
EP 0 441 778 B1 Description This invention relates to a television ghost
signal cancellation system which first develops a channel model that, in
response to a ghost-free input signal, would produce the ghosted signal.
Then, based on this 5  model, the system develops a ghost cancellation
filter to substantially remove the ghost signal components from the ghosted
signal. Television reception has long been plagued by multipath distortion,
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, and are commonly 10  referred to as ghost signals in the
reproduced image. The ghost signals are delayed from the direct signal as a
function of the relationship of the signal path 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 15 consider the amplitude of the ghost signal, its delay and
its carrier phase relative to that of the direct television signal. To
understand the importance of the relative phase of a ghost signal, it is
helpful to know more about the television signal itself. 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 20  sideband modulated (DSM) while the higher frequency
components (from 1.25 to 4.75 MHz) are single sideband modulated (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 non-zero and may interfere, as a ghost signal,
with the in-phase portion of the modulated video signal. 25
Analytically, the in-phase and quadrature components of the modulated video
signal, v(t), may be represented by a complex baseband equivalent defined
by the equation (1): [err]                (1) 30 where j is the complex
quantity corresponding to the square root of -1 and [err] and[err] are the
baseband signals which would be obtained if the signal v(t) were
synchronously demodulated from, for example, an intermediate frequency (IF)
signal, using oscillatory signals that are respectively in-phase with and
quadrature phase related to the picture carrier signal. When the signal
v(t) is applied to a multipath transmission channel a ghost distorted
signal is produced. 35     FIGURE 1 illustrates 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 0,
90, 180 * or -90 * (270 ) respectively. Furthermore, since the relationship
between the direct and ghost signal paths is random, any intermediate
waveform is also a possibility. 40     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 being in-phase with the picture carrier of the
television signal and the a component being in-phase with a signal that is
phase shifted by 90 * relative to the picture carrier. These components
describe the television signal in the complex plane where the I and 0
components correspond to coordinates along the real and 46  imaginary axes
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 in a paper
entitled "Adaptive Multipath Equalization for T.V. Broadcasting", IEEE
Transac- tions on Consumer Electronics, May 1977 pp. 175-181, by H.
Thedick, the transmission path which produces a ghost signal may be modeled
as a feed-forward system in which the direct signal is reduced in 50
amplitude by an attenuation factor, a, and delayed by an interval of time,
r, to form a ghost signal. The video signal which includes multipath ghost
signals may be represented by the equation (2) K 5
ir(t)  = Z  a. v(t-Ti)  + n(t)                             (2) i=1'
1 2    EP 0 441 778 B1 where a,, is the complex coefficient, and Tl is the
relative time delay of the ith signal path. The term n(t) in this equation
is the received noise. Including the direct path, there are a total of K
paths (i.e. K-1 ghost signals). The magnitude and phase of the complex
coefficient al are the relative attenuation factor and the carrier phase of
the ith path, respectively. Let i = 1 be the direct path. Ideally, when
there is no multi-path 5  problem, a, = 1, r1 = 0. and a, = 0 for i =
2,..K. The ghosted signal represented by the equation (2) is merely a
weighted sum of various delayed- 



versions of the original signal plus noise. In a receiver with no
deghosting mechanism, either the real part or the magnitude of r(t) is
decoded. This can then yield overlayed images or ghosts on a TV display.
Ghost cancellation systems have been proposed which operate on the in-phase
and quadrature io components of a video signal. An example of such a system
may be found in U.S. Patent US-A-4,703,357 entitled "Adaptive Television
Deghosting System". The system described in that patent uses a digital IIR
filter having complex filter coefficients to adaptively remove ghost
signals from a received video signal. The IIR filter is conditioned by a
control signal first to act as a correlator to determine the time delay of
the ghost signals, relative to the direct signal, and then to act as a
ghost cancellation filter. Delay values i5  determined by the correlator
are preset into variable delay elements which form the taps of the 11R
filter, and the tap coefficients are set to predetermined values. The ghost
cancellation system then monitors the filtered video signal during a
training interval and changes the coefficient values in a sense to minimize
ghost signals at the output of the filter in a training interval. The
system described in the above-referenced patent is a digital system which
includes an analog-to- 20 digital converter (ADC) that samples the ghosted
video signal at a fixed sampling frequency. Consequently, the signals
processed by the ghost cancellation filter are valid only at the discrete
sampling points. This may present a problem when a ghost signal is delayed
with respect to the main signal by an amount of time which is not an
integral multiple of the sampling interval. In this instance, the ghost
signal which is canceled by the filter may not be the same as the one that
contaminates the received video signal and, 25 consequently, a significant
artifact of the ghost signal may remain in the processed video signal. It
would be advantageous If a digital ghost cancellation system could be
provided which used a simpler IIR filter and which was capable of
correcting ghost signals having time delays that are not integral multiples
of the sampling interval. 30 Summary of the Invention The present invention
is defined in claims 1 and 6. The present invention is embodied in a ghost
cancellation system which includes a control processor that analyzes a
received ghosted video signal during a training interval and formulates a
channel model describing the transmission channel which 3s produced the
ghosted video signal. The control processor then converts this channel
model into a set of coefficient values for a complex IIR filter. In one
embodiment of the invention, the set of coefficient values produced by the
data processor conditions the IIR filter to interpolate delayed samples
from among a plurality of time sequential samples to effectively cancel a
ghost signal having a relative time delay which is not an integral multiple
of the sampling interval. In a second embodiment of the Invention, the
filter includes 40 sample value interpolation circuitry coupled to at least
one tap of the IIR filter to effectively cancel a ghost signal having a
relative time delay which Is not an integral multiple of the sampling
interval. Brief Description of the Drawings 46     FIGURE 1, referred to
above, is a waveform diagram of arbitrary ghost signals relative to a
direct signal which is useful for explaining the environment in which the
present invention operates. FIGURE 2 is a block diagram of the signal
processing portion of a television receiver which includes an embodiment of
the present invention. FIGURES 3 and 4 are waveform diagrams of amplitude
versus time showing signals that are useful in 50 explaining the operation
of the circuitry shown in FIGURE 2. FIGURE 5 is a flow chart that is useful
in explaining the operation of the microprocessor shown in FIGURE 2. FIGURE
6 is a block diagram of a deghosting filter suitable for use in the
circuitry shown in FIGURE 2. FIGURE 7 is a block diagram of a complex
multiplier suitable for use in the deghosting filter shown in 55 FIGURE 6.
FIGURE 8 is a block diagram of a portion of the deghosting filter shown in
FIGURE 6 which illustrates an alternate embodiment of the invention. 3
EP 0 441 778 B1 FIGURE 9 is a block diagram of an Interpolator circuit
suitable for use in the alternative embodiment of the invention shown in
FIGURE 8. FIGURE 10 is a table of values which illustrates the programming
of the ROM shown in FIGURE 9. As set forth in the above referenced paper by
H. Thedick, the transmission channel which adds 5  multipath distortion to
a television signal may be modeled as a finite impulse response (FIR)
filter. As further stated in the Thedick article, the ghost signals
introduced by this transmission channel may be effectively canceled by an
infinite impulse response (IIR) filter having a transfer function which is
the inverse of the transfer function of the transmission channel. In the
embodiments of the invention described below, a complex IIR filter having
adjustable delay lo  values and adjustable coefficient values is used as a
ghost cancellation filter. The values for the time delays and coefficient
values are determined by a microprocessor from a training signal which is
transmitted with 



the NTSC television signal. These values are determined by analyzing the
ghost-contaminated signal prior to any ghost cancellation operations. The
delay values and coefficients are then applied to the IIR filter to
condition it to cancel ghost signals from the received video signals. is
The following is a brief description of the ghost cancellation system shown
in FIGURE 2. This is followed, in turn, by a more detailed description of
the method by which the delay and coefficient values for the ghost
cancellation filter are determined and then by a more detailed description
of the ghost cancellation filter itself. In the drawings, broad arrows
represent busses conveying multiple-bit parallel digital signals and line
20  arrows represent connections conveying 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 will know
where such delays are needed in a particular system. Referring to FIGURE 2,
the signal processing section of a television receiver is shown. Radio
frequency 2S  (RF) 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 signals. The IF signals developed
by the circuitry 210 are applied to a conventional envelope detector 242 30
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 248, responsive to the
composite synchronization signal, CS, detects the last (sixth) pre- 35
equalization pulse preceding the vertical synchronization pulse interval.
The circuitry 248 produces an output pulse signal, VS, which substantially
coincides with the sixth pro-equalization pulse of each field of S      the
composite video signal. As set forth below, this pulse may be used to
locate a training signal which is used to determine the relative delay, the
relative amplitude and the relative phase of the ghost signals with respect
to the direct signal. 40     The signals developed by the tuner and IF
circuitry 210 are 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 a 90  phase shifter circuit 224. The phase shifter
circuit 224 develops a second reference signal, quadrature 4s  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 ri. Similarly, the
quadrature phase signals are applied to an ADC 234 which, responsive to the
clock signal CK, 6o develops digital signals rQ. The clock signal CK, which
may, for example, have a frequency, 4f%, substantially equal to four times
the NTSC color subcarrier frequency, f%, is developed by the phase-locked
loop (PLL) 260 described below. The signals r1 and rQ are applied to a
deghosting filter 280 and to a microprocessor 282. As set forth below, the
deghosting filter 280 includes a complex sampled data IIR filter. The
filter 280, under control of 66  the microprocessor 282, filters the
ghost-contaminated signals r, and rQ to produce a signal ra' which
approximates the in-phase component of the direct signal to the substantial
exclusion of any ghost signals. The signal rl' Is applied to a
digital-to-analog converter (DAC) 286, which produces an analog baseband
composite video signal, representing the digital signal r1l. 4    EP 0441
778 B1 The analog baseband composite video signal is applied to a
conventional burst separator 288 which is responsive to the burst gate
signal, SG, provided by the sync separator circuitry 244 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 5  having, for
example, a resonant frequency of approximately 4f. The PLL 260 is
controlled by the burst signals to produce the 4f% clock signal, 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 Includes, for
example, circuitry to separate the luminance and chrominance signal
components from the io composite 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 4.5 MHz IF amplifier
and an FM demodulator 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 1s speaker (not shown). The microprocessor 282 may be any
one of a number of the currently available microprocessors which 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 and a read only K>      memory
(ROM) 285. It is further coupled to receive a signal SEL from tuner and IF
circuitry 210, indicating 2o the currently selected channel; to receive the
signal VS provided by the sixth equalization pulse detector 246 and to
receive the clock signal CK. The microprocessor 282 is coupled to provide
various signals to the deghosting filter 280 via the busses AD and DATA as
described below. The deghosting operation begins when the signal SEL
indicates that a signal from a new channel has been selected. At this time,
the microprocessor 282, responsive to the pulse signal VS, executes a DMA
25 instruction to store 788 of the r1 and rQ samples, occurring during the
interval following the sixth equalization pulse, into the RAM 284. These
768 samples constitute approximately eighty-five percent of one horizontal
line period of the incoming signal. This interval includes at least a few
samples preceding the leading edge of the vertical sync pulse, samples
representing the leading edge of the vertical sync pulse and samples
representing the portion of the vertical sync pulse preceding the first
serration. This signal is used as a 30 training signal by the
microprocessor 282 to determine the delay values and coefficient values
which are to be applied to the deghosting filter 280. The waveform of the
in-phase part of this training signal is shown in FIGURE 3. The portion of
the signal between the sixth equalization pulse and the leading edge of
vertical sync has a duration of 0.48 times the horizontal line period
(0.46H) and a nominal amplitude of 0 IRE units. The portion of the signal
3s between the leading edge of vertical sync and the first serration in the
vertical sync pulse has a duration of .43H and a nominal amplitude of -40
IRE units. It is assumed that, In the absence of noise, any deviation from
the amplitude value of -40 IRE units during this part of the signal is the
result of a ghost signal that is a delayed, attenuated and possibly
phase-shifted version of the leading edge of vertical sync. This signal is
constrained by regulations of the Federal Communications Commission (FCC)
to have 40 substantially fixed timing and amplitude characteristics. Since
this signal is held to close tolerances by the FCC regulations, a model of
the signal may be stored the ROM 285 during the manufacture of the receiver
and then used by the microprocessor 282 to compare against the received
signal and, so, determine the timing amplitude and phase of ghost signals
relative to the direct signal. This model includes both the in- phase and
quadrature components of the video signal. 45     As set forth below, the
sampled values of the training signal stored in the ROM 285 may have a much
higher effective sampling rate than the received video signal. FIGURE 4 is
a waveform diagram showing the in-phase, I, and quadrature phase, Q,
components of the leading edge of vertical sync. 144 samples describing
each of the waveforms shown in FIGURE 4 are held in the ROM 285. This
yields an effective sampling rate of 64 fi. Since the training signal is
essentially flat in the region following the leading edge of Go vertical
sync, the remaining samples of the training signal, i.e. those describing
the interval between the leading edge of vertical sync and the first
serration, may be generated by replicating the last samples of the two
waveforms. As described above, in this embodiment of the invention the
microprocessor 282 processes samples taken during the training interval to
develop a model transfer function which approximates the transfer 5s
function of the transmission channel. Using delay values and coefficient
values taken from this model transfer function, the microprocessor 282
programs the IIR deghosting filter 280 to cancel the ghost signals from the
received video signals. 5    EP 0 441 778 B1 In the explanation of the
algorithm used to develop the channel model, presented below, extensive use
is made of vector notation. In general, a signal Is represented by a lower
case letter, for example, 8(t), a vector containing multiple sample values
of a signal is represented by an underlined lower case letter, for example,
s, and a matrix of sample values is represented by an upper case letter,
for example, S. 6     The algorithms described below have been implemented
in the FORTRAN 77 programming language for execution on a VAX computer
manufactured by the Digital Equipment Corporation. A copy of these programs
is included at the end of the descriptive portion of this specification.
These programs include a reference to a subroutine CSVDS which is not
included in the program listing. This subroutine performs a singular value
decomposition of a matrix which has complex elements. It is available to
the general public io  through the LINPACK library package and is described
at pp C122-C129 of the LINPACK users guide by J.J. Dongara which is
published by Society for Industrial and Applied Mathematics (SIAM). These
programs also contain a list of the values to be loaded into the ROM 285
representing the in- 



phase and quadrature components of the leading edge of vertical sync as
described above in reference to FIGURE 4. These values are used to generate
the reference signal matrix and reference signal vectors 15 referenced
below. In this embodiment of the invention, object code obtained by
compiling programs such as those Included in the appendix is stored in the
ROM 285 along with the data describing the leading edge of vertical sync.
The first step in the algorithm which develops the transfer function is to
obtain samples representing the received training signal. As set forth
above, the microprocessor 282 is responsive to the signal VS, 20 generated
by the sixth equalization pulse detector 240, to load 768 samples of each
of the signals r1(t) and rQ(t), provided by the respective ADC's 232 and
234. The complex vector containing the samples of the signals ra(t) and
rQ(t) Is r. The complex vector containing the samples of the reference
training signal, which is obtained by taking every sixteenth sample of the
reference samples stored in the ROM 285, is denoted as s. Thus, the leading
edge of vertical sync is represented by nine complex sample values. 25
The next step in the algorithm is to differentiate the vectors r and s.
This may be accomplished by subtracting the ith entry from the (i + 1)st
entry for each entry in the vector or by multiplying each of the vectors r
and s by a matrix A, defined by equation (3). 30                    j -1
+1       0      0   ...O        0  I I  0    -1    +1         0   ..0
0  I A=       l         0      0    -1      +1   ...         01 95
. . .   . ..    . .          . ..     . ..                3) I0         0
0      0   ...-I    +1  I The resulting differentiated vectors are denoted
r' and s', respectively. The next step in the procedure 40 is to correlate
r' and s' to develop a vector r'm. The entries of this vector are developed
according to the equation (4). 8 4 r'mn]  = ~  s'*[i]  r'[i+n-1], n=1,
2,...760                               (4) 45               i1 where s'*
indicates the complex conjugate of s'. The magnitude of the absolute value
of r'mnj is an indication of whether a ghost image of the leading edge of
vertical sync exists at sample time n + 4. If the so magnitude of r'm[n] is
greater than a threshold value the microprocessor examines values of r'm
adjacent to the value at index n and finds the central value, q, in a group
of values which exceed the threshold. The sample index q + 4 is used as a
preliminary ghost delay value. The threshold value used in this test is a
function of the signal to noise ratio (SNR) of the received video signal.
Desirably, the threshold value is as low as possible to detect even low
level ghost signals but not so low that noise in the input video signal is
56  interpreted as a ghost signal. In the present embodiment of the
invention, the threshold value is set to twice the root-mean square (RMS)
of the differential noise value. The RMS noise value may be determined, for
example, by monitoring the video signal during the vertical blanking
interval over several field intervals. 6    EP 0 441 778 B1 Assuming that
there exist a direct signal and K-1 ghost signals in the received video
signal, where K is an integer, the estimated delays provided by the
algorithm described above may be represented by a vector -l described by
equation (5). 5 i I~ A      '2 10 TK
(B 15 where 71 is the delay estimate for the ith path. A ghosted training
interval can be synthesized by weighting the reference sync values,
obtained from the ROM 285, using these delay values. The synthesized
training interval may be represented by the equation (6). A  =g KJ 20
r     a(6) Where _ is the synthesized observation vector, represented by
equation (7), 25                        I A2(]  1 r-~ *rI(2Jl r~ 30
I          I Ir-[N]  |( 7 ) i is the reference signal matrix, represented
by equation (8) 35 



