominance
components from the composite 5  video signal and to process these
components to produce red, green and blue primary color signals (R, G. and
B respectively) for application to a display device (not shown). The
intercarrier sound circuitry 292 may include a resonant tuned circuit for
separating the 4.5 MHz sound carrier from the composite video signal, a
4.5MHz IF amplifier and an FM detector for developing an audio signal. The
audio signal is applied to an audio signal processor 294 which produces an
audio signal for application to a speaker (not shown). 10
Microprocessor 282 may be any one of a number of the currently available
microprocessors which may 



include a direct memory access (DMA) instruction, standard arithmetic
instructions and interrupt handling capabilities. The microprocessor 282 is
coupled to a random access memory (RAM) 284. Microprocessor 282 receives a
signal SEL from circuitry 210 indicating the currently selected channel, a
signal VS provided by the detector 246, the clock signal CK, and various
signals from the deghosting processor 280 as 15  described below.
Responsive to the pulse signal VS, the microprocessor 282 executes a DMA
Instruction to store in the RAM 284, 512 of the [err] and [err] samples
occurring during the interval following the sixth equalization pulse. The
512 samples constitute approximately three-fourths of one horizontal line
period of the incoming signal and include samples representing the leading
edge of the vertical sync pulse. 20    In the subsequent field period, the
microprocessor 282 examines these stored samples to find the leading edge
of the vertical sync pulse. This transition marks the start of the training
interval for generating the coefficients used by the deghosting filter. The
initialization sequence of storing the samples following the VS pulse and
examining the sample values to determine the timing of the leading edge of
the vertical sync pulse may be repeated over several field intervals to
increase the accuracy of the measurement. 25     A second product of the
initialization sequence are reference values [err] and [err] representing
the amplitude of the tip of the vertical sync pulse. This value, measured
immediately after the step transition may also be averaged over several
fields. The nominal values of [err] and [err] are -40 IRE units and 0 IRE
units respectively. The values of [err] and [err] and a coefficient update
signal, CU, are applied to the deghosting processor 280 by the
microprocessor 282. 30     FIGURE 4 is a block diagram of an embodiment of
the deghosting processor 280 which includes one recursive filter stage for
each of M (e.g. 256) successive sample periods that define the interval
over which ghost signals may be corrected. In the figure, only the first
three stages (420, 440 and 460) and the last stage (480) are illustrated.
Each stage is a separate filter which corrects ghost signals that are
delayed by a predetermined time relative to the direct signal. 35    In
general, the ith stage of the processor processes ghost signals that have
relative delays of i periods of the clock signal CK. The processor shown in
FIGURE 4 has two operational modes, a coefficient update mode, in which
optimum filter coefficient values are calculated using a training waveform,
and a deghosting mode, in which video signals are processed using optimum
coefficient values to remove multipath distortion. The M stages of the
filter are identical, consequently, only one stage, 420, is described in
detail. 40     The input signals [err] and [err] from the ADC's 232 and 234
are applied to the respective subtracters 404 and 402. In the deghosting
mode, the subtracters 404 and 402 subtract in-phase and quadrature
correction signals developed by the M filter stages from the signals [err]
and [err] respectively to develop respective signals [err] and [err]. These
signals approximate the in-phase and quadrature components of the
undistorted signal S applied to the transmission channel. The signal [err]
is the output signal of the deghosting processor. 45    In the coefficient
update mode, however, the filter coefficients are not at their optimum
values, so the signals [err] and [err] provided by the subtracters 404 and
402 may include ghost signal components. Since the amplitude of the second
part of the training signal should be constant and of known value, the
amplitude of the ghost signal components can be determined as the
difference between these known signal values and the signals [err] and
[err]. The ghost signal components (err) of the signal [err] are measured
by subtracting the so  values of [err] during the second part of the
training signal from the reference value, [err],in a subtracter 406, and
then limiting the difference samples to have magnitudes less than 40 IRE in
the limiting circuitry 407. Similarly, a subtracter 410 subtracts the [err]
samples from the reference value [err] and limiting circuitry 411 limits
the magnitudes of these difference values to be less than 40 IRE, to
produce a signal [err] which represents the ghost signal components of the
signal [err]. 55     The signals [err] and [err] may be referred to as
error signals since they represent ghost signals which have not been
removed by the deghosting processor. The signals [err] and EQ are applied
in parallel to each of the M stages of the deghosting processor to update
the filter coefficients and to the microprocessor 282 which monitors the
error signals, as set forth above, to ensure that the filter is stable. The
values of[err] and 6    EP 0 228 880 B1 [err] for a single training signal
may, for example, be transferred directly to the RAM 284 via a DMA
instruction to the microprocessor 282. Each of the signals [err] and [err]
includes one sample for each of M sample periods in the second part of a
training signal. Each stage of the deghosting processor 280 is responsive
to a respectively different pair 5  of these error samples while the filter
coefficients are being updated. Each stage of the filter is enabled when
its corresponding error signal values are available by a respectively
different one of the enabling signals [err] through [err]. As shown for the
first stage, 420, the signal [err] is applied to a first input terminal of
each of a number of AND gates 422 and 424. The second input terminals of
the AND gates 422 are 



coupled to receive respectively different bits of the error signals [err]
while the second input terminals of the 10  AND gates 424 are coupled to
receive respectively different bits of the error signals [err]. Thus, the
error signal values [err] and [err] are applied to the coefficient update
circuitry 421 only when the signal [err] is a logic one. The signals [err]
through [err] are developed by a 1 of M decoder 426 in response to values
provided by a counter 428. The counter 428 is enabled by a signal CU,
provided by the microprocessor 282, to is count pulses of the clock signal
CK. The signal CU is a logic zero, enabling the counter, only during the
second part of the training signal and only while coefficients are being
updated. When CU is a logic 1, a counter value of 0 is applied to the
decoder 426 and all of the output signals [err] through [err] have values
of logic zero. Following the leading edge of vertical sync, during the
coefficient update period, the counter 428 is 20  enabled and its value is
incremented by successive pulses of the clock signal CK from 1 to M. The
counter values are applied to the decoder 426 causing the corresponding
output signals of the decoder, [err] through [err] to switch from logic
zero to logic one for one period of the clock signal CK. The timing of the
signals [err] through ECM is controlled by the microprocessor 282 so that
the error signal values, [err] and [err] corresponding to the Kth sample
period following the vertical transition are applied to the Kth filter
stage 25  when the corresponding enabling signal, ECK, is a logic one. In
the first deghosting stage, 420, the error signals [err] are applied to two
input ports of coefficient update circuitry 421. The other two input ports
of the circuitry 421 are coupled to receive the signals [err]delayed one
period of the clock signal CK by the delay elements 414 and 416
respectively. Each stage of the processor includes delay stages similar to
414 and 416 which are coupled 30 to the corresponding delay elements of the
previous stage so that the signals [err]applied to each stage are delayed