,T I                 s (T             . .        s(T-4)           l
s(2TS-..   )       s     s2    2) )            s(2T-T K) 40             .
...                      ... I s(NT -1i)          s(NT,-T 2)   ...
s(NTS-K) J                (8) and a is the synthesization coefficient
vector, represented by equation (9). 45 I al I I a2 50               ^a   _
2o *... 2 50~    axI( A synthesization error vector, e, can be represented
by the equation (10) 55 e = r  _ 3Aa
(10) 7    EP 0 441 778 B1 Due to system noise, this error cannot be zero.
The least square (LS) solution of the equation (10) for a gives a minimum
norm of the error vector. This solution can be shown to be: a= (SH)~1Hr
(11) where H is the conjugate-transpose operator. The least square error,
e(r), which is defined as the norm square of the least squared error vector
e, is given by equation (12) .Q) =rH(^IS(S H)-AS H)r  (12) 10 where I is an
NxN identity matrix. This least square error - and the least square
solution for the vector !LS - are functions of the estimated delay vector,
r. Since the edge detection algorithm described above can only provide
rough estimates of the relative delays of the ghost signals, this least
square error can be used to indicate the accuracy of the i5  delay
estimate, the smaller the error the better the estimate of j. Thus, we can
search in the  space for minimum least square error. Once the optimal ^r is
reached, the corresponding reference signal matrix is substituted back into
(11) to compute the optimal estimate of the synthesization coefficient
vector. Note that, during the search procedure, the entires of  are not
restricted to be integral multiples of the sampling interval. 20     The
oversampled vertical sync signal stored in the ROM 285 is used in the
present embodiment of the invention to determine the fractional delay time
to be added to each of the r's which were calculated above. In the
algorithm described below, the least square error, E(T), is used to
determine whether a selected delay value is closer to the actual delay than
the previously selected delay value. The inventors have determined that the
equation (12) which defines the least square error may be 25  simplified by
a singular value decomposition of the matrix S. Let:  = U A VH   (13) where
is an NxK matrix as set forth above, U is an NxN unitary matrix, V is a KxK
unitary matrix and A is 30  an NxK diagonal matrix described In the
equation (14). IX     0   0      ...   0   I A  =                | 0
X20        . ..   0                           (14) 35
I... .    .. *. . . .  * .  . 10   0 0   .. AK 1...   ...  ...  ...  ...I
40                         10        00         .. .   0   | where the
values of )i, )2 ...K are determined by the singular value decomposition
operation. If Ui is defined as the left-most K columns in U and the
equation (12) can be reduced to 45  (Ur (I-U  U1  )r
(15) The singular value decomposition of a matrix is described in section
2.5 of a book by J.C. Nash entitled "Compact Numerical Methods For
Computers: Linear Algebra and Function Minimisation", John Wiley & 5o
Sons, 1979, pp. 21-22, which is hereby incorporated by reference. The
algorithm for searching the '- space for the minimum least square error is
shown in the flow chart of FIGURE 5. In FIGURE 5, -Z is the vector defined
in equation (5) and e(j) is the function defined in equation (15). The
algorithm described by the flow chart in FIGURE 5 adjusts the value of the
ghost delays one at a time. 55  With each adjustment, the least square
error is evaluated until a local minimum of this value is encountered. In
step 512, the variable I is set to a value of 1, this variable holds the
value of the delay time which is to be adjusted. In step 514, all values of
a vector A I are set to zero except the Ith entry. This entry is set to the
sample time, Tt16, of the reference sample vector stored in the ROM 285
(i.e. 1/(64fQ)). 



8    EP 0 441 778 B1 In step 516, the function eZ) is evaluated using the
vector ^ and the vector ; + A ;. This is equivalent to using samples from
the reference data that coincide with the sample times in the vector -Z and
samples from the reference data that coincide with the vector I + A -Z in
the function 4(j). If the value of the function e(j) is less when the ghost
delay for the Ith ghost is increased, the steps 518 and 520 continue to 5
increase this ghost delay until a minimum value for the function .E() is
reached. Alternatively, if the value of the function eCi) at Z- + A * is
greater than at ^7, the steps 522, 524 and 526 decrement the delay for the
Ith ghost until a minimum value for the function e(j) is reached. When the
optimum delay value for the Ith ghost signal has been obtained, step 528
determines if more ghost delays are to be optimized. If I is less than K, I
is Incremented in step 530 and the next ghost delay value is lo  optimized,
otherwise, the algorithm ends at step 532. Using the procedure described
above, one can derive the optimal estimates of the synthesization delay
vector and the synthesization coefficient vector. Denoting them as &p, and
Lpt, respectively, the optimal estimate of the transfer function for the
transmission channel, hpt(t) is given by equation (16). 18 -K       ~A (t)=
a               (-r,        )                                    (16) opt
i()           iopt6(    iopt) 20 Where the alpt and  pt are the respective
ith entries of the vectors ot and pt. As set forth above, once the transfer
function of the transmission channel has been determined, a ghost
cancellation filter may be designed by inserting the delay and coefficient
values of this transfer function into an IIR filter. In the algorithm
presented above, the starting time for the vector of ghost delay times, Z-,
is not 25  fixed. Due to variations in the sixth equalization pulse
detector 248, the timing of the samples taken by the microprocessor 282 may
vary significantly from field to field. To compensate for this variation,
the ghost cancellation system used in this embodiment of the invention sets
the delay values in the IIR filter to the relative delay values between the
term in the transfer function that has the largest magnitude and all
subsequent terms. The term with the largest magnitude corresponds to the
leading edge of vertical sync, 3o  and, as set forth above, all of the
subsequent terms are assumed to correspond to ghosts of the leading edge of
vertical sync. In addition to adjusting the delay values of the transfer
function Eopt(t) to be relative to the leading edge of vertical sync, the
microprocessor 282 scales the values of the coefficients of the terms of
the transfer function which have delay times greater than or equal to that
of the leading edge of vertical sync by the inverse of the coefficient
value for the leading edge of vertical sync. If, for example, the Lth 35
coefficient value corresponds to the leading edge of vertical sync, the
equation (16) would become, A         ~~~~K          /            (.( hto
t(t)=  I   (a          /a       ) 6(-(            -                    (17)
40         p        i=L      iopt   Lopt                iopt   Lopt Since
the terms in the transfer function fiip(t) having time delay values less
than that of the leading edge of vertical sync may be ignored in
synthesizing the ghost cancellation filter, the values of the 45  observed
vector, r, corresponding to these terms may also be ignored. The effect of
eliminating these values is to reduce the value of N, reducing the
computational overhead of the algorithm described above. This reduction in
the number of samples may be achieved by locating the leading edge of
vertical sync in the observed vector r and eliminating samples which
precede it by more than, for example, ten sample periods. This may be done
prior to any of the matrix operations set forth above. 50     When the time
delay values of the terms of the transfer function fi'opt(t) occur at
integral multiples of the sampling period, there is a one-to-one
correspondence between the taps of the 1IR filter and the terms of the
transfer function iopQ(t). The deghosting filter 280 used in this
embodiment of the invention is shown in FIGURE 8. In the deghosting filter,
the in-phase, ri, and quadrature phase, rQ, components of the received
video signal are 55  applied to the signal input ports of a complex
multiplier 610. The real and imaginary parts of the inverse of the complex
coefficient aLmt are applied to the coefficient input ports of the complex
multiplier 610 by the microprocessor 282 via the address bus, AD, and data
bus, DATA. In the present embodiment of the invention, the microprocessor
282 stores the values of the filter coefficients into the complex
multipliers as if 9    EP 0 441 778 B1 it were storing values into the RAM
284. 



FIGURE 7 is a block diagram of a complex multiplier suitable for use in the
present embodiment of the invention. In FIGURE 7, the bus DATA is coupled
to the respective input ports of two eight-bit parallel-input,
parallel-output registers 704 and 706. The address bus, AD, is coupled to
the input port of a decoding 5  circuit 702. The circuit 702 is responsive
to one predetermined value, applied via the bus AD, to pulse a load input
signal for the register 704 and responsive to another predetermined value
to pulse a different load input signal for the register 706. When the
microprocessor 282 loads a coefficient value into one of the complex
multipliers used in the deghosting filter 280, it simultaneously applies
the real part of the coefficient, via the bus DATA and, the address value
which pulses the load signal for the register 704, via lo the bus AD. Next,
the microprocessor applies the imaginary part of the coefficient value via
the bus DATA and, the address value which pulses the load signal for the
register 706, via the bus AD. The in-phase and quadrature components of the
video signal, l: and Qi, respectively, are multiplied by the in-phase and
quadrature coefficient values, 12 and 02, respectively, by the circuitry
which includes the multipliers 710, 712, 716 and 718; the subtracter 714
and the adder 720. The multiplier 710 forms the 15 product of the signal 11
and the coefficient value 12 and applies the result to the subtracter 714.
The subtracter 714 subtracts the product of the signal Q. and the
coefficient Q2, provided by the multiplier 712, from the product provided
by the multiplier 710 to produce the in-phase output value, 1a. The
multiplier 716 :    forms the product of the signal Q, and the coefficient
value 12 and applies this product to one input port of the adder 720. The
multiplier 718 multiplies the signal li by the coefficient value Q2 to
generate a second 20  input signal to the adder 720. The output signal
provided by the adder 720 is the quadrature signal 09. The multiplication
operation performed by the multiplier 610 corresponds to the denominator of
the each term of the summation in equation (17) (i.e. 1/aLpor).This may be
considered to be a proportioning of the direct component of the video
signal since this coefficient corresponds to the leading edge of vertical
sync. 25     Referring to FIGURE 6, the in-phase and quadrature signals
provided by the multiplier 610 are applied to respective minuend input
ports of subtracters 618 and 620, respectively. The subtrahend input ports
of the subtracters 618 and 620 are coupled to receive ghost correction
signals from adders 666 and 668, respectively. The output signals provided
by the subtracters 618 and 620 are the corrected in-phase and y> ;
quadrature signals, ri' and rQ', respectively. As set forth above, in
reference to FIGURE 2, the signal r1' is the so output signal of the
deghosting filter 280. To simplify the explanation of the ghost
cancellation system, the deghosting filter 280 is, for the purpose of this
initial description, restricted to having only three taps. As set forth
below, it may be desirable for the filter to have a larger number of taps.
A filter of this type may be readily designed by one skilled in the art of
digital signal processing circuit design as a straightforward extension of
the filter shown 35 in FIGURE 6. A programmable three tap delay line 622
provides the three delayed signals for the IIR deghosting filter. The delay
line 622 includes two groups of N serially connected delay elements. Each
of these delay elements is coupled to the sampling clock signal, CK, and
provides a time delay of approximately 70ns (1/- (4 fj)). The first group
of delay elements - of which the first two, 624 and 626 and the last one,
628, are 40 shown - delay the in-phase component of the video signal. The
quadrature component of the video signal is delayed by a second group of
delay elements of which the first two, 030 and 632, and the last one, 634
are shown. The output ports of corresponding delay elements in the in-phase
and quadrature delay chains are connected to common switch elements in a
crossbar switching matrix. For example, the output ports of the 45 delay
elements 624 and 630 are coupled to the switch element 636 and, through the
switch element 636, to the switch elements 638 and 640. In the same manner,
the output ports of the delay elements 626 and 632 are coupled to the
switch elements 642, 644 and 648 and the output ports of the delay elements
628 and 634 are coupled to the switch elements 648, 650 and 652. Each of
these three sets of switch elements define a column in the crossbar
switching matrix. The switches in each row of the matrix are coupled to so
each other and to a respectively different complex coefficient multiplier.
The switches 636, 642 and 648 are coupled to the multiplier 656; the
switches 638, 644 and 850 are coupled to the multiplier 658; and the
switches 640, 646 and 652 are coupled to the multiplier 660. The complex
multipliers 656, 658 and 660 are identical to the complex multiplier 610
described above in reference to FIGURE 7. Each of the switch elements in
the matrix is responsive to a row select signal (RS1, RS2 or RS3) and a 55
column select signal (CS1, CS2 or CS3) provided by switch selection logic
654 to couple the output signals provided by a selected pair of delay
elements to a multiplier. In this embodiment of the invention, only one
switch in any row and one switch in any column is energized at any given
time. The switch selection logic 654 is controlled by values provided by
the microprocessor 282 via the busses AD and DAT. The value 10    EP 0 441
778 Bi provided by the bus AD indicates which of three possible row/column
selection values is being applied by 



the microprocessor 282 via the bus DAT. These values are stored internally
by the switch selection logic and used to activate the indicated switch
elements which provide the delayed signals to the respective multipliers. A
programmable tapped delay line of this type is described in U.S. patent no.
US-A-4,727,424 6  entitled "Sampled Data Filtering System, Including A
Crossbar Switch Matrix, As For A Ghost Cancellation System". As set forth
above, in this embodiment of the invention, the delay values in the
equation (17) are assumed to be in terms of integral numbers of sampling
intervals. Consequently, each term in the summation of equation (17),
except the first, corresponds to one tap on the in-phase and quadrature
delay lo  lines and to one of the coefficient multipliers 656, 658 and 660.
Accordingly, the microprocessor 282 applies, via the busses AD and DATA,
the in-phase (real) and quadrature (imaginary) components of respectively
different ones of the coefficients of the equation (17) to each of the
multipliers 656, 658 and 660. The in-phase signals provided by the
multipliers 658 and 660 are summed in an adder 662. The 18 combined signal
provided by this adder Is, in turn, summed with the in-phase signal
provided by the multiplier 656 in the adder 666. As set forth above, the
signal provided by the adder 666 is the in-phase component of the ghost
correction signal that is applied to the subtracter 618. The quadrature
signals provided by the multipliers 658 and 660 are summed by an adder 664
and the K>      resultant sum is applied to the adder 668. The adder 668
adds this value to the quadrature signal provided 20  by the multiplier 656
to develop the quadrature component of the ghost cancellation signal which
is applied to the subtracter 620. As set forth in the Thedick reference, an
IIR filter such as that shown in FIGURE 6 will effectively cancel multipath
distortion in a video signal when there is one tap of the delay line and
one coefficient multiplier for each ghost signal component of the received
video signal. To simplify the explanation of the entire ghost cancellation
system, it was assumed above, that each 26  ghost signal is delayed with
respect to the direct signal by an amount of time that is an integral
multiple of the sampling interval. When this is not true, that is, when a
ghost signal is delayed by an amount of time which is not an integral
multiple of the sampling interval, modifications may be desirable to the
system described above to achieve effective ghost signal cancellation. In
general, an IIR filter may be modified to cancel ghost signals having delay
times interstitial to two successive delay times which may be obtained 30
from a tapped delay line, if an interstitially delayed signal is
interpolated from the available delayed signals and used as a tap of the
IIR filter. Two methods of interpolation are presented below. The first
method involves a straightforward extension of the structure shown in
FIGURE 6 which adds more rows of switch elements to the crossbar matrix and
more complex multipliers. In addition, the microprocessor 282 is programmed
to calculate additional coefficient values for taps surrounding the
fractional sample delay. The 35  second method inserts an interpolator
circuit at each output port of the variable delay line. This interpolator
Is responsive to a signal produced by the microprocessor 282 to provide
in-phase and quadrature signals having effectively the same delay as the
ghost signal. The following is an explanation of the calculations which
constitute the algorithm to derive the additional coefficient values for
the first method described above. For all ghost delays, ri, let: 40 ki =
INT(rj/r9)  (18) where T. is the sampling interval (1/4fQ) and INT(x) gives
the largest integer that is not greater than x. Furthermore, let pi
represent one delay value in a group of delay values, which includes ki,
and which 45  correspond to possible delay line taps surrounding the ith
ghost signal delay. In the algorithm described below, the ith ghost
cancellation signal is interpolated from Jo successive taps of the delay
line. To differentiate the coefficient values in the present algorithm from
those used in the algorithm to derive the equivalent channel response, the
present coefficient values are denoted as bq. Moreover, to simplify the
complex matrix equations used in this algorithm, the value L in equation
(17) is assumed to be equal to one 5o  and the leading edge of vertical
sync is assumed to occur at 7v = 0. When the assumptions set forth above
are substituted into the equation (17), an equation (19) is obtained. 55
,           K       J. to  t(t) = I         I    b   6(t-T p )
(19) opt       i=1   j=1       ij        s ij 11    EP 0 441 778 B1 In this
equation, the optimal values of the coefficients, bij, are unknown. As set
forth above, the observed vector r may be closely approximated according to
the equation (20). 6r  -  Opt = opt a opt
(20) where eopt is the reference signal matrix described by equation (8)
where 10 



A     A T    -opt" 15     For the present algorithm, only the last row of
the reference signal matrix, the vector -soptT(N), need be considered.
Under this constraint, the equation (20) becomes: A              A
T 20             ropt[N]        Sopt -N] aopt
(21) where 25             AAA Sopt[N] =         S s(NTS- lopt) I
I 30                            | S(NT S-   op)
(22) ST Kopt)22 From the transfer function defined by equation (19), an
equation (23) similar to the equation (21) can be 35 derived. y(N]  -
s[N]Tb                              (23) 40 where y[N] is an approximation
oftN] and R[N] is a reference signal vector defined by equation (24), 4
s((N-pl1)TS)   I 4   N =  l s((N-p21)TS)    I                         (24)
l l I S((N-PK    )T6)   I 50 55 12    EP 0 441 778 B1 and the coefficient
vector b is defined by the equation (25). I b11      I b      lb21        I
(25) l ...      l lbKJ       I 10                              K The
inventors have determined that the coefficient values b may be determined
by obtaining the minimum mean square error between r0pt[N] and y[N] when
the pIJ's are selected in advance. This solution is represented by the
equation (28). 16 MMSE                         E(*sopt))aopt
(26) 20 Where * represents the conjugate operator, T represents the
transpose operator and E( ) represents the expectation operator when the
vectors are treated as random vectors. The time index N is dropped since
the processes are stationary. In this embodiment of the invention the term
E(isT) is equivalent to the covarlance matrix between k and jT and
Eis:Tpt>) is equivalent to the cross-covariance matrix between i' 25  and
-sTi. In the calculations which evaluate the equation (26), the vectors i
and -1,pt are transformed to be zero-mean vectors and are assumed to have a
flat spectral density within the video frequency range. A discussion of
random variables and their properties including a discussion of the
covariance matrix may be found in chapters 9 and 10 of a book by G.R.
Cooper and C.D. McGillem entitled Methods of Signal and System Analysis;
Holt, Rinehart, Winston, 1967, which is hereby incorporated by reference.
30     The coefficient vector bMmsE determined by this method may be used
to set the coefficient values for the IIR fifter where the delay values are
determined by the vector p defined by the equation (27). I pI,1 I 35
| P2,1 2P=    P2,2                                              (27) l ...
l 40                     PK, J 'K The inventors have determined that, when
the ghost delay time, 71, is substantially equal to kiT,, that J, may be
set to a value of one. When, however, there is a significant difference
between 71 and k1T,, setting J1 to a 45 value of four produces more
satisfactory results. Using this scheme, two samples before and two samples
after the fractional ghost delay are interpolated to obtain an equivalent
sample having the fractional ghost delay. The algorithm set forth above is
implemented in a computer program, written in the FORTRAN 77 



computer language. This program is included in the appendix of the present
application. 50     An alternative to the interpolation scheme described
above is to insert sample value interpolation circuitry between the output
ports of the programmable delay line 622 and the signal input ports of the
coefficient multipliers,656, 658 and 660, as shown in FIGURE 8. Each of
interpolators, 810, 812 and 814, shown in FIGURE 8, includes two
compensated linear interpolators which may be, for example, of the type
shown in FIGURE 9. The compensated interpolator shown in FIGURE 9 includes
a linear interpolator, 920, 65  which averages the values of successive
samples according to a proportioning factor F, to produce an interpolated
sample value. By averaging the samples, the interpolator performs the
function of a low-pass filter. This filtering of the video samples may
produce undesirable phase and amplitude errors In the interpolated signal.
To compensate for these errors, the interpolator shown in FIGURE 9 includes
a 13    EP 0 441 778 B1 compensation filter, 950. The amount of
compensation provided to the interpolated signal depends on the value of
the proportioning factor F. Referring to FIGURE 8, in this embodiment of
the invention, the proportioning factors are applied to the interpolators
810, 812 and 814 by the microprocessor 282. Both of the interpolation
circuits in an a  interpolator are provided with the same factor value, F.
The value of F applied to each of the interpolators 810, 812 and 814 may be
different, however, since this value is the fractional part of the delay
value TV associated with the ith ghost signal (i.e. ri = 111pt-TLOpt). The
value F is applied to the input port of a register 932 of the interpolator
circuit via the bus DATA while a value applied, via the bus AD, to a
decoder 930 conditions the decoder to pulse the register 932, causing it to
load the value applied to its input port. The io  value in the register 932
is applied to the address input port of a ROM 934 which provides a value (1
-F) to the linear interpolator 920 and provides a value C to a multiplier
936. The value of C determines the magnitude of the compensation signal
which is added to the interpolated signal by an adder 960. FIGURE 10 is a
table which illustrates the programming of the ROM 934 for an interpolator
circuit having a granularity of (1/8)T,. 65    The interpolation circuitry
shown in FIGURE 9 is described in detail in U.S. Patent No. 4,694,414
entitled "Digital Delay Interpolation Filter With Amplitude And Phase
Compensation", which is hereby incorporated by reference. In the context of
the algorithm presented above for developing a ghost cancellation filter
from a calculated transfer function of the transmission channel, this
interpolation circuitry is used as follows. When 20  the microprocessor 282
applies the delay values from the equation (17) to the programmable delay
line 622 of the deghosting filter 280, it apportions the delay values
between the delay line 622 and a selected one of the interpolators 810, 812
or 814. The amount of the delay value, 7l, which is realized by the
programmable delay 622 is substantially equal to the integer part of the
quantity vVT. minus 1, times T.. The remainder of the delay value, Ts plus
the fractional part of Tr is realized In the selected interpolator by
applying the 28  fractional part of the value ri as the proportioning
factor F. The extra sample period of delay is inherent to the selected
interpolator, as set forth in the TOTAL DELAY column of the table in FIGURE
10. To compensate for the effects of system noise on the deghosting system
presented above, it is contemplated that several estimates of the
transmission channel (i.e. equation 17) may be made over several video
field intervals and that the coefficient and delay values from these
estimates may be averaged 30  to obtain the final coefficient and delay
values for use by the deghosting filter 280. While the ghost cancellation
system described above is a digital system which removes multipath
distortion from video signals, it is contemplated that the invention may
also be implemented using analog components and used to remove multipath
distortion from other types of signals. 35 APPENDIX The following is a
listing of the exemplary 40 computer programs referred to in the foregoing
detailed description of the invention. As previously noted, these exemplary
programs are written in FORTRAN 77 programming 45 language for execution on
a VAX computer manufactured by Digital Equipment Corporation. It will be
appreciated that various modifications may be made to the programs to meet
the needs of a specific microprocessor controller in 50 generating infinite
impulse response filter coefficients in a given application of the
principles of the invention. 55 14 



EP 0441 778 Bi c dg. for (deo hoster) c oKUZVNDOWX,Nr ,iT C 5
cactr20 fn integer*2 r z(910,1050), zz_.(910,1050) integer m1Yof Pz-vabcg
integer 1xoff, lyoff, iyaep intger ix, Ly integer an a 10
inter npxva, npz vs2 ra= (910) integer mla_, Opo~av-bg 161 15            a
c2a  rx..avC910) cample af(20) integer nsf, nsfl complex .fd(200) $ntDge
mai, nel, nassfd 20                 c c=eza(20) integer  P c cmplex
rxp{(910) a complex zzp(910) .inger nrp c '    0
real th integer lrxm(910), nLrXpM C integer p Rep integer pA(20), npk
integer pk.tp(20), ipk c 35                       integer mdnl  ndin2,
njearch integer ledge(2O) niedge ~~~~~C complx ca fu910,20) intoger nasfa,
nsfm2 40                     cmplx gg(910,20) integer naggl, nagg2, nsag
real taug(20) real taug tp(20) integer utaug C 45
complex a l1(20), aj9s1tp(20) integer nais c real cond, error real con4dtp,
errortp c 50                 C    complex d complex hx(20), hy(20) 55 15



EP 0 441 778 BI Integer kcx(20), kIda, ky(20), kky aaopi Ab(20) C intoer*2
rs. rK.dg(910,l050), rzxidg(910,10S0) C o terminal intialization o dvf
start (define sampling rate, filenames) call initt (240) 10         C call
dvfm9(3) prit: * '.dfin. input file real part' call abdef (1,4,1,0) print
**, print *, 'deflne input file imaginary part' t5               call
(2,4,1,0) rint *,' print *,''4fing output file real part' call chbf
(3,4,1,0) C print *, 'enter  _iry  file name, fn ?' 20               read
(5,1) n 1    iia2t oPen (10,          .stm'status-'unlmon') open (11,
flefn/' .dt' ,statu  'unInln') c c read in video data file print *,I'
reading input filems 25                     readt  (1,4,0,zj}) print *'Ia
part iLnput de CtMIA *,char(7 cl rdlt (2,4,0,zj.) print *,           part
input done' type *,Char( type *,char(7) 30         C c vertical sync finder
print *,'       vertical sync finder 100 print *,'enter line number,
begining pixel, to be viewed,' print *, 'nl vs, npxvs b ?' read (5,*) nl
ds, npxvsrbg 36         c call initt (240) ~~~~c V__                5ioff -
so lyoff - 100 iysep - 300 40         c no. of pixels to be observed npx cb
- 910 call wavefom (rz r, rx i, nl vs, npxvsr..bg, npx ob, &
Txofr, Lyofs, Lysep) call mvbs (ixoff, 700) call nmde print *, 'read top or
bottom vavefrm, l(top)/O(bot) ?' 45              read (5,*) ians if
(ians.eq.1) then call scrn read (ix, iy, ixoff, iyoff+iysep) else call
scrDnread (ix, iy, ixoff, iyoff). endif 50c print *,'observe signal,  1/0
?' 65 



16    EP 0 441 778 B1 read (5,*) ians if (ians.ne.o) goto 100 c c def ine
vertical observation interval in line ul vs 200 print *,'enter begining of
the observation Interval npx v81 ?' 5           call scrn read (ix, iy,
ixoff, lyoff) npxjsl - ix + np  vs bg - 1 print * ,begining of vs
observation interval ',npxvsl print *,'change, 1/0 ? read (5,*)    s if
(ians.ne.O) goto 200 c 10      300 print *,'enter end of the observatLon
interval npx vs2 ? call scrread (Im, ly, imoff, iyoff) npx.vs2 - i_ + npx
vs8bg - 1 print *, 'end of vs observation interval ',npx vs2 print
*,.'change, 1/0 ?' read (5,*) lans 15         lf (ians.ne.0) goto 300 c
copy Ts ZO  from rxI', rx.) nxVs  'pX vs2 - npLysl + I PrD nt *,iCr vs
8nxjs do L - 1, nrz ve rxvs(i) - aWpix (float rxor(npx sl+i-l,nl y)), 20
&                    float( z.i(np vsl+i-l,nl vs))) C c active video
monitor call initt (240) print *,'    - active video monitor          4 400
print *,'enter line number to be viewed, nlAv, npMav bg ?' read (5,*) nl
av, npx av bg a izoff - 50, iyoff - 100, iysep - 300, nps ob - 910 call
initt (240) call waveform (rx r,rx i, nl3av, npx avkg,910, 50,100,300) call
novabs (50, 700) so           call anmod print *, Iread top or bottom
wavefrom, l(top)/O (bot.) ?' read (5,*) iana if (ians.eq.1) then call scrn
read (ix, iy, 50, 400) else 35             call rcln read (ix, ly, 50, 100)
endif print ','observe anotber line of video waveform, 1/0 ?' read (5,*)
ians if (ians.ne.0) goto 400 c 40     a define reference, transform, and
locate vertical sync edges roughly call sfdefl ( sf, nsf, nsfl,20.,230.)
call audef (am, nam, 1) call amtfm (rx vs, nrx vs, am, nam, rxp, nrxp) call
amtfm (sf, nsf, am, nam, sfp, msfp) call rxpuatchksfp (rxpm, nrxpm, rxp,
nrxp, sfp, nsfp) ixoff - 50 iyoff - 100 call initt (240) call vt plt absc
(rxpm,nrxpm,ixoff,iyoff) call scrn_thd (th, ixoff, iyoff) 



call thdabs (rxpm, nrxpm, th, lrxpm, nlrxpm) 50           call pause C 55
17    EP 0 441 778 Bi p 8ep -3 write (10,3) th, p sep 3    for at (/,'
threshold   ',gll.4e3,'  p.sep - ',15) c locate peaks in rz vs call peak
search (pk, nplc, psep, lrxpm,nlrxpm, rxpm,nrxpm, nufl) c search win of
least square fit in the vicinity of pk() nwinl - 10 nwin2 - 10 na_Is - npk
ldsuf  - 910 10          xmac nug - 4 call sfddefl (sfd, nsfd, nsfdl,
nssfd, 20., 230.) call PJCe 1e (ledledge, nafarx vsl,pk, npk,nvinl, mmin2)
c           jfmt sfaallas m2,1lfn  ldgenleqe, sf,nsf,nsfl) cal o
neug(taug, taug, mag, lege, fledge) < all gg (sXD fd2nsfU, asag,
taug,Dtaug, 15         a                sf, nsfd, nsfd, nsfd) c call lsf no
dc (als,nais, sf&,ldsf&,nsfmL,nsfm2, &                     sa:vm,nrz vl,
cond, error) write (6,4) ILzearch, error, coed write (10,4) nearch, error,
coed 4    format (/,' n search- 'i5,' error- ',gll.4e3, 20          &
cd' -,.e) write (6,5) (i,pk(Li),a,.. s(ii-l,npk) write (10,5) (i,pk(i),a s
i),i-l,npk) 5   format (  i - ',15,' pk            I)  , &           a
-  (',gll.4e3,' , 4,gU.4e3,')') c 25           do ipk - 1, npk pk tp(ipk)-
pk(ipk) sdo c do ipk - 1, npk pk tp(ipk) - pk tp(ipk) + 1 n search - n
search + 1 s0             cal) pk ledg  (ledgewnledge,nsfmIl,nrx vsl,pk
tp,npknwjn3l,nvin2) call sf mat (sfm,nsfml,nnfm2,glO, ledge,nledge,
sf,nsf,nsfl) call ledge taug (taug, ntaug, nssg, ledge, nledge) call
sggidef (sfm, nsfml, nsfm2, ldsfm, nssg, taug, ntaug, &              sfd,
nsfd, nsfdl, nssfd) call lsfno dc (a ls tp,na ls, sfm,910,nsfml,nsfm2, S6
&z v .             S  nrz vsl, condtp, error tp) write (6,4) n. sea, error
tp, cond tp write (10,4) n search, error tp, coni tp write (6,5) (i,pk
ti)asi,-l,npjc) write (10,5) (ipl'Rtp(i')-,a ls(i),i-lnpk) if (er
tp.al.error) then 500     call copyl (a ls tp, a ls, najls) 40
pk(ipk) - pklEp(Tpk) error - error tp cond - comd tp pktp(ipk) - pk tp(ipk)
+ 1 



n search- n search + I call pAlledge (ledge,nledge,nsfml,nrx vsl, &
pk tp,npk,nwinl,nwin2) 45               call sf mat (sfm,nsfgl,nsfm2,9l0,
ledge,nledge, sf,nsf,nsfl) call ledge taug (taug, ntaug, nsag, ledge,
nledge) call sggdef (sfm, nsfml, nsfm2, ldsfm, nssg, taug, ntaug, &
sfd, nsfd, nsfdl, nssfd) call 1sf_nodc (a ls tp,na ls, sfm,9l0,nsfml,nsfm2,
&                  rx_vs, nrx_vsl, conA_tp, errortp) 50
write (6,4) nsearch, error tp, cond tp write (10,4) nsearch, error_ tp,
cond-tp 55 18    EP 0 441 778 Bi write (6,5) (i,ph tp(i),aLls(i),A-,npk)
writ (10,5) (i,pkEtp(i),a Xs(i),i-l,1pk) if (error tp.a.error) goto 500 pk
tp(ipk) - pk(lpk) else P]Ltp(ipk) - P]Ltp(ipk) - 1 600     Pk..tpv(1k) - pk
tp(ipk) - 1 n aesar   - i earch + 1 ciii pI0ledg
(iedg.,n~adge,nsfml,nrx.vsl, C                    pkwtpnphawnlnwin2) 10
lCea, iT0ge, .fnsf,nofl) c~iL 1A2P  a~g(taug, tatug, nmqgt lodge, saledge
call Ugcdbf (sta, naifn, naft2, d!yi, U1Ug   =, Utaug. &               *Wd
nmid, nsfdl, D9sf0) all li.nfoa do (als tpn_..lA, Sgm,910,UsfIl,nufm2, &
rs 1W , narVul, coomdtp, arm= tp) Writ. (6,4) usaasc,4 ebor tp, @am..tp 15
wilt (,10,4) merht w     tp, (6,5) (i,    (L).      ii-lmp) write (10,5)
(iIhtpni),ala(),i-itmpk) if (eo;%rtp.1..rcr) then c31 Owl    p       Da)
pk(ipk) - uor- *rsor tp 20                  Cawi - Cltt if (error
tp.eq.error) goto C00 ptp(ipk) -   1k~ipk) mdo a search lb-to in taug() c
ts - 0.25 call ph 3*8g. (ledge,nmlege,nsfmi,urz sl,pk,npk,nwinl,nmin2)
call3 ge.L. taug (taug,ntaug,mwsg,ledgeulge) s0      0     do itaug - 1,
ntaug dtau - 0.25 call copyil  (taug, taug-tp, ntAwg) do idtau - 1, 4 c
search d&wn to J/6. of ta .dtau. - dtau./ 2. 35
taug...tp(LtAug) - taug(itaug) + dtau call. sggdef (sfi,nsftl,nsfm2,dAsfm,
nsug, taug tp,ntaug, a                   sfd,nsfd,n fdl,ufid) call lsfnpo
de (aJu9tp,na l1,sfm,91LO,nsfmIl,nsf2, &      se                vs. nrx
ysl, Cond.tp, errortp) n..seardh - I~ueorch + 1 writ. (6,4) msearch,
*rror.tp, cond tp 