by successively greater numbers of clock periods. To avoid confusion in
referring to the delayed or undelayed signals [err] and [err], the samples
of the signals [err] and [err] available at the output ports of the
subtracters 402 and 404 are referred to as [err] and [err] while the
samples provided by the delay elements of a given stage K are referred to
as [err](n-K) and [err](n-K). In the coefficient update mode, the 35
sample values [err](n-K) and [err](n-K) correspond to respective in-phase
and quadrature sample values immediately following the step transition in
the training waveform. Desirably, the sample values [err](n-K) and
[err](n-K) used in the coefficient update algorithm have the same values
for all of the filter stages. Accordingly, it is contemplated that constant
values may be used in place of these signals or that a single pair of
samples may be used for all of the filter stages. 40     FIGURE 5 is a
block diagram of coefficient update circuitry 421 suitable for use with the
present invention. The samples of the error signals [err] and [err] are
applied to one set of real and imaginary input ports of a complex
multiplier 510. The sample value [err](n-K) is complemented by twos
complementing circuitry 512. The sample [err](n-K) and the complemented
[err](n-K) form the complex conjugate of the complex value having real and
imaginary terms [err](n-K) and [err](n-K) respectively. This complex
conjugate 45 value is applied to the second set of input ports of the
complex multiplier 510. The output signals of the multiplier 510 correspond
to the complex product term [err](n)[err](n-K) of equation (8) above. The
complex multiplier 510 may be identical to the one shown in FIGURE 6,
described below. The real and imaginary components of the product provided
by the complex multiplier 510 are applied to respective sample scaling
circuits 517 and 513. The circuits 517 and 513 multiply the respective real
and so  imaginary values by an adaptation constant A. In the present
embodiment, the constant A may be, for example, [err] and corresponds to
the factor [err] of equation (8). The sample scaling performed by the
circuits 513 and 517 may, alternatively, be implemented by using bit-lines
of the output signals of the multiplier 510 that are more significant by 13
bit positions than the bit- lines that would be used if the sample scaling
were done by separate circuitry (i.e. by shifting the output 55  signals of
the multiplier to less significant bit positions). Alternatively, the
scaling may be performed in the complex multiplier 510, described below,
between the multipliers and the adder/subtracter to reduce the complexity
of the adder and subtracter. The scaled real and imaginary (I and Q)
samples from the respective circuits 517 and 513 are applied 7    EP 022
880 B1 to the adders 518 and 514 respectively. The output ports of the
adders 518 and 514 are coupled to the respective latches 520 and 516 which
contain the previous coefficient values [err] and which provide the second
input values to the adders 518 and 514 respectively. The values provided to
the latches by the adders are the coefficient values ak(i + 1) and bk(i +
1) which constitute the complex coefficient hk- 5  (i + 1). The coefficient
update circuitry shown in FIGURE 5 implements the coefficient update
algorithm represented by equation (8). 



The latches 516 and 520 have reset input terminals which are interconnected
and coupled to a signal, RESET K. Referring, once more, to FIGURE 4, each
stage of the deghosting processor includes a reset input terminal, RESET 1
through RESET M, coupled to the microprocessor 282. As a part of the update
10 algorithm, the microprocessor resets all of the latches (setting all of
the coefficients to zero) before entering the coefficient update mode. The
reset input terminals may also be used by the microprocessor to set a
coefficient to zero if it is determined that the coefficient may cause the
processor to be unstable. The coefficient values a, and [err] provided by
the coefficient update circuitry 421 are applied to one set of real and
imaginary input ports of a complex multiplier 418. The delayed samples
[err](n-1) and [err](n-1) are 15 applied respectively to a second set of
real and imaginary input ports of the multiplier 418. The complex
multiplier 418 may, for example, be identical to the one shown in FIGURE 6,
described below. The real (in- phase) and imaginary (quadrature) values
provided by the complex multiplier 418 represent the correction signals for
ghost signals that are delayed by one period of the clock signal CK
relative to the direct signal. In both the update and deghosting modes,
each of the M stages of the deghosting processor produces 20  an in-phase
and a quadrature-phase correction signal to compensate for ghost signals
which are delayed relative to the main signal by an amount of time
substantially equal to the delay associated with the stage. That is to say,
each stage, K, produces signals which correct for ghost signals that are
delayed by K sample periods relative to the direct signal. The signals
produced by each stage are combined with the corresponding signals from
stages having 25 greater delay values in a pair of adder trees. The adders
430 and 432 are nodes in the adder tree for the first deghosting stage 420.
The in-phase and quadrature correction signals  developed by the complex
multiplier 418 are applied to the first input ports of the respective
adders 430 and 432. The other input ports of the adders 430 and 432 are
coupled to output ports of the adders 450 and 452 respectively. Adder 450
provides the combined in-phase correction signals from the stages 2 through
M and adder 452 provides the 30 combined quadrature-phase correction
signals from the stages 2 through M. The signals developed by the adders
430 and 432 are the respective combined in-phase and quadrature-phase
correction signals from the filter stages 1 through M. The combined
in-phase correction signals are subtracted from the signal [err] by the
subtracter 404 to produce the signal [err] and the combined quadrature
correction signals are subtracted from the signal [err] by the subtracter
402 to produce the signal 35 [err] Depending on the number of stages, M,
used in the deghosting processor, the amount of delay provided by each
stage may need to be adjusted. This will ensure that the correction signals
developed by the stages have sufficient time to propagate through the adder
tree for timely application to the subtracters 402 and 404. FIGURE 6 is a
block diagram of a complex multiplier suitable for use with the present
invention. In 40 FIGURE 6, first real (in-phase) and imaginary (quadrature)
values, [err] and[err] are applied to respective multipliers 610 and 612.
[err] and [err] are also applied to multipliers 618 and 616, respectively.
The second real and imaginary values, 12 and 02, are applied to multipliers
616 and 618 respectively. [err] and [err] are also applied to multipliers
610 and 612, respectively. The multiplier 610 forms the product of [err]
and [err] and applies the result to the subtracter 614. The 45 multiplier
612 forms the product of [err] and [err] and applies the result to
subtracter 614. The subtracter 614 subtracts the product of [err] and [err]
from the product of [err] and 12 to produce the real output value 13. The
multipliers 616 and 618 form the products of 12 and [err] and of [err] and
[err] respectively and apply these products to an adder 620 which sums the
products to produce the imaginary output value [err]. As set forth above,
the deghosting processor shown in FIGURE 4 is controlled by the
microprocessor 50 282. FIGURES 8A, 8B and 8C are flow charts which describe
the respective control-flows of the microprocessor in its three modes of
operation: initialization, coefficient update and deghosting. In FIGURE 8A,
the microprocessor enters its initialization mode when power is applied to
the receiver or when a new channel is selected, 810. An internal variable
FN (mnemonic for field number) is set to zero, 812, and the microprocessor
282 waits, 814, for the VS pulse signal from the sixth equalization pulse
55 detector 246. When the VS pulse occurs, the microprocessor 282 executes
a DMA command, 816, to transfer 512 samples of each of the signals [err]
and [err] into predetermined locations of RAM 284. During the field period
following the pulse VS, the microprocessor examines the stored samples,
818, to find the largest step transition in the in-phase samples, [err].
This transition is assumed to be the leading edge of the 8    EP 0 228 880
B1 vertical sync pulse. The sample period immediately following the step
transition marks the start of the second part of the training signal. The
number of this sample period relative to the first stored [err] sample
defines the timing of the vertical sync pulse relative to the pulse VS.
This sample number is stored in an internal variable Ts. The 



5  values of the samples [err] occurring immediately after the transition
are the values IREF and [err] used by the deghosting processor as set forth
above. The values of [err] and [err] are averaged over five field intervals
to compensate for noise as illustrated by the control steps 820 and 822 and
the branch to step 814. When these values have been determined the
microprocessor stores the values of [err] into the deghosting processor,
824 and 10 applies a pulse to the reset input terminal of each of the M
filter stages, 826, to set their coefficient values to zero. The step A,
828, in the control flow marks the end of the initialization mode and the
start of coefficient update mode. In FIGURE 8B, the first step 830 in the
coefficient update mode is to reset the variable FN. The microprocessor
then waits for the VS pulse, 832, and increments FN. After receiving the VS
pulse, the 15 microprocessor counts [err] pulses of the clock signal CK,
836, and resets the signal CU applied to the counter 428 of FIGURE 4. When
CU is zero, the deghosting processor updates its coefficient values.
Simultaneously, the microprocessor, via a DMA instruction, 840, stores M =
256 samples of each of the error signals [err] and [err]. When these
samples have been obtained, 842, at sample period [err] + 256, the
microprocessor sets the 20 signal CU to logic one, 844, terminating the
coefficient update operations for this field. The stored values of [err]
and [err] are then checked, 848, by the microprocessor against
corresponding values which have been previously processed to determine if
all of the error values have converged to be less than a predetermined
threshold value. It is contemplated that the microprocessor monitors the
error values for a predetermined amount of time (e.g. 1 second) before
determining convergence. This delay is 25 desirable to ensure that none of
the error values is oscillatory. If all of the values have converged, the
control flow branches, to step B. 852, which marks.the end of the
coefficient update mode and the start of the deghosting mode. If all of the
error values have not converged after two seconds (120 field periods) 848,
the microprocessor resets the coefficients corresponding to the possibly
oscillatory or divergent error values, 850, and then branches to step B. 30
FIGURE 8C represents the control flow for the deghosting mode. In this
mode, the microprocessor resets the variable FN, 854, and, each field
period 856, increments it, 858, until 1200 field periods have occurred (20
seconds) 860. When this happens, the microprocessor branches to step A, the
start of coefficient update mode to further refine the previously
calculated coefficients. FIGURE 7 is a block diagram of an alternative
deghosting processor. The processor shown in FIGURE 35 7 includes only five
stages (720, 740, 760, 770 and 780) each of which contains a variable delay
element. The amount of delay provided by each of the delay elements is
controlled by the microprocessor 282 to correspond to the time delay
between the direct signal and a respectively different ghost signal. Thus,
the processor shown in FIGURE 7 can correct up to five ghost signals. To
determine the timing of these five ghost signals, the deghosting processor
shown in FIGURE 7 may 40 be configured as a correlation filter. To
understand the operation of the deghosting processor in its correlation and
deghosting modes, It is helpful to consider the processor as an IIR filter
which includes a finite Impulse response (FIR) filter in its feedback path.
In the deghosting mode the processor is configured as an IIR filter with
the delay and coefficient values appropriate for cancelling ghost signals.
In the correlation mode, however, the feedback path is broken and the
processor is configured as an FIR filter. 45     The delay values used by
the five stages of this filter are 1, 2, 3, 4 and 5 sample periods,
respectively, and the coefficients are obtained from the five sample values
which encompass the vertical sync transition of the direct signal, as
described below. In the correlation mode, the processor is configured as a
matched correlation filter. The combination of the microprocessor 282 and
the deghosting processor 280 shown in FIGURE 7 50 operates in four distinct
modes: initialization, ghost signal correlation, coefficient update and
deghosting. The initialization mode differs from that described above in
reference to FIGURES 4 and 8A as will be described below in reference to
FIGURE 9A. In this mode the microprocessor monitors the amplitude of the
signal [err] for 512 sample periods following the sixth equalization pulse
to determine the timing of the leading edge of the vertical sync pulse
relative to the sixth equalization pulse and to develop the correlation 55
coefficients. In FIGURE 7, the signals [err] and [err] provided by the
respective ADC's 232 and 234 are applied to the subtracters 704 and 702
respectively. In the deghosting mode, the subtracters 704 and 702 subtract
the combined in-phase and combined quadrature correction signals developed
by the five stages of the 9    EP 0228880 B1 correlation and deghosting
filter, 720, 740, 760, 770 and 780 from the respective signals [err] and
[err]. In this mode, the subtracters 704 and 702 provide the corrected
signals [err] and [err]. The signal [err] is the output signal 



of the deghosting processor. In the correlation and coefficient update
modes, however, zero valued samples are subtracted from [err] 5 and [err]
by the respective subtracters 704 and 702 and so, the signals [err] are
applied to the respective differentiating circuits 793 and 790. Each of
these differentiating circuits subtracts the currently applied sample from
the sample applied to the circuit immediately before the current sample.