40                write (lo,4) n_ earch, errortp, cotp write (6,21)
(itaug.1tpi),a 1u  tp~i)i-1ntaug) write (10,31) (itaugtp~ i),als
tp~i)i-1,ataug) 21       format ('  i - ',5,  taugi) - ',gil.4e, &        '
ajls~i) -  (',gll.4e3,' , ',gll.4e3,0') if (error tp.lt.error) then 45
taug (itaug) - taug-tp (itaug) error - error tp cond - condtp call copyl
(ajls._tp, a_ls, na_ls) else taug~tp(itaug) - tauge(itaug) - dtau so
call sggdef (sfm,nsfml,nsfm2,1dsfm, nsag, 65 19    EP 0 441 778 B1 a
taug tp,ntaug,sfd,nsfd,nsfdl,nossfd) all lsfpnodc (ajstp,na
ls,sfm,910,nsfml,nsfm2, &                      r=_ys, wr:$,vs1, condtp,
error tp) n search - n search + 1 5                   write (6,4) t saarch,
error=tp, cond tp write (10,4) n search, erroKrtp, cood tp trite (6,21)
(Itaug..tpMi),  ls.tp(i L-1,tltaug) wit. (10,21) (L,tautgtp(i),la_l_tp.1
),i-l,ntaug) C if (error tp.lt.error) then taug (itaug) - taug tp (itaug)
10                     e   - rrort conG - conqtp call copyl (aj.s tp, a_1s,
nals) endif endif eddo 15      0 call agg def (sfuusfIl,nsfW2,Astaf, nsa, &
tcatuntaug,sUmsfd,msfdl,ussfd) call dq lsf (4,  ~I,  sfa,910,naf.l,nsfW2, =
vs,   z 1vul) writ. (6,6) J-'               wmite (10, 6 20        6
format C/,' - &           *****   minu  lasquare-aec  result *d ***eO writ.
(6,4) a search, error, onG write (10,4) n sarch, error, cond write (6,22)
(I,pk(iL ,taugIi) ,a(i ,i-lnpk) write (10,22) (i,pk(l) ,tug~i),
lsal),pilmpkc 25       22   format (' 1 - 'Ii, 'pc) - ',1S,' taug(i)
-',gl1.4e3, 6        I a A(i) -  (%#gl.4e3,  , I g3.l.4e3, I)I) c calculate
filter parmters call taug. ahxy A (hzkxtkkshykyvxkytauga-lstpk) c 30
write (6,9) write (10,9) 9    format (//I'       the deghostiag processor -
') write (6,7) d write (10,7) d 7    format (' de offset          d -
',gll.4e3,' , ',gll.4e3,' )') write (6,9) hx(l) 35            write
(0,8)"bx(1) 8    forzat ('amp-ph ajust  hx(1) -     ',gll.4e3,  ,
',gll.4e3,' )') write (6,11) (i,ky(i),hy(i) ,i-,kky) 



write (10,11) (iky(i).by(i)i-1,kky) 11    format ('  i - ',i5,'  ky(i) -
'i5, c        ' hy(i) -  ( ',gIl.4e3,' , ',gll.4e3,' )') C deghosting ( 4
fields of video data) c no of overflow/underflow, real part only n onfl - 0
n udfl - 0 do iline - 1, 1050 if (mod(iline,10).eq.0) print *,'
processing line ',illne 46              do ipizel - 1,910 x -
cmplx(float(rxr(ipixel,iline)),float(rx i(ipixel,iline))) *        - d call
dfilter (x,y, hx,kx,kkx, hy,ky,kky, sb) rx=r dg (ipixel,iline) -
int(real(y)) rxci9dg (ipixel,iline) - int(aimag(y)) if
(rxZrdg(ipixel,iline).gt.255) then 50                   n ovfl - n-ovfl + 1
55 20    EP 0 441 778 B1 rx r dgqipixeliline) - 255 elwm f C       r.W
dgzlpel. Jine).lt.0) then n udfl -n  +t    I rx r dg(Lpleliline) - 0 5
endif enoo c c ouput result summary C write (6,12) n ovfl, n,_u 10
werite (10.12) Sn       1, nUUt# 12   foMat (/,' -   # of
ovirfl(255)/underflov(0) in zeal part-', &       /,' I  aovf - 's,18'  n f
- '18) 0  10) c Ex~t *,'- wrtin deghcted et-- 15           1
sritet (3 ,0. rx  d type- *Ochaw(7) edo o show uVefriIS of verticiAl
sIM(n3,vs) and active video (nl    selected 20    c   }1fowe and   r
,   store c     zism in file 11 13   famat V' ******    ta         c
*******   line ',iS,, a'   ipx      real       g   in           real
out-luag out') do i - 1,910 Wit. (11,14) i,   n('l vs),rxz (in2.s_"), 25
X    &  dg(..va w), _  i,rx j., 25   enddo             JLrx     (in3.
),xg(i,n3Lvs) 14  fOCgit (Iz,i5,5x,i8,3zi8,71,iS,3z,i8) write (11,15) 15
format (//,'**** active video *****   nlav -', &            LS,'npx av bg
-',I5./, A'   ipx       real Tnr---Luag in          real out-imag outt) 30
do-l1,910 ipx -1. + rpK.av..bg - 1 write (11,14) ipz, ;z;r(IpxnlIav)rzx
L(ipacnl-.av), &e       rdx   49(Lndgiip,sl_av),rx i dg(ipz,nl av close( l)
C 35          call initt (240) call waveform (rz r,rx i, nl vs, 1, 910, 50,
450, 150) 



call wavef orm (rx rdg,rsliZg, nl vs,l91O0, 50,100, 150) call pause C call
initt (240) 40          call waveform (rxr,rx3i, nslav, npMavb-g,910,
50,100,300) call pause call ioitt (240) call waveform (r.r.9dgrxld.4g,
Dl3av, upxaabg,910, 50,100,300) call pause C call dvfexit 45          stop
end C C C C 50       subroutine taugajkhxY-4 (2x,kJx, kk , hy, ky, kky,
taug, aj1s, ntaug) 55 21    EP 0 441 778 B1 C
***********************t************t***********t******************t C c
generate compensation filter coefficients and delay c from identified
channel characteristic 6 C c for 2 paths trial routine c c cf: lpd for
notation c    4 taps for relative delay which is not integer times  of c
sampling interval 10 o complex hz(l), hy(l), ajs(l) real taug(l) integer
kx(l), kIoc, ky~l), kky c C cople  b(4) t5       real et~ pd* dtau2 c
external rojflat a if (ntaug.gt.2) then 20            print *,'***** too
many paths for current implementation * 20         stop endif C kx(l) - 0
2s c    hz(l) - 1./a ls(l) ts - 0.25 kky - 0 if (ntaug.ge.2) then ky tp -
int( (taug(2)-taug(l)) /ts ) 30         dtau2 - taug(2) - taug(l) - ts *
kytp 30         if (dtau2.It.10.e-3) then c smallest step is 0.015625 ky(l)
-Iyt kF~l) kIs(<2) / a_1s(-1) kkky - 1 else 



35           dtau2 - dtau2 + ts call lpd (b,4,err lpd,dtau2,ts,roflat,1.15)
k(1) -ky tp - l Ihy() - a~ls(2) * b(I) / als(1) ky(2) - -y tp hy(2) - a
Is(2) * b(2) / ajls(l) ky(3) -k  tp + 1 hy(3) - a is(2) *:b(3) / al8s(l)
ky(4) - ky tp + 2 hy(4) - a s(2) * b(4) / a _l(1) Ikkr - 4 endif 45
endif c return end c 60 C 55 22    EP 0 441 778 B1 c M. for (filtezjsesign)
C c design dgosting filter c 5     o                     data definitions c
c 1. reference vector and its related data c c  sf (s referencs), nsf (n
sareference) c   sfp (s ref.prime), nsfp Tnzs ref-prime) 10     c  rsfp
(ros. r.f priJe) 10 c  Ccsfp (cwnar - _=f~p~s  n  fp  (q. covar Mref~pie) c
(colum   anning matrix) C c 2. transformation matrix c u (a-Pmatrx)V.  Win
(saPatrIX) C 3. Obseryation data c c  zz receivedjeator), an  (nj eo.eotor)
c   mmp (Creeotd_ w,.prirm),  arip 20     c 4. match   teg C c
to r       tce s d_ arip. (roevc       _maoprims.mthe)  nrzpm (n yea
yeaotrprimejmatched) c  thi (threshod 1) c dr&p- (detoct rec._.prim.
matched), c  udrip. (n                TMeoteoepr4me matched) 25     o  bkr
(blodk ange), nbkr (n 1bock rang.) a S. least square fit 1 c c  blal (b
Is1), Dblsl (n b Is 1) c thlsl (Uhreshl is 31), dAl (dastected A l) c  tpls
(tp 1, ntpls (n tp ls) so     c     (use     then generate new bkr from
thMesholding blal) c 6. least square fit 2 c bls2 (b ls 2), nbls2 (n b 1s
2) c  thls2 (threshol ls_1), 7dis27(detectedls 2) 35     c     (use bkr) 



c c subroutines c o
***************************fr******************************** C c 40
subroutine sfdef (sf, nsf, nsfl) c c
************************************************************ c c sfdef
(sjref_defined)s define reference vector c c sf - S reference vector 4
a c nsf - no. of "none zero* entries in sf c complex sf(l) integer nsf,
nsfl c c some intermidiate signal referred so     c (not yet implemented) C
nsf - 9 55 23    EP 0 441 778 Bi nsfl- 5 sf (1) -  plx( -1.8649S17,
-3.6012861) sf(2) - caplx( -1.2861736, -5.6591640) sf(3) - caplx(
-0.77170418, -11.897106) sf(4)   cmplx( -6.4951768, -20.482315) 5
sf(S) - cmplx( -19.099679, -25.241158) sf(6) - c1x( -32.411575, -20.739549)
sf(7) - cplx( -39.163987, -11.189711) sf(S) - cmplx( -39.742765,
-5.1125401) sf(9) - caplx( -38.906753, -3.0546624) C reurn 10
and C C c t****************************t****************s**************** C
c ************************t***t**********************t****t*t***** c c an
(fir) definition c a- (aq.atriz) - the 'none zero' part of a vector of
ajatrix 20       c t  (n  xapmtriz) - no. of 'none zerow a C ian
(-iCa:atrizX) - selection of different am C e  am(1) integer ,na  iam if
(ian.eq.l) then 25               amn(1) - -1. am(2) - 1. Dam - 2 dlseif
(iam.eq.2) then atl) - -0.5 am(2) - 1. 30X              an(3) - -0.5 nam -3



else print *,'enter nam ? read (5,*) nam print *,'enter am(nam) ?' read
(5,*)(ami), i-l,nan) 35             endif c return c c C 40       a
subroutine amtfm (x, nxi, an, nan, xp,, nxp) C 45       c antfh (a watrix
transform) to x, and generate xp c c x - input vector c nx - dimension of x
c am - amatrix vector c nam - n_a_matrix no. of none zero amatrix vector c
xp - xirime transformed x 50       c nxp - n_x_prime 55 24    EP 0 441 778
Bi C coqwlez x(1), amsl), xp(l) integer   , nun  nip 5            ti" _ UfS
- l m + 6d  i - 1, nip xpCL) - 0. do j - 1,nm MWl) - zp(i) + a(J)*X(i+j-1)
edo 10      a return a C C 15      a subrutine tltfot (x, c, tb, Ixs, nx) C
C ******************************************************************* C c
tin non of z, put detected locatio  In LS Ja if (z(L)*ccuijg(z()) > ta,
ii(k) - i 20       x S - lp*w eator o n - @iamstc  of x a th - tbresbold a
ls - detected x locations o nl. - no of loctions dstacted C 25
oa=s   (l) integer nz, lz(l), nix roel th nix - 0 do i- 1, nx If
(cabs(x(i)).gt.th) then 30                 lzs - nl    1 lx(niz) - I 



enaif return 35            end .c 2 c~~
***************************t********************************** subzroutine
bkrfd (bNcr, nbkr, Ix, nix, nsfp) 40      C o
*************************************************~************ C c bkrfd
(blck rangejife) o find blocks Irndetetdpsto a if lxei)-ix(j) < nsa,
verytbng in betwe  ix~i) and 11(1) o  bealog to the saue block 45C note: if
least-squrefit does not constide rips that not in 1;x o      it should use
rxps and lx, directly. *c a a bkr (block range) - integer array contains
block boundaries c                     ln two consecutive elements c nbkr
(n block range) - no. of blocks s c lx (location s) - detected locations c
nbl  (nblocationge) - no of locations detected 55 25    EP 0 441 778 B1 c
nsfp (n sref prime) - mini mm separation range to be isolated c integer
bkr(l), abkr, lx(l), nlx, nsfp c integer itp nbkr - 1 itp - lX(l) if
(n3.24.2) then do i - 2, nIz if ((lx(i)-itp).ge.nsfp) then bkr(nbkr*2-1) -
Itp 10                 bkr(nbkr*2)   lxtl-i) itp - lx(i) nbkr - bkr + 1
endif enddo endif c 16           bkr(nbkr*2-1) - itp bkr(ubkr*2) - ixax) C
ret= end 20 C c c
*************************************************************** c subroutin
qsfl(blsa bienble, rzp, bkrnbkr, rsfpnrsfp) a c
*************************************************************** 25     C
lsfl (l=eaesguare flt.1) c o bls (bieazst square) - calculated least squr
coefficients 



c ibis (looatbiob east squaze) C able (Q.b least squae)6 - dlmension of
caluculated coefficients J>         C rzpm (rec veotorjiuarineatched) 90 C
bikr (bloo jang) c nb~cr (n..blcak range) c refp (ros efprio)
autocorreltion function of sreference prime o Drsfp (n_ro u_ref..prime) c
complex bls(l), rxpm(l) 36           integer abls, IbMsi), bkr(i), nbkr
complex rsfp(l) .nteger nqrsfp c c covariance Uatrix storage -(ntes an
assembly language implementation c should use rsfp and sone emall temporary
storage) complex covtp(625) 40     c able - 0 do 1 - l,nbkr nbk - bkr(i*2)
- bkr(i*2-1) + 1 if (nbk.eq.l) then nbls - nbis + 1 5Ils(8nbes) -bkr(i*2)
bls(Obls) - rxpa(bkr(i*2))/rsfp(l) else do i1 - 1, nbk do j2 - l,nbk if
(iabs(ji-j2).ge.nsfp) then covtptjl+(j2-1)*nbk) - o. 50
elseif (jl.ge.j2) then 55 26    EP 0 441 778 B1 cOvtp(1l+(j12-)*nbk) -
rsfp( J1-j2+2) else ovtpdJl+(j12l)*nbk) - conjg(rsfp(j2-j3l+l)) ndf 5
enddo euddo c should be replaced by routines that use condition no.
criterion call uvi~ (covtp, nbk, cowtp, dtp) do Iil -  1,n bis    +l)   0.
lbls~nblsjl) - br(0*2-1) + J1 - 1 10                doA2 - l, b(i b
- bla(bls+jl) &           +      (ipl+(12-3l)*nbk)*rxra(bkr(i*2-1)+j2-1)
eaddo edo Ws - _bi + iC 15           endj c retuna end c subgoutin. |thhdI
(x, lx, nx, th, dlx, udix) 0 *
*******************************************************************t 25
cbresba dingZ, put detected location in Ix O if oog(X(i))*(x(l)) > th,
dlx~k) - 2x(i) 



c   -      Vput tor o ls (looation ) c Ix o Ux - iuaonof X, Ix a th -
thwashold 30    C dLx (detected location x) - detected X locations C nIx -
no of locations 3stected c complex 2(1) integer l(l), ax, dlx(l), ndlx real
th 35          ndx- 36 ~nal - do i - 1, nx if
(real(cowjg(x(i))*Z(i)).gt.th) then DdIX -ndlx + I:,,, dlx(ndlx) - lz(i)
endif 40          enddo C return end 45    a C c subroutine fchdef(fch,
ich) C c 50    c fchdef (freqchannel definition) c        (normalized
w.r.t. color subcarrier) C 55 27    EP 0 441 778 B1 c foh (freq.channel) c
loh ( cbdanuel) - channel no c real foh 5             integer ich c if
(ioh.eq.l) then foh - 0. else foh - (43.25 + l*6)/3.579545 10
eif return end C C a o5
******s***********e************************************ C wibroutine
rzp_patch_sfp (rip., lnzim, rxp, nrip, sfp, nsfp) c . .C
******************************************e************************ c a
zp_JsatCh~fp to generate g rip  (reoed_ d        lt) 20  c
_PrIMd:spo~tdA) c  ip. (receivedk v iEh) c nrxp (nxeceiwedA zprium) 



25      C c ufp (n ref-prims) C Daft (n sefsp  m cc#EX POM~, rsp(l), sfp(l)
integer nzzp., nrxp, nsfp c 30            nrm _ ap- nsfp + 1 C do  - 1,n
rIp(i) - O. do j - 1, nsfp rxPm(i) -  Ip(i) + rxp(i+j-l)*conjg(sfp(t)) 35
~~~eziddo enddo return end c 40      c c
********************************************************.******** C c
subroutine rsdef (rz, nrx, fn) c c
****~************************************************************ 45      C
rxdef (received vector definition) c read in rx from-file fn c file format
of rxdef.dat c c file name c nrx 50      c 1st data c 2nd data C. 55 28
EP 0 441 778 B1 a ;rx-th data C c rx (rnieved vector) o nrz
oknyeciewkvedcior) ahrce*0f co ape rx(1) open (4,file-ftstatus-'old') c 10
read (4,*) red (4,'*) nr C do 1 - 1, n read (4,*) z, zi rxii) -
@upIz(zradi) eudo 15        C alOe(4) return end c 20         C c 26 ~a r
plotveotor palr p 



a 25         a a plot (pz, py) integer number pairs c pz (p4otX) array a py
(plotJ) array a Up (-plot) 30         c integer p(l), py(l) integer up a
haal ulovabs(pX(l),pY(l)) do i - 2, up 36              enddo return c 40 c
c subroutine vt plt_abs c (vt, nvt, ixoff, iyoff) c c
********************************************************* c 45         c
plot abs value of complex vector vt with (ixoff,iyoff) offset c by using
plotlO routines c c vt - vector c nvt - dimension of vector to be plotted c
ixoff - ix off set 50         c iyoff - iy~off set C 55 29    EP 0 441 778
B1 complex Vt(1) Integer nt, imoff, jyoff 5        ~~c iterix, Ly iN -
imoff + 1 1y - iyoff + nt(cab MMt~l)) call mowabs ix, ly) cell pntabs
(ix,iy) c if (nvt.g.2) then 10                    do i - 2, n'tr Lx - ioff
+ I Ly - lyoff + int(cabo(vt(i))) call dxvnbe (Ix, Ly) C 15
~~~retjrn and C c 25        ~~c ;          C~~~
**********************************S********************1* 20  0t  ummin. of
pltv   ('t,    , ltoff, loff) C a
******************************************************** c citex veto v it
(ff,ff offset 25            c 



o nuSt - dm       of wuotw to be plotted o iheoff - isoff set c   iyoff -
iyoff set c caple  vt(l) 5                    rinteger ovt, 4ixf, iyoff
integer xs, iy c ix - ioff + 1 40                Ly ~~~- hYoff + int~re
l(vt(:l))) 35                  print *tY,.fl',, itye^l call  dvabe (Ix,iy)
call pna~bu (ix,i) if ct do i - 2, 7~Vt~ ix - lsoff + 1 40
iY   - iyoff + int(real(vt(i))) call ptabu (ix, Ly) euddo aidif c ix -
ixoff + 1 45                   iy- iyoff + int(aimag(vt(1))) call movaba(
ixc,iy) call p dtabs (ix,iy) c if (nvt.ge.2) te do i - 2, nvt ix - lxoff +
i 50                     iy - lyoff + inteaimagsvt(i)>) call drwabs (ix,
iy) 55 30    EP 0 441 778 Bi enddo endif return 5        e~~nd c C c C
********************************************************* C subroutine
crnxed (ix, ly, izoff, lyoff) 10     C C
*********************************O************************ C orascre
oordnata frm plot othesenby using plotlO routines c hr (ixoff~ijof) is
sc~reen plot offset a Ix, Iy - coacdimat. retuznd a icoff - js ff set C
Lyoff-    of c Integer ix, ly integer Izoff, 170ff 20      200 call
ix, ly) can  O4ff,700) cal i - ix - ixoff LY - Iy - l7off 



wite (6,*) is, ly print *, 'read another coordinate, 1/0?' 25       ~~read
(5,*) ians if (Lans.ne.o) goto 200 c return end J ~~c 30     C C C
subroutine scrnathd (th, iaaoff, iyoff) c C C 35 c c find threshold frau
plot on the screen by using plotlO routines C where (ixofflyroff) is scren
plot offset C c th - threshold c izoff - ix off set 40     a Lyoff -
iy:offset c,. real th integer ixoff, iyoff c integer ix, ly C 46      200
call scursr (ichar, ix, iy) call fovabs(imoff,700) call anmode write (6,*)
ix-ixoff, iy-iyoff print *,'change threshold, 1/0 o' read (5,*) Lans 50
if (ians.ne.0) goto 200 th - float(iy-iyoff) c 55 31    EP 0 441 778 B1
return end . C c c 5       C ******************** C subrcutlne of atl
(afm,nsf.l,nsfu2,ledge,nledge,sf,nsf,nsf1) c c
*********************************************************** c generate
sfKmatrix from sf and edge locations c 10      C Sf3 (s ref mat) c naful,
nsfZ2 (dimensimo of sfa) c    naful - 1st dimension of sfa, length of each
edge info o    nsfo2 - 2nd dimension of sfn, no. of edges c ledeO() (edge
locations c niedge (uD.dge) 15      a a( 5   C  sf - n sref c nsfl - nsrf
(edge location In sf) 



c complex uf1st), sf(l) integer asftl, nsfo2, ledge(l), nledge, nsf a 20
nsfW2 - aledge do i - l,nledge ntau - ledge(i) if
((ntau.le.nsfl).and.(nsful.le.(nsf-nsfl+ntau))) then do i - 1, nsfmll
sdI(j+(i-1)*nsfmI) - sf(j+nsfl-ntau) enddo 25               elseif
((ntau.le.nsfl).and.(nsl.gt.(nsf-nsfl+ntau))) then do j - 1,
(nsf-nsfl+ntau) 8fu j+(i-1)'nsinl) - sf( j+nsfl-ntau) enddo do j -
(nsf-nsfl+ntau+1), nafml sbnd+(i-l)*nsfal) - sf(nsf) 30
enddo elseif ((ntau.gt.nsfl).and.(nsfml.le.(nsf-nsfl+ntau))) then do j - 1,
(ntau-nsfl) sfo(j+(i-l)*nsfml) - sf(1) enddo do j - (ntau-nsfl+1), nsftd
sfm(j+(i-I)*nsful) - sf(j-ntau+nsfl) 35                 enddo elsdif
((ntau.gt.nsfl).and.(nsful.gt.(nsf-nsfl+ntau))) then do j - 1, (ntau-nsfl)
sfm(j+(i-1)*nSail) - sf(l) enddo do j - (ntau-nsfl+1), (nsf+ntau-nsf`1) 40
sfm(j+(i-l)*nsful) - sf(j-ntau+nsfl) enddo do j - (nsf+ntau-nsfl+1), nsfml
sfm(j+(i-l)*nsfml) - sf(nsf) enddo endif enddo 45       c return end c c C
50        c 55 32    EP 0 441 778 B1 subroutine sfmat
(ufunsfulsnxsf2,ldxfaledge, niedge, sf,nsf,nsfl) C c generate sfl matrix
fron of and edge locationw 5    c c saf (a ref at) c pusfl, n*9R2
(dimension of ofa) c    nsfal - 1st dimension of aft, length of eh edge
info c    nfo    - 2nd dimension of afa, no. of edges o idufa - leading
dlsion of sfi  matrix storage 10    c olede  (ta aio) - sf ref c nsf -
nsref c nsfl -         (uref edge locatLon in 9f) 



c co~.ex ufm(lRsfm,1), xfil) 15         tU       nab, nDw, ledge(I) sledge,
nsf C asfW2 - sledge do 1 - 1,fledO tanu Z- 1Age) 1 ((atauj.l  sfl).aud.
nsfd .le. (usf-nfl~tau))) then do0m us- 1, 20                 b(ji) m
af(1Jafl-ntau) eaddo elseif ((ntau.le.nfl).and.(usfml.gt.(usf-nsfl+ntau)))
then do j - 1, (nsf-nsflea 1pu) sfa(,L) - af(j+ssfl-ntau) enddo 25
do j - (nsf-nsflI+ntau+l), nDfdl sf(ji) - af(nf enddo elsoif
(4ntau.gt.nsfl).and.(nsf l.le.(nsf-nafl+ntau))) then do j - 1, (ntaun-fl)
sfudji) - sf(l) enddo 30              do j - (ntau-nafl+1), usI faMji) -
sf(j-ntau4nsfl) enddo elseif
((ntau.gt.nsfl).and.(nsfml.gt.(nsf-nsfl+ntau))) then do j - 1, (ntau-nsfl)
sfi(j,i) - sf(l) 35              enddo do j - (ntau-nsflll),
(nsffntau-nsf1) sf(J,i) -.zf (j-ntau+nsfl) enddo do I - (nsf+ntau-nasfl+l),
nsfml sfu(j,i) - sf~nsf.) .,, enddo 40            endif enddo C return end
c 45    c c 48 C c
***************************t******************************* subroutine no d
(x, ldxnxlnx2) C c
*******************************************************t*** 50    c c
eliminate dc offset in each column of x c 58 33    EP 0 441 778 B1 c x() -
input (fxl,D2) matrix vith leading storage dimension ldx c l  - leadng
storage dimension of x c n,  n         dimension of data in x c 5   I
C<lomplex x(ldx,l) integer nzl, nX2 



c camplex doctp c do i - 1, nx2 d0dc tp - 0. do j - 1,zl datP - doctp +
xs(,i) endo det.tp - d tP/float(nzl) do~ j - 1, Edl (1,1) -z(j,) - dctp 15
~~eaddo eaddo c retern end C J        c 20   c C
********************************************************* c subroutine
VtP:'ltabsq.cl (vt, uvt, lvt, ioff, 17off). c
********************************************************* 25 e o plot abs
valu of complex vector vt: ith (ihoff,17yoff) offset c by using plotlO
routines a c Vto -vector c nvt - dimension of vectior to be plotted a lt()
- location of vt() component 30   c ixoff - ix off set c iyoff - iyoff set
complex vt(l) integer nvt, ixoff, iyoff, lvt(l) c 35         integer ix, iy
c do i - 1, nvt ix - lvt(i) + ixoff Ly - Lyoff call movabs (ix,iy). call
pntabs (ixiy) 40           ix - lvt(i) + ixoff ly - ioff +
int(wt(i.)*omjg(vt(i))) call drwabs (ix, iy) enddo c return 45         end
c c C C C. C
**********************************************************************
subroutine peak_search (pk,npk,p_sep, lrxpm,nlrxpm,rxpm,nrxpm,nsf1) 60    c
c *********************************************************************** C
65 34   



EP 0 441 778 Bi C searxh peak in abs(rxpmo) for locations located by lrxpm(
c when separation (lrxpm(i)-lrxpm(i-1) >- (psep), c       separate peak
should be considered c 5       C pk() - peak location located c npk -
number of peaks c psep - mb. sejaration between skirts of peak
consideration c lrspm0() - loaton rxpbrie matched where abs(rxpm() >
threshold C nlr-pm - number of locations in lrxpm() c rxpm() - r
yaector~prim. matched c nrzpi - data dimension of rxpm 10       c inte*er
pk(l), npk, p sep, lrxpm(l), nlnrp., nrxpa c integer pk tp c npk - o L*- P
7 2,   MI If ((1rxztl)-                       then npk - npk + I pk(mpk) -
pl t pk tp - lrZp ) 20               edeif
(ab(p(lzp(i))).gt.cabs(rxpm(pktp))) then pk Ltp - rxMMi) endif enddo npk -
npk + 1 pkc(npk) - pkl tp c 25 c translate peak locations to the locations
in rx( do i - 1, npk pk~i) - pkti) + nsfl- 1 eddo c return 30       c
end c c subroutine 1sf no dc (al18, na~ls, sfmi, ldsfm, nsfml, nsfm2, o
find least square solution a_is of rx - sfm * a c o alst) - least square
solution 40    oc nals - diesion of solution in as1 vector c sfm() -
reference signal matrix c idafi - leading dimesion of sfmn storage c n~sfm,
nsfm2 - 1st and 2nd dimension of data in sfm c rx() - obsenred data c orl -
starting position of data in rx for the least square fit 46 co cond -
condition number from csvdc routine, c         if cond - 0,t info -/ 0 ),
ill conditioned. c error - norm sqxuare of the error vector of least square
fit c 1: eliminate dc in sfm and rx c 2: sfm - u * sv * v c 3: a_ls - v *
sv(-l) * u' * rx tp 50 c 4: error - norm( (I - U1*U1') * rx tp) complex a
15(1), sfm~ldsfm,1), rx(l) 55 35    