The difference samples provided by the differentiating circuits 790 and 793
are limited by the respective limiting circuits 791 and 794 to have values
less than 40 IRE. This limiting step reduces any 10  adverse effects of
noise spikes occurring during the second part of the training signal. The
signals developed by the limiting circuits 791 and 794 are applied to the
respective subtracters 792 and 795. These subtractors, in the coefficient
update mode, subtract correction signals developed by the five filter
stages from the differentiated [err] signals to develop the respective
error signals [err]The signals [err] and [err] are applied to the
microprocessor 282 which, in this embodiment of the invention performs the
15  calculations for updating the coefficient values. The differentiated
and limited [err] signals are applied to respective squaring circuits 797
and 796. These circuits multiply each sample value by itself and provide
their output samples to respective input ports of an adder 798. The adder
798 sums the squared difference samples to develop a signal, MAG,
corresponding to magnitude of the vector sum of the [err] signals. The
signal MAG is used by the five 20  filter stages during the correlation
mode to determine the delays of up to five ghost signals relative to the
direct signal. The signals [err] are applied to respectively different
signal input ports of a multiplexer 706 and the signals [err]and a
zero-valued signal provided by a signal source 708 are applied to the
corresponding input ports of a multiplexer 710. The multiplexers 706 and
710 are controlled by a signal, 25  MODE, from the microprocessor 282 to
provide the appropriate signals to the filter stages during the different
operating modes. The signals [err]and [err] are provided during the
training period when the system is in its coefficient update mode; the
signals [err] are provided when the system is in its deghosting mode; and
the signal MAG and the zero valued signal from source 708 are provided when
the system is in its correlation mode. 30  The signal outputs from the
multiplexers 706 and 710 are applied in parallel to the five correlation
and deghosting stages 720, 740, 760, 770 and 780. These five stages are
structurally identical so only one, 720, is described in detail. The
signals provided by the multiplexers 706 and 710 are applied to variable
delay element 714. Delay element 714 may, for example, include two
programmable digital shift registers each having 293 eight-bit 35  stages,
one register for the signal provided by multiplexer 706 and one for the
signal provided by multiplexer 710. The amount of time by which the shift
registers delay these signals is controlled by a delay control signal [err]
provided by the microprocessor 282. The delayed signals from the
multiplexers 710 and 706, respectively, are applied to first real and
imaginary input ports of the complex multiplier 718. In-phase and
quadrature coefficient values [err] from the respective latches 722 and 721
are applied to 40  second real and imaginary input ports of the multiplier
718 respectively. The values [err] are applied to the respective latches
722 and 721 by the microprocessor 282. The samples provided by the complex
multiplier 718 have different meaning in the different operational modes of
the deghosting system. In the correlation mode, the real or in-phase output
samples are zero because the zero-valued signal from source 708 is applied
to the first real input port of the multiplier 718 45  and a zero valued
coefficient is applied to the second imaginary input port. The imaginary or
quadrature- phase output samples represent the output of the first stage of
the correlation filter. In the coefficient update and deghosting modes, the
samples provided by the multiplier 718 represent signals which correct for
ghost signals delayed, relative to the direct signal, by an amount of time
represented by the delay value [err]. Each of the five stages 720, 740,
760, 770 and 780 provide similar 50  signals at the output ports of their
corresponding complex multipliers. The in-phase and quadrature-phase
signals provided by each of the multipliers are summed in respective first
and second adder trees and applied to the demultiplexers 713 and 712
respectively. The first adder tree includes the adders 730, 750 and
corresponding adders in the filter stages 760 and 770. The second adder
tree includes the adders 732, 752 and corresponding adders in the filter
stages 760 and 55  770. These adder trees are similar to the ones described
in reference to FIGURE 4 and, so, do not need to be described herein. The
demultiplexers 713 and 712 are controlled by the mode signal from the
microprocessor 282 to provide the output signals of the first and second
adder trees to the respective delay elements 705 and 707, 10    EP 0 228
880 B4 



during the correlation and coefficient update modes, and to the respective
subtracters 704 and 702 during the deghosting mode. The delay elements 705
and 707 compensate for the processing delay through the differentiators 793
and 790 and the limiters 794 and 791. The samples provided by the delay
elements 705 and 707 are subtracted from the differentiated and limited
[err] and [err] signals by the respective subtracters 6  795 and 792 to
develop the error signals [err] and [err] respectively. The output signal
COR of the demultiplexer 712 is also the output signal of the correlation
filter. This signal is used by the microprocessor 282 to determine the
timing of any ghost signals relative to the direct signal. As with the
embodiment shown in FIGURE 4, the deghosting processor shown in FIGURE 7 is
10 controlled by microprocessor 282. FIGURES 9A through 9D are flow charts
showing the control flow of the microprocessor 282 in its four operational
modes for this embodiment of the invention. In FIGURE 9A, the
microprocessor enters its initialization mode when power is applied to the
receiver or when a new channel is selected, 910. An Internal variable, FN,
is set to zero, 912, and the microprocessor waits, 914, for the next pulse
of the signal VS from the sixth equalization pulse detector 246. When the
15 pulse occurs the microprocessor increments the variable FN. On the
occurrence of the VS pulse, the microprocessor executes a DMA command, 916,
to transfer 512 samples of each of the signals [err] and [err] into
predetermined locations of the RAM 284. As set forth above, in reference to
FIGURE 8A, these samples include samples representing the leading edge of
the vertical sync pulse. The microprocessor enters a waiting state, 917,
until these sample values have been 20 transferred. During the field period
following the pulse VS, the microprocessor calculates values m for each
pair of samples [err] according to the equation: [err] 25 These values
correspond the instantaneous magnitudes of the combined differentials of
the signals [err] and RQ. The samples, M, are substantially zero valued
except where transitions occur in the input signals during the training
interval. Thus, non-zero valued samples occur at the leading edge of
vertical sync and at ghosts of the leading 30 edge of vertical sync. If the
values of M are plotted, the resulting waveform has a peak at the leading
edge of vertical sync and smaller peaks at each of the "ghosts" of vertical
sync in the sampled interval. The shapes of these peaks are substantially
identical regardless of the relative phase of the direct and ghost signals.
The microprocessor 282 examines the values m, 920, and sets the internal
variable [err] to the index of 35 the sample value corresponding to the
central sample of the largest peak (i.e. the number of samples between the
pulse VS and the leading edge of the vertical sync pulse). The sample value
having this index, the two samples immediately preceding it and the two
samples immediately following it are normalized (by subtracting the average
value of the five samples from each sample) and stored into the RAM 284 as
the five correlator coefficients. 40     The correlator coefficients CC1,
CC2, CC3, CC4 and CC5 are stored and used in the order of the samples from
which they are derived (e.g. CC3 corresponds to the largest peak value of
the sample m). To compensate for noise in the signals [err] the values of
[err] and CC1 through CC5 are averaged over five field intervals, 922. It
is noted that the signal MAG developed by the adder 798 is essentially the
same as the values m 45 developed by the microprocessor 282. It is
contemplated that, for the step 916, samples of the signal MAG may be
transferred to the RAM 284 in place of the samples of the signals [err] and
that the calculations represented by the equation (9) may then be
eliminated from the step 918. The next step 924 in the control flow of the
microprocessor 282 determines whether filter coefficients (IC's and QC's)
and delay values (D's) have already been calculated and stored for the
currently selected so channel. If these values have been stored, they are
transferred to the corresponding latches in the deghosting processor in
step 926. The microprocessor at step 928 then enters coefficient update
mode, described below in reference to FIGURE 9B. If, however, the
coefficient and delay values for the channel have not been stored, the
microprocessor, at step 925, enters correlation mode. FIGURE 9C is a flow
chart showing the control flow of the 55 microprocessor 282 in correlation
mode. The first step, 970, sets the MODE signal to the correlation value.
Then, 972, the correlation coefficients CC1 through CC5 are loaded into the
I coefficient latches of the five filter stages Via the respective busses
[err] through [err] and delay values (D's) of 1 through 5 sample periods
are loaded into the delay elements of the respective five filter stages
720, 740, 760, 770 and 780.    EP 0228880 B1 



The internal field count variable FN is reset, 974. The microprocessor 282
then waits, 976, for the next pulse of the signal VS and, when this occurs,
increments FN. At step 978, the microprocessor waits for [err]sampling
periods following the pulse and then executes a DMA command to get 293
samples of the signal COR. The number of sample periods [err] represents
the processing delay through the circuitry which 5  develops the signal COR
from the signals [err] and [err]. The microprocessor waits, 982, until all
of the samples have been transferred before determining the sample indicies
(D's) at which each of the "ghosts" of the leading edge of vertical sync
occur. The sample numbers for all of the ghosts are averaged over five
field intervals, 984, to compensate for noise. Referring to FIGURE 7, the
multiplexer 706, in the correlation mode, provides the signals MAG to one
10  of the imaginary (quadrature) input ports of the complex multiplier 718
via the delay element 714. The multiplexer 710 applies the zero value from
source 708 to the corresponding real (in-phase) input port. The
microprocessor applies the correlation coefficient CC1 to the latch 722 via
the bus [err] and applies a zero value to the latch 721 via the bus [err].
The latches 721 and 722 provide the second imaginary and real input values,
respectively, to the complex multiplier 718. Since one real input value and
one imaginary 15 input value are zero, the real output value of the complex
multiplier 718 Is zero. The imaginary output values of the multiplier 718
and the corresponding multipliers of the stages 740, 760, 770 and 780 are
summed in the adder tree which includes the adders 732 and 752. The summed
values are applied to the demultiplexer 712 which under control of the mode
signal from the microprocessor 282 routes the summed signal onto the bus
COR. 20    In this configuration, the deghosting processor acts as an
output weighted FIR filter. As set forth above, the delay values used by
the five stages of the filter are 1, 2, 3, 4 and 5 clock periods
respectively and the weighting coefficients of this filter are generated by
normalizing five successive values m computed from the signals [err] and
[err] at the leading edge of the vertical sync according to the equation
(9). The differentiators 790 and 793, limiters 791 and 794, squaring
circuits 796 and 797 and the adder 798 25 perform calculations similar to
equation (9) on the samples of the second part of the training signal
waveform. Consequently, the deghosting processor is a matched correlation
filter in the correlation mode. The waveform of output signal represented
by the samples COR has peaks at the sample numbers corresponding to the
"ghosts" of the leading edge of vertical sync. The microprocessor 282
determines the sample numbers of the five largest peaks and stores them as
the values D1 through D5, where, for 30  example, D1 is the smallest and D5
the largest sample number. Referring to FIGURE 9C, once the delay values,
D1 through D5 have been determined, the micropro- cessor 282, at step 986,
applies zero coefficient values to the five filter stages via the busses
[err] through [err]and [err] through [err] and loads the values of Dl
through D5 into the respective variable delay elements of the stages. At
step 928, the microprocessor enters coefficient update mode. 35     The
control flow of the microprocessor in coefficient update mode is shown in
FIGURE 9B. The first step, 930, changes the signal, MODE, to its
coefficient update value and resets the internal field number variable FN.
The microprocessor then waits for the next pulse of the signal VS and
increments FN, 932. At step 936 the microprocessor waits [err] sample
periods after the occurrence of the VS pulse to obtain samples of the error
signals [err] via a direct memory access command 940. The microprocessor 40
waits for the memory access to complete 942, and then calculates new values
for the coefficients IC1 through IC5 and QC1 through QC5, using an
algorithm similar to that described in equation (8). For the present
embodiment, the equation (8) [err] 45 becomes [err] 50  In equation (10),
hk(i +1) and hk(i) are complex numbers representing, respectively, the new
and old coefficient values for the filter stage which has a time delay,
equal to k clock periods. The complex coefficient hk(i) may be represented
as [err] 55 The term [err] is a complex value representing the value of the
error signals [err] and [err] at the center of the leading edge of two
vertical sync pulses of the ghost signal which is delayed by K clock
periods relative to the direct signal. Since the signals [err] and [err]
represent the differentiated and limited signals, [err] and [err] 12    EP
0 228 880 B1 respectively, the reference value corresponding to [err] is
zero. Finally, the term [err] is a complex value representing the complex
conjugate of E,(o). Which is to say, the [err]and twos complemented [err]
values for 



the central sample of the leading edge of vertical sync from the direct
signal. The value [err] is a scaler adaptation constant which, for example,
may be equal to [err]. 5     When the new coefficient values have been
calculated, they are loaded into the latches of the appropriate filter
stages, 944. The microprocessor then checks the error signals [err] and
[err] for convergence over, for example, a one second interval. If the
error signals have converged, 946, the control flow branches to the
deghosting mode, 952. If the coefficients have not converged, 948, the
microprocessor branches back to the step 932 to process the vertical sync
pulse of another field until 120 fields have been processed 10 (2 seconds).
If the error signals [err] and [err] have not converged after 2 seconds,
the microprocessor resets the coefficients IC and QC corresponding to the
error signal values which have not converged, 950, and branches to
deghosting mode 952. The control flow for the deghosting mode in the
present embodiment is shown in FIGURE 9D. This flow chart is identical to
the flow chart shown in FIGURE 8C with the exception of the initial setting
of the signal, 15 MODE, to its deghosting value, 954. The step 926 of
FIGURE 9A shows the previously calculated coefficient values for a
particular channel being restored before entering coefficient update mode.
The viewer may override this step, causing the deghosting system to
correlate and calculate new values of delay (D's) and filter coefficients
(IC's and QC's). This option may be desirable when the position of the
television antenna may be changed from time 20  to time. The embodiments of
the invention described above are in terms of digital circuitry. The
present invention may be practiced using analog sampled data circuitry such
as charge coupled devices, CCD's and analog arithmetic circuits (adders,
subtracters and multipliers). 25 Claims 1. A system for correcting
multipath distortion comprising: a source (210) of input signals including
direct signals having training signal components and delayed-direct (ghost)
signals modulating a carrier signal; 30        said system being
characterized by deriving means (220,222,224,230) coupled to said source
for deriving first (err) and second (err) baseband signals, said first
baseband signal being in-phase with said carrier signal and said second
baseband signal being in quadrature-phase with said carrier signal; a
complex sampled data filter (414,416,418,430,452) having real and imaginary
input terminals coupled to receive said first and second baseband signals
and including delay means (414,416;714) for 35     delaying the signals
applied to said input terminals, and means (418;718) for scaling the
signals provided by said delay means by complex [err] filter coefficients,
said filter developing output signals representing said direct signals to
the relative exclusion of said ghost signals; and means (421;282) coupled
to said source and to said filter for developing said complex filter
coefficients including: 40        error signal developing means (406,410)
responsive to the output signals provided by said filter in response to
said training signal for developing complex error signals from said
training signals; means (510,512,513,517) for arithmetically combining the
complex error signals with the complex signals provided by said delay means
to develop complex coefficient update values; and means (514,516,518,520)
coupled to said combining means and to said filter for combining said 45
complex coefficient update values with previously developed complex
coefficient update values to develop said complex coefficients. 2. System
as claimed in claim 1 characterized in that said input signals are
television signals including direct video signals having vertical
synchronization pulse components and delayed-direct (ghost) video 50