EP 0 441 778 B1 integer na-ls, ldsfm, nsfinl, nsfm2, nrxl real cond, error
c c note: nsfm2 < 50, ns 1l< 100 5             cooplex v tp(SO,50),
work(910), sr(100), e(100), rx tp(100,1) integer iCIvtp, job, info polex
ctp c ldv tp - 50 jc6b- 22 10             a call no de (sf3, ldsfa, naful,
nsfi2) do i - i, nsfol rw tp+(,l) - zx(i+nrxl-l) edo call no de
(rxztp,0OO,nsfml,l) o 15             call covdo (sfwxldsfwn4sful,msfu2, m,
e, sfa,ldsfm, &           v tp, ldrvtp, work, job, info) if (info.n..0)
then print *,'ill conditioned sfu. cond-O. 20               cond -
cabs(sv(3))/cabs(sv(nsfm2)) endjf c notes when info.ne.0, the min progrm
should be informed. c do J - lnsf2 work(j) - 0. 25               do k - 1,
nsful vork(j) - vork(j) + coojg~sfm(k,j))*rx tp(k,l) enddo o na Is - nsfm2
do i - 1, na ls 30               a .ls(i) - 0. do j - 1, nsfm2 aels(i) -
aluB(i) + v tp(ij) * vork(j) / sv(j) enddo enddo c 36       c calculate
norm square of error do i - 1, nsfm2 work(i) - 0. do j - 1, nsfml orkz(i) -
vork(i) + conjg(sfm(ji))*rxctp(jl) enddo enddo 40       c error - 0. do i -
1, nsfml ctp - 0. do j - 1, nsfm2 ctp - ctp + sfm(i,1)*work(j) 45
~~~enddo 45               ctp - rz.tp(i,l) - ctp error - error +
cabs(ctp*conjg(ctp)) enddo c return end 50       c c C 



55 36    EP 0 441 778 Bl C
******************************************************** C subroutine vt
plt_2 (vI, v2, nv, Lx3, 4yl, iy2, idy) C c c plot 2 vectors using plotlO
routines c c vl() - real vetor 1 c v2() - real vector 2 o nv - number of
elements to be plotted in each vector to            c lxl - s-axis origin
c0   iyl - y-axis origin for vector Vd() c ly2 - y-axis origin for vector
v2() c idy - max a   mapping on y axis from either vector C c real vl(l),
v2(l) 15                   intqger nr, ixi, lyl, iy2, Idy a ^_r - vl(l)
ainnr -v3LIc) askxL - v2(L) ai-v2W(l) do I - 2, 910 20
if (vl(i).gt.   r)  then -n r - 'i1(i) endlf- a if (v2(a).gt.ai) then 25
aU i -V2(i) elseifj(2(i).lt.amniJ) then min-ILv2(i) enddo adif r -
auxcr-amn r adif i - anx iJ-amn i 30                   adi -
adaxr(adif.r,adlfi) ix - ixi iy - iyl + int(idy*(vl31)-amn r)/adif) call
movabs(zix,ly) do i - 2, 910 ix - i - 1 + ixl 35                     iy -
lyl + int(idy*(vl(i)-amnr)/adJf) call drwabs(ixiy) enddo ix - 10 iy - iy2 +
int(idy*(v2(L)-amni)/adif) call movabs(ix,iy) 40                   do i -
2, 910 ix - i - 1 + ixl iy - iy2 + int(idy*(v2(i)-amzl)/adif) call drwabs
(iz,iy) enddo c 45                   return end c C c
********************************************************* 



C c subroutine vtplt cabs (vl, nv, ixi, iyl, idy) 50             C C
******************************************************** C 55 37    EP 0
441 778 Bl C c VI() - complex vector 1 c nv - number of elements to be
plotted in each vector c Lzi - x-axis origin c Lyl - y-axis origin for
vector vi() 5           c idy - max amp mapping on y axis c c complex vl(l)
integer nv, lxi, lyl, idy c 10           azz,_r.- cabs(v~ll)) tOn r -
cabs(vl(l)) do I - 2, 910 if (cab(vl(i) ).gt.awn;r) then em r -       Iabe
Ml<i)) elseif ( b(Y)).lt.=n_r) then am r -         Mabs~n(i)) 1s
endif- adif - ar-amnr c ix - 4xI dl                Ly - lyl +
lnt(idy*(abs(vl(l))-an_r)/adif) call movabz(Ix,Iy) 20                do i -
22 9391 ix - i + li -1 L - lyl + Lut(idy*(cabs(vl(i))-ann r)/adif) call
drwabs(ix,Ly) enddo 25                return end a c c c J          ~~~c 30
suruicvt plt cabsl (rl, nv, ix3L, LdlC, Liy, idy) C c plot magnagtude of a
caqplea vector uwlng plotlO0 routines c cVI             ve(1-ctorl 1 S6
~~C n nuV   e    elements to be plottedR in each veotor ,_/ ~~cif-
step.oXalxis6 c iX  r- axis arigin for vector vl() c ly - max amp mapplng
onl y..axsi C 40          C aaee  v, LxI, iyl, idy c axK r - cabs~vl(l))
amn r - cabs~vl~l)) 



45           ~~~do I - 2, 910 45              l~~~~f (cabs~vl(L)).gt..amx
r) then -           ~~~amx r - cabs(VlIM) - elseif (cabs~vl~i)).lt,.amn r)
then amn r - cabs(vi~i)) endif enddo 60                adif - amx_r-amnk_r
c 55 38    EPO441  778B1 ix - ixl iy - iyl +
int(idy*(cabs(vl(l))-amnkr)/adif) all .ovabs(ix, iy) 5        do i - 2, 910
ix - lxi + (i-l)*idx iy - lyl + int(idy*(cabs(vl(i))-aanr)/adif) call
drvabs(ix,iy) enddo c 10         urn ead C C C C
****************************************************************** 15  C
aubiioutlDrzpjorl.wfp (zaps, nrzpm, rip, wrxp, sfp, nsfp) 0 .\ . c
**~***********************************e**********o*********.******.* C c G
zxoorjfp to generate rzps (receivedz prime 20 c 2    GzpM (ZOeivG dprltlu c
sfp ( ref~prIae) (to be oonj~agated when correltitng) c Dsfp (nref prls) c
OclmpiSZ rxpssl), rxp(l), sfp(l) -   30  C   integer nrxpm, Drzp, nsfp ips
- rp -    fp + 1 c C oin- 1,nrxp       p nipa~i) - rxpm(i) + r
p(i+j-l)'oonjg~uip(j)) enddo <         ~~~enddo c return c 48 50 88 39
EP 0 441 778 B1 c sbSO.for                       4-28-86 



c 5                 subroutine updbf( x, sb, kmux) c C c
********************************************************** C c update
buffer c e     z- input 70          e  sb(l) - buffer e   laux - buffer
size c complex z, sb(l) integer knac c 15                if (k.eq.2) then
5b2) - sb(l) elseif (k.gt.2) then do 1 - ka, 2, -1 endif 20
sb(1) -z C retr end c c 25           C C
********************************************************* C subrourtine
d-filter (zY, hxfkx,kkz, by,kyekky, sb) c j ~~~c
*************************************~******************** 30e a digital
filter  (causal---in (kx(i) >- 0) c                           :in (Iky(i)
>- 1) c e       x - input c       y - output e   bx(l) - numerator
multiplication coefficient 35           C   kx(l) - numerator corresponding
delay c     kIk - no of non-zero numeratocoefficient e   hy(l) -
denomenator multiplication coefficient c   ky(l) - denomnator crespo g deay
a     kky -. no of non-zero denomenator coefficient c   sb(l) - state
buffer 40           C                           ,,. C c        kkx
kky c  y[n] - S hx(i)*xzn-kx(i)J - 8 hy(j)*y[n-ky(j)] c
J-1 complex x, y 45                 complex sb(l) complex bx(l), hyil)
integer kx(l), klcx, ky(l), kky C complex tp c 50                 tp - x if
(kky.ge.1) then do j - 1, kcky 55 40  



EP 0 441 778 81 tp - tP - hy(j)*sb(kyCj)) eaddo endif C 5              if
(kz(l).eq.0) then y - bx(l) * tp y7- hc(l) * sb(kx(l)) endif a if
(kkx.gt.1) then 10                do i- 2, kkz 7 - y y  h+(il)*sb(ko(l))
enddf c     I call updbf(tp, sb, :x(1(k)z), ky(kky))) 15        c reburn
and a C ~~~C J        ' C~* ****************************************** 20
c subroutineq, p1paay (Rzkz1,ld, Ib,ky,kky, pk, als,apk) c a calculate
direot inverse digital filter hz(), byO) c frcm pk() and a.ls() directly 25
a - an input- c pkcO) - peak locations in terms of positons in rznvs() c
(trafrmed fro  abs(U(zZI)) peak back to rt vsC)) a als() - least-square-fit
soautians uwing vindowed rzvs() c          and asming dge locations pk() 30
c npk - no. of pk( a c -  an return c bI() - numerators coefficients c bt()
- delay of bz() c kkx - no. of coefficients in hx() c hyO) - denator
coefficients 35        c kyo - dlay  of hy) a Iky - no. of coefficients in
hy() c camplezbz(1), hy~l), a ls(l) integer kx(l), kckx, Iyci), lky, pk(l),
npk c 40              MMk  - 1 kx(l) - O hx(l) - 1./a isLI) cky - 0 if
(npk.gt.l) then *cky - npk - 1 do i - 2, npk 46                  ky(i-l) -
pk(i) - pk(l) hy(i-1) - a.ls(i)/ajls(l) enddo endif c return 50
end 



C C 58 41    A                                   EP 0 441 778 BI . C C
********************************************************* C subroutine
wavefrm (jvt r,jvti, nlvt,npx vtbg,npocxlt, s            &
ixoZf, iyoff, iysep) c c
********************************************************* a c plot vdeo
wvefo  of ie nolv t of vt() started from npXVyt bg C   offst  Dpz ab l aogn
screen with (izoffsiyoff) offset for c a      r(), (ixoflyoffxiysep) offset
for jvtl() c tuwsing plotlO routine 10    c atr() -  al part of  eo data c
tai()-ig part of  eo dta C n3~vt - line to be plotted a mp  t:bg - begtn of
piel in lin   l vt to be plotted 5    a alt - no. of pl to be p a iuff -
ixoff st; a iroff - i -offMt a  yep - searatin between t  plots ijteger*2
3vt (r910,l),- jv.t (910,L) 20             integer 4yt, npyt bg, mpzplt
integer hoff, iy~af, iysep c integer ix, ly i m- izoff + 1 25
iy - iyoff + iysep + jvt_rnpx vtbg,nlyvt) call novabe (ix,Ly) call putabs
(ix,Ly) if snpo.Plt.ge.2) then do s - 2, np3plt lx - ixoff + i 30
iy - iyoff + iysep + jvt.r(npxzvt bgfi-l,nl vt) call drvabs (ix, iy) eaddo
endif ix - ixoff + 1 iy - iyoff + jvt i(npz vt bg,nl vt) 3S
call movabs (iXIy)  -          - call pntabs (ixiy) if (npxp lt.ge.2) then
do i - 2, npz lt iz - izoff+i       - 40                 iy - iyoff + jvt
i(npx vt g+-1,nl vt) call drvabs (ix, iy) enddo endif c return end 45
C ************************************* C subroutine pkjledge (ledge,
nledge, nsfml, nrx vsl, &                      pk, npk, nwinl, nwin2) 



c C 50       C c calculate edge locations and related parameters from paek
info. c 55 42    EP 0 441 778 B1 c --  on entry a pkt) - peak locations in
rx vx) c npk - no. of peaks c uwinl - no. of pizas to the left of first
peak (included) 6    C nvin2 - no. of pi1.l. to the right of last peak
(included) C c - aon return-  1edge() - location of edges in observation
vector (rx..vs_. bO) c niedge - no. of edges c nsful - no. of pize1 in the
observation window 1 nrC Val - the first pizel location of the observation
window in rx: vs() 10    0 integer ledgs(1), g     nsfml, nra:vs:L ilteger
pkl)~l, mph n,     dn2 c alede - mpk do      , ledge t5            egi) -
uii + pk(i) -  k(l) n= Val - pWIl) - uwinl* 1 Deal - ini + pk(%pk) - pk(l)
+ nvin2 - 1 20    C C C
******************************.********e****************************** C
suroutin  t14.a  (x, Dx, th, ls, nix) C a >hreshlding the abs of xO, put
detected location in ls o if abs(z(i)) > th, 1z(k) - I c z - input vector c
ns - dimension of z 30    c th - threshold a ls - detected z locations c
nls - no of locations detected c complexc s(l) integer ns, ls(l), nis real
th 35    c n~ - 0 do i - 1, ax if (cabs(z(i)).gt.th) then nlx - nls + 1
lX(nix) - i 40           endif enddo c return end c c 46    c c 



subroutine pause c C c ************************************************ 50
c use plotlO cursor quiry routine to hold the execution of program c screen
display 55 43    EP 0 441 778 Bi c integer ix, iy integer ichar c 5
call scursr(ichar,ixiy) c return end c c c 10    ~C 70
C**************************************************** c~~S  oa  A   daA
st1s&nh~swz~ri C C
*:************************************************************** c c fLUd
do offset 15        C c do( - zzl - aft * ajs()        cia ER  note 0 page
68-75 C       T a 4 -1(3 * d(o / nsfu] a C aA(3  2last squre solution a~p -
-nulnof scavni als vetor 20        a  J(I _  eerne sigmaO Mtz a dSa -
leading dlSuMs   of aft storae a nuftas   - 1st and 2.4 dmesion, olf data
in faf o rx() -cbserved data a mxid - starting position of data In =x for
the least square fit c 25              asld 5  ccptex asA(l), *ft(ldsft,l),
rX(l) integer nals, ldaft, nufti, nsft2, nrxl c d - 0. do j - 1nDf1 d - d +
=x(j+nxl-Jl) 90                do k - l, nsfo2 d - d - sft(j,k) * ajsak)
enddo enddo c 4 - d/ nail 95              return end c c C 



a ************************t*uip******************************** 40        C
subroutine sfdefi (of, nsf, nafl, 42,d3) c c
************************************************************ c c mfdef
(qref Gdeftned): define reference vector 45        c af - s reference
vector c Dsf - no. of "none zero' entries in af c nsf - center of edge in
sif) c c d2, d3 - range of composite video to be mapped onto c
refer to note 0 page 68-75 for notation and derivation 50 complex sf(l) 55
44    EP 0 441 778 Bi integer nsf, nsfl C real d2, d3 C 5            real
d6, 47, d8, d9, g C c some intsiidiate signal referred o (not yet
implemented) C nsf - 9 sf(l) - cplz( -1.8649517, -3.6012861) sf(2) - ciplx(
-1.2861736, -5.6591640) sf(3) - caplx( -0.77170418, -11.897106) sf(4) -
eplx( -6.4951768, -20.482315) sM(M) - elx( -19.099679, -25.241158) Sf(6) -
c1x( -32.411575, -20.739549) 16            si(7) -  1X( -39.163987,
-11.189711) sf(e) - c1x( -39.742765, -5.1125401) sf(9) - cIx( -36.906753,
-3.0546624) c 46- (40.*d3+100.*d2)/140. J4 - eda(si(1)) <9
~~~48-47 20      c do  - 2, nsf if (real(sf(i)).gt.d7) 47 - real(sf(i)) if
(real(sf(i)). t.d8) d8 - realCsf(i)) C 26             d9 - (42*47 -
46*48)/(47-48) g - 1. if (47.ne.0.) then g - (46-49)/47 elseif (48.ne.O.)
then g - (42-O9)/48 endif 30       C do 1 - 1, nsf sf(i) - g*sf(i) +
d9*capqh(1.,1.) c return end 35       c 



C C C subroutiZne sg def (sg,;pg, taug, nssg, sf4, nsfd, nsfdl, nusid) 40
Co *****************************************t************************* a
generate a ghosting veticail sync refereonce from sf80) c  with edge
located at taug c o sg() - ghost vector 46       c nag - n sg o taug - edge
location of sgo in unit of l/fc o nasg -sampling rate in unit of fo o sf0d(
- sf detail() c nsfd -n sfd o nsfdl - edge location in sfd in unit of
sample 6  nssfd - n6samplesfd in unit of fc 60 complex sg(l), sfd(l) 55 45
*                                   EP 0 441 778 BI real taug integer nag,
nsag, nsfd, nsfdl, nssfd c n st - nsfdl - nint (taug*float(nssfd)) 5
c do i - 1, nag -n at + (i-l) * nssfd / nsag 4f (j.1t.1) then i)-  fd~l) f
(j.gt.ns) then ag(I) - sf4 (nfOd 10 - sfd(j) -^f c IC a ~~~c v
*~~~~adimoutinesfddekf .(sfd* nsfd, wf Ml, rfD)s 20 a c subroutin sfd f
(sf4, nafd     a o ngfdn - a   144    e  iect    of nsusff   - njf c a
s(f 64 sa -ln  rate in unit91 of fa3 ple 5af547d6l) integser nafd, nafdl,
nssfd c 30  C7c     mple p v10256) nsfd - 144 nssfd - 64 c va( 64) - cap3l
(  -1.4791,   -3.1833 va( 65) - cmpiz (  -1.5434,    -3.2476 95
vs( 66) - cnpix (  -1.6720,   -3.2797 va( 67) - anpix (  -1.6720,   -3.3762
vs( 68) - apli C  -1.7363,    -3.4084 



va( 69) - ampix (  -1.7363,    -3.4405 va( 70) - cmplz C  -1.8006,
-3.5048 vs( 71) - c.50 (  -46006,    -3.5370 Va( 72) - cplx    -1.8650,
-3.60132 ) 40                 Va( 73) - camplx (  -1.8650,    -3.6334 va(
74) - cmplx (  -1.8650,    -3.6977 V( 75) - cmpL  (  -1.8650,    -3.7299 v(
76) - campix (  -1.8650,    -3.8264 ) va( 77) - cmplx (  -1.8650,
-4.0193 ) c      af(1) - anplx( -1.8649517, -3.6012861) 45           ~~~VaC
78) - anpix C  -1.8650,    -4.1479) Va( 79) - aupix C  -1.8006,    -4.2122)
va( 80) - cmuplx (  -1.8006,    -4.3087) Va( 81) - cmuplx (  -1.8006,
-4.3730) vs( 82) - ciupix C  -1.8006,    -4.5016) vS( 83) - omplx (
-1.7363,    -4.5981 ) vs( 84) - cmplx (  -1.6077,    -4.8232 ) 50
vs( 85) - cmplx (  -1.4791,    -4.9518 ) vs( 86) - cmplx (  -1.4148,
-5.1447 ) 55 46    EP 0 441 778 Bi vs( 87) - cmplx (  -1.4148,   -5.4341 )
vs( 88) - capix (  -1.2862,   -5.6592 ) v8( 89) - cmpix (  -1.2862,
-5.9486 ) Vs( 90) - cmpix t  -1.1576,   -6.1415 ) vs( 91) - cmpLx (
-1.0289,   -6.5273 ) vs( 92) - cmpix (  -0.9003,   -6.7524 ) Vs( 93) -
capiX t  -0.8360,   -6.9775 ) V7( 94) - Cplx (  -0.6431,   -7.3312 ) V8(
95) - Capix (  -0.6431,   -7.6527 ) V8( 96) - aipix (  -0.5788,   -8.0386 )
V8( 97) - caplz (  -0.4502,   -8.5531 ) 70                       Vs( 98) -
cPJx (  -0.4502,   -8.9711 ) vs( 99) - clpiZ (  -0.4502,   -9.3891 )
vs(100) - Ompix (  -0.4502,   -9.9035 ) vs(101) - capix (  -0.5145,
-10.2251 ) V3(102) - c pix (  -0.5788,  -10.6431 ) V(103) - apix (
-0.6431,  -11.3826 ) vs(104) - c1x (  -0.7717,  -11.6971 ) t6
78(105) - c1x (  -0.9003,  -12.3794 ) Vs(106) - CMr3- (  -1.0269,  -12.7974
) s7(107) - cplz (  -1.0932,  -13.2154 ) voClOg) - cplz (  -1.2219,
-13.7299 ) Vsu109) - aax (  -1.3505,  -14.5016 ) Vs(110) - CqZ (  -1.4791,
-15.0482 ) 23(131) - MPJL (  -1.6650,  -15.7878 ) 20
(s(112) -  wpl (  -2.1865,  -16.1736 ) s(113) - cpix (  -2.6367,  -16.6236
) Vs(114) - Cmpix (  -3.0868,  -17.2990 ) v8(115) - cmpix (  -3.6013,
-17.6527 ) 73(116) - cmplx C  -3.9871,  -18.2315 ) vs(117) - cM1   (
-4.6945,  -19.0997 ) 25                       VS(218) - q plx (  -5.0804,
-19.5177 ) vs(l19) - c plx (  -5.8521,  -20.0000 ) vs(120) - c plx (
-6.4952,  -20.4823 ) 7S(121) - cpl  (  -6.9453,  -20.9646 ) vs(122) - cmplx
(  -7.3955,  -21.5113 ) vs(123) - acplx (  -8.5531,   -22.0579 ) V8(124) -
cmplz (  -9.2605,  -22.4759 ) 



30                       vs(125) - auplx (  -9.9678,   -22.7974 ) vs(126) -
c plx ( -10.7395,   -23.2797 ) vs(127) - capix ( -11.3183,  -23.6013 )
vs(128) - auplx C -12.2186,  -23.9871 ) v8(129) - uplx C -12.9260,
-24.2765 ) vsfl30) - cwplx ( -13.8264,  -24.5016 ) vs(131) - cAplx (
-14.6624,  -24.7586 ) 35                       vs(132) - cmpix ( -15.3698,
-24.9196 ) vs(133) - cmpix ( -16.0772,  -25.0804 ) v7(134) - caplx (
-16.9132,  -25.1768 ) vs(135) - cmplx  . -18.0707,  -25.2090 ) c      sf(S)
- auplx( -19.099679, -25.241158) vs(136) - cmpix ( -19.0997,   -25.2412 )
(vs137) - cmplx ( -19.8714,   -25.2412 ) (vs138) - cmplx ( -20.7074,
-25.1768 ) vs(139) - auplx ( -21.8650,   -25.1768 ) vs(140) - cmplx (
-23.2797,  -25.0482 ) v7(141) - Cmplz ( -24.1801,   -24.9196 ) vs(142) -
cmplx ( -24.7588,   -24.7267 ) vs(143) - cmplx ( -25.4019,   -24.5016 ) 45
vs(144) - cmplx ( -26.2379,   -24.2444 ) vs(145) - cmpix ( -27.0740,
-23.9228 ) vs(146) - cmplx ( -27.9743,   -23.5370 ) v8(147) - cmplx (
-28.8746,   -23.2476 ) v8(148) - cmpix ( -29.4534,   -22.7010 ) vs(149) -
cmpix ( -29.9035,   -22.3473 ) v8(150) - cuplx ( -30.5466,  -21.9614 ) 50
vs(151) - cmupx ( -31.4469,  -21.5434 ) 55 47    EP 0 441 778 Bi vs(152) -
cmplx ( -32.4116,   -20.7395 ) vs(153) - cmplx ( -33.1190,   -20.1286 )
vs(154) - cmplx ( -33.6978,   -19.5820 ) vs(155) - cmplx ( -34.3408,
-19.1640 ) 5                         vs(156) - cmplx ( -34.7910,   -18.6817
) vs(157) - caplx ( -35.2412,   -17.8457 ) vs(158) - cmplZ ( -35.7556,
-17.2669 ) vs(159) - Cmplx ( -36.2701,   -16.4630 ) vs(160) - cmplx (
-36.7846,   -15.9164 ) vs(161) - cmplx ( -37.1704,   -15.4662 ) vs(162) -
cmplx ( -37.1704,   -14.6624 ) 10                        vs(163) - anpix t
-37.9421,   -14.1158 ) vs(164) -  upilx ( -38.1994,   -13.6977 ) vs(165) -
chpIx ( -38.5209,   -13.1190 ) v7(166) - cmplx ( -38.7781,   -12.2830 )
vs(167) - cmplx    -39.0354,   -11.7363 ) va(168) - cmplx C -39.1640,
-11.1897 ) 78(169) - cplz    -39.4212,   -10.6752 ) Vs 170) - cmp3l(
-39.4212,   -10.1929 ) Vs(171) - capix ( -39.6785,    -9.7106 ) v8(172) -
capl  ( -39.8071,    -9.1640 ) vs(173) - c pls ( -39.9357,    -8.5209 )
VS(174) - CpIX ( -39.8714,    -8.0707 ) vs(l75) - capix ( -39.9357,
-7.7814 ) 20                        vs(176) - cmplx ( -40.0000,    -7.4277
) vs(177) - cmlx ( -40.0000,    -7.1061 ) 78(178) - anpiX ( -40.0000,
-6.6559 ) v7(179) - cupl- ( -40.0000,    -6.2379 ) val180) - cmplx (
-40.0000,    -5.9807 ) 



vs(181) - cmpix ( -39.8714,    -5.7878.) (vs182) - cmplx ( -39.8714,
-5.5627 ) 25                         (1vs83) - cmplz ( -39.7428,    -5.2733
) vs(184) - cmplx ( -39.7428,    -5.1125 ) 78(185) - cmplx ( -39.6785,
-4.8553 ) vs(186) - CMpIX t -39.6785,    -4.5981 ) s8(187) -  upix t
-39.5498,    -4.4051 ) vs(188) -caplx t -39.4212,    -4.3087 ) 30
v7(189) - caplx ( -39.2926,   -4.1158 ) vs(190) -cpix t -39.2926,
-3.9550 ) vs(191) - cmpix t -39.2283,   -3.7942 ) vs(192) - cmplx t
-39.1640,    -3.6656 ) vs(193) - cmplx ( -39.0354,    -3.5370 ) vs(194) -
cmplx ( -39.0354,    -3.4727 ) vs(195) - cmplx t -39.0354,    -3.4084 ) 35
vs(196) - cMplx t -39.0354,    -3.3441 ) vs(197) - cmplx ( -39.0354,
-3.3119 3 vs(198) - cmplx t -38.9711,    -3.2154 ) vs(199) - cmpls (
-38.9711,    -3.1511 ) vs7(20) -  nmplx ( -38.9068,    -3.0547 ) vs(201) -
cmplh  t -38.8424,    -3.0547 ) 40                       vs(202) - cmplx (
-38.8424,    -2.9904 ) V8(203) - caplx t -38.7781,    -2.9260 ) v8(204) -
cmplx ( -38.7781,    -2.8617 ) v8(205) - cmplx ( -38.7781,    -2.8296 )
v8(206) - cmplx ( -38.7781,    -2.7331 ) v8(207) - cmplx t -38.8424,
-2.7010 ) vs(208) - cmplx ( -38.8424,    -2.6045 ) nsfdl - 73 do i - 1,
nsfd 8fd(i) - vs(i+63) enddo c return end c 55 48    EP 0 441 778 B1 C C C
c 8         suruieldenag(ag  tuwg   egiledge) C a find taug(o from ledgec)
with sampling rate nesg in unit of l/fc c real taug(l). 10        integer
ntaug, nssg, ledge(l), nledge c ntaug - nledge do i - 1, ntaug taug(i) -
foat(l dge(i)-l)/float(nssg) enddo c 18        return end C  C 



C ****************************************************************** 20  C
subroutine sggdef (sggnsggl,nsgg2,1dsgg, nssg, taug, ntaug, &
sfd, nsfd, nsfdl, nssfd) C o
****************************************************************** c c
generate a ghost reference matrix from sfd() 25 c with edge located at
taug() c c sgg() - ghost reference matrix a nsggl - row dim. of sgg() (or t
of samples in each column) c nsgg2 - column din. of sgg() (or  of ghosts) c
ldsgg - leading dimension of sgg() storage 30  c nssg - sampling rate in
unit of fc c taug( - edge location of each corresponding sg() in sgg() in
unit of 1/fc c ntaug - t of ghosts c c sfdt) - sf..detail() c nsfd - n sfd
c nsfdl - idge location in sfd in unit of sample 38  c nssfd - n sample sfd
in unit of fo c Complex sgg(ldsgg,l), sfd(l) real taug(l) integer nsggl,
nsgg2, ldsgg, nssg, ntaug, nsfd, nsfdl, nssfd c nsgg2 - ntaug do ig2 - 1,
nagg2 nst - nsfdl - nint (taug(Lg2)*float(nssfd)) c do igI - 1, nsggl j -
n-st + (lgl-1) * nssfd / nssg if (J.lt.l) then 45              sgg(iglig2)
- sfd(l) elseif (j.gt.nsfd) then sgg(igl,ig2) - sfd (nsfd) else
sgg(igl,ig2) - sfd(j) endif enddo w0        enddo C 49    EP 0 441 778 B1
return end C C 5      c c
************************************************************ c subroutine
sfddefl (sfd, nsfd, nsfdl, nssfd, d2, d3) c c
************t*************************************.*********** C c 10     c
sfddef (s_;ref Ldetai_defined)s define reference vector c c afd() - a
reference vector 



c nsfd - n sfd c nsdf.1 - edge location in sfd() c nssfd - sampling rate in
unit of fc c d2, d3 - range to be mapped onto for the real part in
composite video c          refer to note 0 page 68-75 for notation and
derivation cmle  sfd~l) integer nsfd, nsfdl, ussfd b ~~c 20           real
d2, M c complex vs(256) real dE, d7, d8, d9, g c nsfd - 144 nssfd - 64 25
C vs( 64) - empix (  -1.4791,    -3.1833 ) Vs( 65) - amplI (  -1.5434,
-3.2476 ) vs( 66) - empix (  -1.6720,    -3.2797 ) vs( 67) - caplz (
-1.6720,    -3.3762 ) vs( 68) - umplx (  -1.7363,    -3.4084 ) 30
vs( 69) - cmplx (  -1.7363,    -3.4405 ) vs( 70) - cuplx (  -1.8006,
-3.5048 ) vs( 71) - epix (  -1.8006,    -3.5370 ) Vs( 72) - cmplx (
-1.8650,    -3.6013 ) vs( 73) - cmplx (  -1.8650,    -3.6334 ) vs( 74) -
cmplx (  -1.8650,    -3.6977 ) vs( 75) - emplx (  -1.8650,    -3.7299 ) 35
VS( 76) - cmpIx (  -1.8650,    -3.8264 ) vsa  77) - cmpix (  -1.8650,
-4.0193 ) c      sf(l) - cmplx( -1.8649517, -3.6012861) vs( 78) - cmplx (
-1.8650,    -4.1479 ) vs( 79) - amplz (  -1.8006,    -4.2122 ) vs( 80) -
capix (  -1.8006,    -4.3087 Vs( 81) - cmplx (  -1.8006,    -4.3730 ) 40
vs( 82) - cApIx (  -1.8006,    -4.5016 ) vs( 83) - cmplx (  -1.7363,
-4.5981 ) vs( 84) - cmplx (  -1.6077,    -4.8232 ) Vs( 85) - cmplx (
-1.4791,    -4.9518 ) vs( 86) - cmplx (  -1.4148,    -5.1447 ) vs( 87) -
cmplx (  -1.4148,    -5.4341 ) 45            Vs( 88) - cmplx (  -1.2862,
-5.6592 ) vs( 89) - cmpIx (  -1.2862,    -5.9486 ) vs( 90) - cmplx (
-1.1576,    -6.1415 ) vs( 91) - cmplx (  -1.0289,   -6.5273 ) vs( 92) -
cmplx l  -0.9003,    -6.7524 ) vs( 93) - cmplx (  -0.8360,    -6.9775 ) vse
94) - cmplx (  -0.6431,    -7.3312 ) 50             vs( 95) - cmplx (
-0.6431,   -7.6527 ) vs( 96) - cmplx (  -0.5788,    -8.0386 ) 55 50    EP 0
441 778 Bi vs( 97) - cmplx (  -0.4502,    -8.5531 ) vs( 98) - caplx (
-0.4502,    -8.9711 ) Vs( 99)   cmpix (  -0.4502,    -9.3891 ) v8(100) -
cmpli (  -0.4502,    -9.9035 ) 5                        v8(101) - cmplx (
-0.5145,   -10.2251 ) v8(102) - camplx (  -0.5788,   -10.6431 ) vs(103) -
czplX (  -0.6431,   -11.3826 ) 



v8(104) - cnpix (  -0.7717,   -11.8971 ) v8(105) - cnplx (  -0.9003,
-12.3794 ) vs(106) - omplx (  -1.0289,   -12.7974 ) 78(107) - caplx (
-1.0932,   -13.2154 ) 10                       78(108) - cplx      -1.2219,
-13.7299 ) v8(109) - qp12  (  -1.3505,   -14.5016 ) vw(UO) - cnpix (
-1.4791,   -15.0482 ) v8(111) - cmpix (  -1.8650,   -15.7878 ) ws(112) -
cnpix (  -2.1865,   -16.1736 ) v8(113) - capix (  -2.6367,   -16.6238 )
78(114) - cmapi  (  -3.086C,   -17.2990 ) 678(15) -mx C  -3.6013,
-17.6527 ) vs(llC) - c1plx (  -3.9871,   -18.2315 ) 8(117) - capix (
-4.6945,   -19.0997 ) v(118) - r3plz (  -5.0604,   -19.5177 ) vs(LL9) -
cpls (  -5.8521,   -20.0000 ) V8(120) - caplx (  -6.4952,   -20.4823 ) 20
78(121) - capl  (  -6.9453,   -20.9646 ) vs(122) - cop  (  -7.3955,
-21.5113 ) 78(123) - cmp3l  (  -8.5531,   -22.0579 ) v8(124) - cmplh (
-9.2605,   -22.4759 ) v8(125) - cmplx (  -9.9678,   -22.7974 ) vz(126) -
cmplx ( -10.7395,   -23.2797 ) 78(127) - capIx ( -11.3183,   -23.6013 ) 25
vs(128) - cmplx ( -12.2186,   -23.9871 ) 78(129) - cmplx ( -12.9260,
-24.2765 ) vs(130) - capix ( -13.8264,   -24.5016 ) 78(131) - cplz (
-14.6624,   -24.7588 ) 78(132) - caph     -15.3698,  -24.9196 ) vs(133) -
cmplx ( -16.0772,   -25.0804 ) 78(134) - cmpix ( -16.9132,   -25.1768 ) 30
vs(135) - cmplx ( -18.0707,   -25.2090 ) c      sf(S) - cmplz( -19.099679,
-25.241158) v8(136) - cuplx ( -19.0997,   -25.2412 ) vs(137) - cmplh (
-19.8714,   -25.2412 ) vs(138) - cmplx ( -20.7074,   -25.1768 ) vs(139) -
caplx ( -21.8650,   -25.1768 ) 35                       v8(140) - cmplx (
-23.2797,   -25.0482 ) vs(141) - cmplx ( -24.1801,   -24.9196 ) 78(142)
-cmplx ( -24.7588,  -24.7267 ) vs(143) - cmplX t -25.4019,   -24.5016 )
v8(144) - cmphx ( -26.2379,   -24.2444 ) 7s(145) - mpX ( ':27.0740,
-23.9228 ) vs(146) - cAplx ( -27.9743,   -23.5370 ) 40
vs(147) - cmplx ( -28.8746,   -23.2476 ) vs(148) - cmplX ( -29.4534,
-22.7010 ) 78(149) - cmplx t -29.9035,   -22.3473 ) v8(150) - cmplx (
-30.5466,   -21.9614 ) vs(151) - cmplx ( -31.4469,   -21.5434 ) vs(152) -
cmplx ( -32.4116,   -20.7395 ) 45                        v8(153) - cmplx (
-33.1190,   -20.1286 ) vs(154) - cmplx ( -33.6978,   -19.5820 ) v8(155) -
cmplx ( -34.3408,   -19.1640 ) vs(156) - cmplx ( -34.7910,   -18.6817 )
vs(157) - cmplx ( -35.2412,   -17.8457 ) vs(158) - cmplx ( -35.7556,
-17.2669 ) vs(159) - cmplx ( -36.2701,   -16.4630 ) 50
vs(160) - cmplx ( -36.7846,   -15.9164 ) vs(161) - cmplx ( -37.1704,
-15.4662 ) 55 51   