signals modulating a carrier signal; said filter is a complex infinite
impulse response filter, (IIR), said error signal deriving means (406,410)
is responsive to said vertical synchronizing pulse component of said input
signals for developing complex error signals proportional to the difference
between said vertical synchronizing pulse and a vertical synchronizing
pulse having substantially no ghost signal components. 55 3. System as
claimed in claim 2 characterized in that said deriving means includes
demodulation means (220,230) coupled to said source (210) for developing
said first [err] and second [err] signals; 13    EP 0228880B1
C   L M    S respectively, the reference value corresponding to [err] is
zero. Finally, the term [err](n-k) is a complex value representing the
complex conjugate of [err]o). Which is to say, the [err] and twos
complemented [err] values for the central sample of the leading edge of
vertical sync from the direct signal. The value [err] is a scaler 



adaptation constant which, for example, may be equal to [err]. 5     When
the new coefficient values have been calculated, they are loaded into the
latches of the appropriate filter stages, 944. The microprocessor then
checks-the- error signals [err] and [err] for convergence over, for
example, a one second interval. If the error signals have converged, 946,
the control flow branches to the deghosting mode, 952. If the coefficients
have not converged, 948, the microprocessor branches back to the step 932
to process the vertical sync pulse of another field until 120 fields have
been processed 10  (2 seconds). If the error signals [err] and ][err] have
not converged after 2 seconds, the microprocessor resets the coefficients
IC and QC corresponding to the error signal values which have not
converged, 950, and branches to deghosting mode 952. The control flow for
the deghosting mode in the present embodiment is shown in FIGURE 9D. This
flow chart is Identical to the flow chart shown in FIGURE 8C with the
exception of the initial setting of the signal, 15 MODE, to its deghosting
value, 954. The step 926 of FIGURE 9A shows the previously calculated
coefficient values for a particular channel being restored before entering
coefficient update mode. The viewer may override this step, causing the
deghosting system to correlate and calculate new values of delay (D's) and
filter coefficients (IC's and QC's). This option may be desirable when the
position of the television antenna may be changed from time 20 to time. The
embodiments of the invention described above are in terms of digital
circuitry. The present invention may be practiced using analog sampled data
circuitry such as charge coupled devices, CCD's and analog arithmetic
circuits (adders, subtracters and multipliers). 25 Claims 1. A system for
correcting multipath distortion comprising: a source (210) of input signals
including direct signals having training signal components and
delayed-direct (ghost) signals modulating a carrier signal; 30         said
system being characterized by deriving means (220,222,224,230) coupled to
said source for deriving first (err) and second [err] baseband signals,
said first baseband signal being in-phase with said carrier signal and said
second baseband signal being in quadrature-phase with said carrier signal;
a complex sampled data filter (414,416,418,430,452) having real and
imaginary input terminals coupled to receive said first and second baseband
signals and including delay means (414,416;714) for 35     delaying the
signals applied to said input terminals, and means (418;718) for scaling
the signals provided by said delay means by complex [err] filter
coefficients, said filter developing output signals representing said
direct signals to the relative exclusion of said ghost signals; and means
(421;282) coupled to said source and to said filter for developing said
complex filter coefficients including: 40         error signal developing
means (406,410) responsive to the output signals provided by said filter in
response to said training signal for developing complex error signals from
said training signals; means (510,512,513,517) for arithmetically combining
the complex error signals with the complex signals provided by said delay
means to develop complex coefficient update values; and means
(514,516,518,520) coupled to said combining means and to said filter for
combining said 45     complex coefficient update values with previously
developed complex coefficient update values to develop said complex
coefficients. 2. System as claimed in claim 1 characterized in that said
input signals are television signals including direct video signals having
vertical synchronization pulse components and delayed-direct (ghost) video
50     signals modulating a carrier signal; said filter is a complex
infinite impulse response filter, (IIR), said error signal deriving means
(406,410) is responsive to said vertical synchronizing pulse component of
said input signals for developing complex error signals proportional to the
difference between said vertical synchronizing pulse and a vertical
synchronizing pulse having substantially no ghost signal components. 55 3.
System as claimed in claim 2 characterized in that said deriving means
includes demodulation means (220,230) coupled to said source (210) for
developing said first[err] and second (err) signals; 13    EP 0 228 880 B1
C   L    M  S means (702,704) coupled to said demodulation means for
combining said first [err] and second (RQ) baseband signals with respective
first [err] and second [err] correction signals to develop first [err] and
second [err] corrected signals representing the components of said direct
signal which are respectively in-phase with and quadrature-phase related to
said carrier signal to the relative exclusion 



5     of any ghost signal components; said delay means (714) delaying said
first and second corrected signals by an amount of time substantially equal
to the amount of time by which said ghost signals are delayed relative to
said direct signals; said filter including a complex multiplier (718)
having first real and imaginary input terminals coupled to receive the
respective first and second signals provided by said delay means, second
real and imaginary input terminals coupled to receive first and second
filter 10     coefficient values, and real and imaginary output terminals
for providing said first and second correction signals respectively; said
means (714,718,282) for developing said complex coefficients developing
said first and second coefficient values and including: means (702,704)
coupled to said demodulating means and responsive to the first and second
signals provided thereby In response to the vertical synchronizing pulse
components of said television 15     signals for developing respective
first and second training signals; means (790,791,792,793,794,795)
responsive to said first and second training signals for develop- ing
respective first and second error signals proportional, respectively, to
the difference between said first and second training signals and
respective first and second predetermined values representing the values of
said respective first and second training signals having substantially no
ghost signal 20     components; said coefficent value developing means
being coupled to said error signal developing means and to said delay means
for arithmetically combining said first and second error signals with the
first and second signals provided by said delay means in response to said
first and second training signals to develop first and second coefficient
update values; and Including 25        means (282) coupled to said
arithmetic combining means for combining said first and second coefficient
update values with previously obtained first and second coefficient update
values, respec- tively, to develop said first and second coefficient
values. 4. The system set forth in claim 1, 2 or 3 characterized in that
said means for arithmetically combining the 30     complex error signals
with the complex delayed signals includes: means (512) for developing the
complex conjugate of the complex signals provided by said delay means; and
means (510) for multiplying said complex conjugate signals by said complex
error signals to develop said complex coefficient update values. 35 5. The
system set forth in claim 4 characterized in that said means for
arithmetically combining the complex error signals with the complex signals
provided by said delay means further includes means (- (513,517) coupled to
said multiplying means for scaling one of said complex error signals,
complex conjugate signals, and complex coefficient update values by an
adaptation constant value. 40 6. The system set forth in claim 5
characterized in that said adaptation constant has a value approxi- mately
equal to [err]. Patentanspriche 46 1. System zur Korrektur von
Mehrweg-Stdrungen ("multipath distortion") - mit einer Quelle (210) von
Eingangssignalen, die Direktsignale mit Lemsignal-Komponenten ("training
signal components") und verzogerte Direktsignale ("ghost signals")
aufweisen, welche ein Trdgersignal modulieren; 50          gekennzelchnet
durch, - Ableitmittel (220,222,224,230), die mit der Quelle gekoppelt sind
zum Gewinnen/Ableiten erster (RI) und zweiter (RQ) Basisbandsignale, wobel
das erste Basisbandsignal mit dem Tragersignal in Phase und das zweite
Basisbandsignal in Quadratur-Phase (um 90 verschoben) zu dem TrAgersignal
ist; 55       - ein komplexes Abtastfilter (414,416,418,430,452) mit
Eingangsanschltssen fMr Real- und Imagi- naranteile, die zum Empfang der
ersten und zweiten Basisbandsignale gekoppelt sind, und mit
Verzdgerungsmitteln (414,416;714) zum Verzdgern der - den
EingangsanschlOssen - zugefUhrten Signale, sowie mit Mitteln (418,718) zum
Skalieren der - 14    EP 0 228 880 B1 von den Verz6gerungsmitteln
gelieferten - Signale Uber komplexe (S1) Filterkoeffizienten, wobei das
Filter Ausgangssignale abgibt, welche die Direktsignale unter relativem
Ausschlul der ghost- Signale reprasentieren; - Mittel (421;282), die mit
der Quelle und dem Filter zum Bilden der komplexen Filter-Koeffizienten 



5           gekoppelt sind und die aufweisen: -
Fehlersignal-Erzeugungsmittel (406,410), die auf die Ausgangssignale
reagieren, welche von dem Filter - in Antwort auf das Lernsignal -
abgegeben werden, um komplexe Fehlersignale aus dem Lemsignal zu gewinnen;
- Mittel (510,512,513,517) zum arithmetischen Kombinieren der komplexen
Fehlersignale mit 10            den komplexen - von den Verz6gerungsmitteln
bereitgestellten - Signalen, um komplexe Koeffizienten-Updates
(aktualisierte Werte) zu erzeugen; - Mittel (514,516,518,520), die mit den
Kombiniermitteln und dem Filter gekoppelt sind, um die komplexen
Koeffizienten-Updates mit den vorher erstellten Koeffizienten-Updates zu
kombinie- ren, wodurch komplexe Koeffizienten gebildet werden. 75 2. System
nach Anspruch 1, dadurch gekennzelchnet, daB die Eingangssignale
Fernsehsignale sind, mit Direkt-Videosignalen, welche
Vertikal-Synchronpuls- komponenten und verzogerte Direkt-Videosignale
(ghost-Signale) aufweisen, die ein Tragersignal mo- 20     dulieren; daB
das Filter ein komplexes Filter mit unendlicher Einstellzeit (infinite
impulse response, lIR) ist; daB die Fehlersignal-Ableitmittel (406,410) auf
die Vertikal-Synchronpulskomponente der Eingangssi- gnale reagieren, um
komplexe Fehlersignale zu erzeugen, die proportional zu der Differenz
zwischen dem Vertikal-Synchronpuls und einem Vertikal-Synchronpuls mit im
wesentlichen (nahezu) keiner 25     ghost-Signalkomponente sind. 3  System
nach Anspruch 2, wobei die Ableitmittel gekennzelchnet sind durch -
Demodulatormittel (220,230), die mit der Quelle (210) zur Erzeugung der
ersten (RI) und der 30          zweiten (RQ) Signale gekoppelt sind; -
Mittel (702,704), die mit den Demodulatormitteln gekoppelt sind zum
Kombinieren der ersten (RI) und zweiten (RQ) Basisbandsignale mit
jeweiligen ersten (E,) und zweiten (E0) Korektursignalen, um erste
(S1-"dach") und zweite (SQ-"dach") korrigierte Signale zu erzeugen, die die
Komponen- ten des Direktsignals darstellen, welche jeweils in Phase und in
Quadratur-Phase (um 90 36          versetzt) beziliglich des Tr~gersignales
- unter relativem Ausschlu13 von jeder ghost-Signalkomponent - sind; -
wobei die Verz6gerungsmittel (714) die ersten und zweiten korrigierten
Signale urn einen Zeitbetrag verschieben, der im wesentlichen gleich zu der
Zeitverschiebung ist, um welche die ghost-Signale bezUglich der
Direktsignale verz6gert sind; 40        - wobei das Filter einen komplexen
Multiplizierer (718) aufweist, - mit ersten Real- und Imaginlreing~ngen
(EingangsanschlUssen), die so gekoppelt sind, daI3 sie jeweilige erste und
zweite Signale erhalten, welche die Verzdgerungsmittel (714) abgeben; - mit
zweiten Real- und ImagindreingIngen, die so gekoppelt sind, daB sie die
ersten und zweiten Filterkoeffizienten erhalten; 45          - mit Real-
und Imaginarausgangen zum Abgeben der jeweiligen ersten und zweiten
Korrektursi- gnale; wobei die Mittel (714,718,282) zum Erzeugen der
komplexen Koeffizienten die ersten und zweiten Koeffizienten bilden und
aufweisen: - Mittel (702,704), welche mit den Demodulatormitteln gekoppelt
sind und auf die von ihnen - in 50            Antwort auf die
Vertikal-Synchronpulskomponenten des Femsehsignales - erzeugten ersten und
zweiten Signale reagieren, um jeweilige erste und zweite Lemsignale zu
bilden; - Mittel (790 bis 795), die abh~ngig von den ersten und zweiten
Lernsignalen sind zum Bilden jeweiliger erster und zweiter Fehlersignale,
die jeweils proportional zu der Differenz zwischen ersten und zweiten
Lernsignalen und jeweiligen ersten und zweiten vorbestimmten Werten 55
sind, welche die Werte der jeweiligen ersten und zweiten Lemsignale mit im
wesentlichen (nahezu) keinen ghost-Signalkomponenten darstellen; - wobei
die Koeffzienten-Bildungsmittel (714,718,282) mit den
Fehlersignal-Erzeugungsmitteln und den Verzogerungsmitteln gekoppelt sind
zurn arithmetischen Kombinieren der ersten und 15    C L    M    S zweiten
Fehlersignale mit den ersten und zweiten Signalen, die von den
Verzogerungsmitteln in Antwort auf die ersten und zweiten Lernsignale
gebildet werden, um erste und zweite Koeffizienten-Updates zu erzeugen; und



- Mittel (282) hat, die mit den Arithmetik-Kombiniermitteln gekoppelt sind
zum Kombinieren der 5             ersten und zweiten Koeffizienten-Updates
mit jeweiligen vorher gewonnenen ersten und zweiten Koeffizienten-Updates,
um erste und zweite Koeffizienten zu erhalten. 4. System nach einem der
AnsprOche 1, 2 oder 3, dadurch gekennzelchnet, 10     daA die Mittel zum
arithmetischen Kombinieren der komplexen Fehlersignale mit den komplexen
verzogerten Signalen aufweisen: - Mittel (512) zum Bilden der konjugiert
komplexen (Signale) der komplexen Signale, welche von den
Verzogerungsmitteln abgegeben werden; - Mittel (510) zum Multiplizieren der
konjugiert komplexen Signale mit den komplexen Fehlersigna- 15         len,
um die komplexen Koeffizienten-Updates zu erhalten. 5. System nach Anspruch
4, dadurch gekennzelchnet, daB die Mittel zum arithmetischen Kombinieren
der komplexen Fehlersignale mit den komplexen 20     Signalen, die von den
Verzogerungsmitteln erzeugt werden, Mittel (513,517) aufweisen, die mit den
Multiplizier-Mittein gekoppelt sind, um eines der (eweiligen) komplexen
Fehlersignale, der konjugiert komplexen Signale oder der komplexen
Koeffizienten-Updates mit elnem konstanten Adaptionswert zu skalieren. 25
6. System nach Anspruch 5, dadurch gekennzelchnet, daB der Adaptionswert
etwa 2-13 betragt. Revendicatlons 30 1. Systeme pour correction de
distorsion par propagation multiple comprenant: une source (210) de signaux
d'entrbe incluant des signaux directs comportant des composantes de signaux
d' instruction et de signaux directs retardes (fantomes) modulant un signal
de porteuse; ledit systeme etant caract6risd par des moyens de derivation
(220, 222, 224, 230) couplds a ladite 35     source pour deriver un premier
(RI) et un second (RQ) signal en bande de base, ledit premier signal en
bande de base 6tant en phase avec ledit signal de porteuse et ledit second
signal en bande de base etant en quadrature de phase avec ledit signal de
porteuse; un filtre de donnees 6chantillonnees complexe (414, 416, 418,
430, 452) comportant des bornes d'entree r6elle et imaginaire coupl4 pour
recevoir ledit premier et ledit second signal en bande de base 40     et
incluant des moyens de retard (414, 416 ; 714) pour retarder les signaux
appliques auxdites bornes d'entree, et des moyens (418; 718) pour le
cadrage des signaux foumis par lesdits moyens de retard a l'aide des
coefficients du filtre complexe (S, ), ledit filtre developpant des signaux
de sortie representant lesdits signaux directs a l'exclusion relative
desdits signaux fant8mes; des moyens (421 ; 282) couples a ladite source et
audit filtre pour developper lesdits coefficients 45     de filtre
complexes incluant: des moyens de d6veloppement de signaux d'erreur (406,
410) sensibles aux signaux de sortie foumis par ledit filtre en r6ponse
audit signal d'instruction pour developper des signaux d'erreur complexes A
partir desdits signaux d'entrainement; des moyens (510, 512, 513, 517) pour
combiner arithm6tiquement les signaux d'erreur complexes 50     avec les
signaux complexes fournis par lesdits moyens de retard pour developper des
valeurs mises a jour de coefficient complexe ; et des moyens (514, 516,
518, 520) couplds auxdits moyens de combinaison et audit filtre pour
combiner lesdites valeurs mises & jour de coefficient complexe avec
lesdites valeurs mises a jour de coefficient complexe precedemment
developpdes pour developper lesdits coefficients complexes. 55 2. Systeme
selon la revendication 1 caractdris6 en ce quo lesdits signaux d'entree
sont des signaux de television incluant les signaux vid6o directs
comportant des composantes d'impulsion de synchronisa- tion verticales et
les signaux video directs retardds (fantomes) modulant un signal de
porteuse ; ledit 16    EP 0 228 880 B1 filtre est un filtre complexe de
r6ponse infinie a une impulsion (IIR); lesdits moyens de derivation du
signal d'erreur (406, 410) sont sensibles a ladite composante d'impulsion
de synchronisation verticale desdits signaux d'entree pour ddvelopper des
signaux d'erreur complexes proportionnels & la diff6rence entre ladite
impulsion de synchronisation verticale et une -5    impulsion de
synchronisation verticale ne comportant sensiblement aucune composante de
signal 



fant8me. 9 Systhme selon la revendication 2 caracterise en ce que ledit
moyen de derivation inclut: des moyens de ddmodulation,(220, 230) couples a
ladite source (210) pour developper lesdits to     premier (R.) et second
(R0) signaux; des moyens (702, 704) couples auxdits moyens de demodulation
pour combiner lesdits premier (R.) et second (RQ) signaux en bande de base
avec lesdits premier (E,) et second (EQ) signaux de correction pour
developper un premier (S,) et second (SQ) signal corrig6 representant les
composantes dudit signal direct qui sont respectivement en phase et on
quadrature par rapport audit signal de 15     porteuse a l'exclusion
relative de toute composante du signal fant8me ; lesdits moyens de retard
(714) pour retarder lesdits premier et second signaux corriges d'un temps
sensiblement 6gal au temps selon lequel lesdits signaux fant8mes sont
retardes par rapport auxdits signaux directs; ledit filtre incluant un
multiplicateur complexe (718) comportant la premibre bome d'entree reelle
et la seconde borne d'entree imaginaire coupl6es pour recevoir les premier
et second signaux respectifs fournis par lesdits 20     moyens de retard,
la seconde borne d'entree reelle et la seconde borne d'entree imaginaire
couplees pour recevoir les premibre et seconde valeurs de coefficient
complexe, et les bomes de sortie reolle et imaginaire pour fournir
respectivement lesdits premier et second signaux de correction ; lesdits
moyens (714, 718, 282) pour developper lesdits coefficients complexes
developpant lesdites premiere et seconde valeurs de coefficient et
incluant: 25         des moyens (702, 704) couples auxdits moyens de
demodulation et sensibles aux premier et second signaux fournis ainsi en
reponse aux composantes verticales d'impulsion de synchronisation desdits
signaux de television pour d~velopper les premier et second signaux
respectifs d'instruction; des moyens (790, 791, 792, 793, 794, 795)
sensibles auxdits premier et second signaux d'instruc- tion pour developper
des premier et second signaux d'erreur respectifs proportionnels,
respectivement, 30     a la difference entre lesdits premier et second
signaux d' instruction et aux premiere et seconde valeurs respectives
predetermin6es representant les valeurs desdits premier et second signaux
d' instruction no comportant sensiblement aucune composante de signal
fant8me; lesdits moyens de developpoment des valeurs de coefficient etant
couples auxdits moyens de developpement des signaux d'erreur et auxdits
moyens de retard pour combiner arithmetiquement S5     lesdits premier et
second signaux d'erreur avec les premier et second signaux foumis par
lesdits moyens de retard de reponse auxdits premier et second signaux
d'instruction pour developper les premiere et seconde valeurs mises a jour
de coefficient; et incluant des moyens (282) couples auxdits moyens de
combinaison arithmetique pour combiner lesdites premiere et seconde valeurs
mises & jour de coefficient avec les premiere et seconde valeurs mises k 40
jour de coefficient obtenues pr6c6demment, pour developper lesdites
premiere et seconde valeurs de coefficient. 4. Systeme solon les
revendications 1, 2 ou 3 caracterise en ce quo lesdits moyens pour combiner
arithmetiquement les signaux d'erreur complexes avec les signaux retard6s
complexes incluent: 45         des moyens (512) pour developper les
conjugues complexes des signaux complexes fournis par lesdits moyens de
retard ; et des moyens (510) pour multiplier lesdits signaux complexes
conjugu~s par lesdits signaux d'erreur complexes afin de developper
lesdites valeurs mises a jour de coefficients complexes. 50  5. Systbme
solon la revendication 4 caracterise en ce quo lesdits moyens pour combiner
arithmetique- ment les signaux d'erreur complexes avoc les signaux
complexes foumis par lesdits moyens de retard incluent de plus des moyens
(513, 517) coupls auxdits moyens de multiplication pour le cadrage d'un
desdits signaux d'erreur, des signaux conjugues complexes, et des valeurs
mises k jour des coeffi- cients complexes a l'aide d'une valeur constante
d'adaptation. 55 6. Systeme solon la revendication 5 caracterise en ce quo
ladite constante d'adaptation a une valeur approximativement egale & 2-'3.
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