EP 0 441 778 B1 vs(162) - cmplx ( -37.1704,   -14.6624 ) vs(163) - cmplx (
-37.9421,   -14.1158 ) vs(164) - cmplx ( -38.1994,   -13.6977 ) vs(165) -
cmplx ( -38.5209,   -13.1190 ) 5                  vs166) - cmplx (
-38.7781,   -12.2830 ) vs(167) - cMplX ( -39.0354,   -11.7363 ) vs(3L8) -
cmpIx t -39.1640,   -11.1897 ) vs(169)    cupix ( -39.4212,   -10.6752 )
vs(l70) - cmplx ( -39.4212,   -10.1929 ) vs(171) - cmlP   ( -39.6785,
-9.7106 ) 10                 vs(172) - cplX    -39.8071,    -9.1640 )
vs(l73) - cmplx ( - 39.9357,   -8.5209 ) vB(174) - capix C -39.8714,
-8.0707 ) vs(175) - cmpLx C -39.9357,    -7.7814 ) va(176) - cmpl  (
-40.0000,    -7.4277 ) vs(177) - Capix ( -40.0000,    -7.1061 ) v8u278) -
CmpiZ ( -40.0000,    -6.6559 ) 15                 v8(179) -        (apix C
-40.0000,    -6.2379 ) V(180) - anpix ( -40.0000,    -5.9807 ) Vs(181) -
(1x C -39.8714,    -5.7878 ) vs(182) - cupiX ( -39.8714,    -5.5627 )
vs(183) - Capix ( -39.7428,   -5.2733 ) vs(184) - anpix ( -39.7428,
-5.1125 ) K>                     vs(185) - cmplx ( -39.6785,    -4.8553 )
20                  s8(186) - anpIx ( -39.6785,    -4.5981 ) vs(187) - cm3x
( -39.5498,    -4.4051 ) vs(l88) - cmpx ( -39.4212,    -4.3087 ) vs(189) -
cUpIX ( -39.2926,    -4.1158 ) vs(l90) - cuplz ( -39.2926,    -3.9550 )
vs(191) - Caplz ( -39.2283,    -3.7942 ) vs(192) - cpX ( -39.1640,
-3.6656 ) vs(193) - caplx ( -39.0354,    -3.5370 ) vs(194) - ani  (
-39.0354,    -3.4727 ) 73(195) - aupix ( -39.0354,    -3.4084 ) vs(196) -
upix ( -39.0354,    -3.3441 ) vs(L97) - cmplx ( -39.0354,    -3.3119 )
v7(198) - cmplx ( -38.9711,    -3.2154 ) 30                  vs(199) -
cmplx ( -38.9711,    -3.1511 ) vs(200) - cnplx ( -38.9068,    -3.0547 )
vs(201) - caplx ( -38.8424,    -3.0547 3 vs(202) - cnplz ( -38.8424,
-2.9904 ) vs(203) - cmpl  ( -38.7781,    -2.9260 3 vs(204) - cmplx (
-38.7781,    -2.8617 ) vs(205) - cmplx ( -38.7781,    -2.8296 3 3s
vs(206) - cmplx ( -38.7781,    -2.7331 ) vs(207) - cuplx ( -38.8424,
-2.7010 ) vs(208) - cmplx ( -38.8424,    -2.6045 ) @C c nsfdl - 73 do i- 1,
nsfd sfd(i) - vs(i+63) enddo c d6 - (40.*d3+100.*d2)/140. d7 - real(sfd(l))
d8 - d7 c 45                 do'i - 2, nsfd if (real(sfd(i)).gt.d7) d7 -
real(sfd(i)) if (real(sfd(i)).lt.d8) d8 - real(sfd(i)) enddo 



c g - (d6-d2)/(d7-d8) do i - 1, nsfd No                   sfd(i) -
g*(sfd(i)-d8*cmplx(1.,1.)) + d2*cmplx(1.,1.) enddo 66 52    EP 0 441 778 Bi
C return end c 8      c c c
************************************************************~*1** C c
subroutine copylr (x,y,nx) c_ C c
*************************************************************,*** 10      C
e copy 1-diz real vector x() to y0 c rea xl), yV) integer mz c do 1 - l,nx
ts             y~i) - x(i) retrn A           ~~~end j   20    c0 C c
************************************************************* C subroutin
lpd (bnb, err, tau, ts, rox, fb) C c
********************************************************* 25     c e linear
predition coefficients and error calculation C c               *1 c
sq.lpd(n*ts-tau) - S b(i) * s(n*ts-i+l) j       ~~c 30     c cf: DSRC note
R2 for derivation and notations c e  -   on a c tau - tine dblsy from
current sample c ts - sampling interval c nb - nb (no. of coefficients), nb
-< 10 35     c ro x - external autooorrelation function c fb - band width c
c - on return - c bo - linear predicaiton coefficients e err - prediction
error c 40   c-  tp c covx tp() - storage for covariance matrix c ro_stp()
- correlation vector 



c C tp - complex no. c 1- nb complex b(1), ro_x real tau, ts, fb, err 45
integer nb c complex cov x tp(100), ro x tp(,10), c tp integer 1, ltp(10),
m tp(l0) c external ro x 50     c 1 -r nb 55 53    EP 0441 778 B1 do i -
1,1 do j - 1,1 cov x_tp(i+(j-l)*1) - ro x(float(i-j)*tsfb) enddo 5
ro s tp(i) - ro x(float(i-I)*tv-tau,fb) euddo c call minvo (cow.xtp, 1,
cqtp, ltp, m tp) if ((cabs(c .tp)+l.).eq.1.) print *,'ill conditioned
matrix' c do i - 1,1 10               b(i) -0. do j - 1,1 b(i) - b(i) +
cova  s tp(i+(j-1)*1) * ro. x tp(j) eaddo eaddo c5   C tp - t6        ~~d~s
i   I;l a tp - c tp - conjg(zroxstp(i)) * b(i) err - cabs(c..tp) c return
20             Ond c a C 25        ~~COUple  function ro com (taui, fb) C5
c C c autocorrelation function fo a unit power signal vith c rasied cosine
power spectrum density function in (O,fb) c cf3 page 123 of DMRC note 0 c
roocos - output function value c tau - time c fb - frquency c real tau, fb
c 35             real pi, fi complex ro tp c ratio - 3. pi - aco(-1.) c df
- fh (horizontal scan frequency in unit of fc) df - 4./910. 



40             nf - nint(fb/df) c ro tp - 0. do i - 0, nf fi - float(i) *
df 4ro.tp - ro.tp + (1. + (ratio-i.) * (l.-cos(pi*fi)) / 2. ) 45
enddo ro Cos - 0. do i - 0, nf fi - float(i) * df rocos - rocos + (1. +
(ratio-i.) * (1.-cos(pi*fi)) / 2. ) &          *
cexp(cmplx(O.,2.*pi*fi*tau)) 50             enddo ro cos - ro cos / rotp 55
54    EP 0 441 778 B1 c return end c c 5      C 5C
****************************************************X******* c complex
function ro cos..rat (tau, fb, ratio) C c
**t***t***t***tt****************t**********t***t****t********* c 10     c
autocorrelation function fo a unit power ia with c rasled cosine power
spectrum density           in (0, fb) c cf a page 123 of D6RC note 0 c c ro
os_arat - output function value c tau - tim c fb - frquency 15     a ratio
- peak to valley ratio in the power spectrum assumed real tau, fb, ratio c
real pi, fl complex rotp c 20       ~~pi -acas(-l.) C df - fh (horizOctal
scan frequency in unit of fc) df - 4./910. nf - nint(fb/df) c ro tp - 0. do
i - 0, nf 25            fi - float(i) * df ro tp - ro tp + 1. + (ratio-.) *
(l.-coscpi*fi)) / 2. endao c ro cos_rat - 0. do i - O, Uf 30            fi
- float(i) * df 30roacosrat - ro cos .rat + (1. +
(rati`-1.)*(1.-cos(pi*fi)) /2. ) &                * ceXp(
cmplx(O.,2.*pi*fi*tau) ) enddo ro cos_rat - rocos_rat / ro tp 



c return 35          end c c C                           ' C
*********************************************************** C complex
function rojflat (tau, fb) 40    C_ C
*********************************************************** C c
autooorrelation function fo a unit power signal with c flat power spectnrum
density function in (0, fb) c c c ruo flat -tioutu function voaluei
inlwt c 46    c tau- -time c fb - frquency C real tau, fb C real fa 50    c
55 55    EP 0 441 778 Bi fa - acos(-l.)*tau*fb C if (abs(fa).lt.lO.e-6)
then ro flat - 1. 5              else~ ro flat -
cexp(cwplx(O.,fa))*sin(fa)/fa endif c return end 10       c c c
************************************************************* c subroutine
lpdjyat (bnb, err, tau, to, ro cosorat, fb, ratio) c 15
************************** c linear predition coefficlnts and error
calculation c c                  1 c s_1pd(n*ts-tau) - 8 b(i) * s(n*ts-i+l)
a                 i-l 20        c c oft DMRC note R2 for derivation and
notations c -on entry  tau - tim de    from current sample a to  sampling
interval c nb - n b (no. of coefficients), ub -< 10 25  C m x - external
autocorrelatio   function c fbband width c       on return c bo - linear
predicaiton coefficients 



c err - prediction error 30       c c - tp c cov x tp() - storage for
covariance matrix c roqx tp() - correlation vector c c. tp - complex no. c
1 - nb complex b(l), ro cos rat S5             real tau, to, fb, rat, err
integer nb c caqplex cov x tp(100), ro x tp(10), c..tp integer 1,
lUtpalo),i _.tpil0) C 40       c    external ro cos_rat 1 - nb do i - 1,1
do j - 1,1 covx-_tp(i+(j-1)*l) - rocosqrat(float(i-j)*ts,fb,ratio) enddo7
45               ro x tpi) - ro cosrat( float(i-l)*ts-tau,fb,ratio) enddo c
call minvo (cav.xtp, 1, c~tp, ltp, mtp) if ((cabs(c~tp)+l.).eq.1.) print
*,'ill conditioned matrix' c do i - 1,1 50               b i) - 0. do j -
1,1 55 56    EP 0 441 778 BI b(i) - b(i) + coxMtp(i+(-1)*1) * rox tp(J)
enddo eaddo C 5        c tp- 1. 5       ~Si - 1, 3 ct   -tp - c tjg(ro x
tp(i)) * b(i) end&o err - cabo(otp) c return 10       end c c c c
**********~***************************************************** c t5
8U4z2  )iilbert (bh, Dhh) C C
*************************t************************************** C c
calculate truncated Impulse response of the digital Hibert transform C 20 C
h() - impUjls reponse c nuh - positives time no. of coefficients c real
hh(1) c 



real pi 25 C pi - acos (-1.) do i - 1,nhh hh(i) - 0. enddo 30 C do i - 1,
nhh, 2 hh(i) - 2. * (sin(pi*float(i)/2.)**2) / (pi * float(i)) enddo c
return 38       end 40 45 50 55 57    EP 0 441 778 B1 C       SUB-ROUTINE
NINVC C C       PURPOSE C          INVERT A Oa~lpeZ MATRIX 5    C C
PSGE C          CAIL MINVc(AN,D,L,M) C C       DCRIPTION OF PARAMRS C
A - nWUT MATRIX, DESTROYED IN COMPUTATION AN REPLACED BY C
RESUWLTANT ItlVRSl1. CD                      - C          D - RESULTANT
DTR1UN C          L -WMVECTOROfLNTH N C     M     . - WM        OF Lulm N C
C       RENRKS C          MATRIX A MUST BB A GDI3RAL MATRIX C C        S
S  AND 1UNCTION SUBPROGRAMS RUnED C          mm C C   Mlm _,.      C
TE STAhDDM  GAUSS-JORDAN  MOD IS uWM. -E DMN1W 20    C          XS MM80
CAOIaND. A METEUBMM OF lERO IlNDICAES THAT C          THE MIIRI IS
sInGuLAR. C C
................................................................. C
SUBROUTINE NINVc(A,N,DL,M) 2s         DIMENSION A(1),L(1),M(l) C C       IF
A DOUBLE PRECISION VERSION OF THIS ROUTINE IS DESIRED, THE C       C IN COl
1 SHIIOUD BE REfWVED IROM THE DOUBLE PRECISION C       STAZEMNT WHICH
FOLWS. 30    C ccaplez A,D,BIGA,HOLD C C       THE C MUST AlSO BE Rl!OVED
FRON DOUBLE PRECISION STATE2ENTS C.      APPEARING IN OTHER ROUTINES USED
IN CONJUNCTION WITH THIS C       ROUTINE. 



C 35    C        THE DOUBLE PRECISION VERSION OF THIS SUB-ROUTINE MUST ALSO
C       CONTAIN DOUBLE PRECISION FORTRAN FUNCTIONS. ABS IN 8ATAENT C
10 MUST BE CHANGED TO DABS. C C
........................I.............................. ................. C
C       SEARCH FOR LARGEST ELUIENT 40    C        8~RHE)        TEJIN D-1.0
NK-N DO 80 K-1,N NK-NK+N L(K)-K 45          MMK)-K KK-NK+K BIGA-A( RK) DO
20 J-K,N IZ-N* (J-1) DO 20 I-K,N IJ-IZ+I 50       10 IF( cABS(BIGA)-
cABS(A(IJ))) 15,20,20 15 BIGA-A(IJ) 55 58    EP 0441 778 B1 L(K)-I 20
CONTINUE C 5          C        INTERCHANGE ROWS C J-L(K) IF(J-K) 35,35,25
25 XI-K-N DO 30 I-1,N 10           X~~~I-xI+N 10               HOWD--A(KI)
JI-11-1+J A(1I)-A(JI) 30 A(JI) -HOC C IC      INTERCEAUGE 00O1.M01 t5
C 35 I-K(X) IF(-K). 45,45,38 38 JP-h*(I-1) DO 40 J-1,N JK-N+J Jza-7P+i 20
OW-&A(JR) A(;s)-A(;II) 40 A(JI) -HOMD C C       DIVIDE C00U30 BY MINUS
PIVOT (VALUE OF PIVOT ELMENT IS C        CON!AXnUm IN BIGA) C 25
45 if (biga.ne.auplz(O.,0.)) goto 48 46 D-0. 0 REITURN 48 DO 55 I-1,N 



1F(I-K) 50,55,50 50 IK-N3+I sO~~~~A AIK)-A( IK)/(-BIGA) 55 CONTINUE C C
REDUCE YATRIX C DO 65 I-1,N IK-NK+I 35                HOLD-A(IK) LI-I-N DO
65 J-1,N IJ-IJ+N I(I-K) 60,65,60 60 IF(J-K) 62,65,62 62 XJ-IJ-I+X 40
A( Ij)-HoLD*A(KaT)+A( 13) 65 CONTINUE C C       DIVIDE ROW BY PIVOT C
IC-K-N 45               DO 75 J-l,N KJ-KJ+N IF(J-K) 70,75,70 70
A(KR)-A(KJ)/BIGA 75 CONTINUE C C        PRODUCT OF PIVOTS 50         C
D-D*BIGA 55 59    EP 0 441 778 B1 C C        REPLACE PIVOT BY RECIPROCAL C
A(XK)-1.O/BIGA so CONTINUE 6        C C        FINAL ROW AND COUN  INIEIW C
K-N 100 K-(K-1) IF(K) 150,150,105 10         105 I-L(K) IF(I-K) 120,120,108
106 J0-N*(K-1) 7R-N*(XI-1) DO 2110 J-1.,N HOD-&(J1) 15             JI-JW
A(JK).-A(JI)} no A(JI) -mD 120 J5-(K) IF(J-X) 100,100,125 125 XI-K-N 20
DO  o30 1-1,N ,JI-U-4N A(KZ)-A(JI) 



130 A(JI) -HOW GO T0 100 25         150 RETURN END C C subroutine miviL Cm,
n, ml, d) c
*****************t***********************t*****f***************** C c
complex matrix inversion (ofs minvo sub-routine) C c m~l): n x n input
complex matrix (column scan storage format) sa c n: dimension parameter c
mi (1)s n x n output inverted matrix c d: determinant of a C c lwv(100)2
working temp. vector c mwv(100)s working temp. vector C 40
complex m(l), mi(l), d integer n C integer lwv(100), mwv(100) a do 100
i-1,n*n 45        100 mi(i)-m(i) call minvc(mi,n,d,lwv,mwv) 0 return end C
50c C 6s Claims 1. A system for correcting multipath distortion,
comprising: a source of input signal including a direct signal having a
training signal component, and further 60    EP O 441 778 B1
I Dliii   iii j11111  I   l ii C C        REPLACE PIVOT BY RECIPROCAL C
A(KK)-1.O/BIGA 80 CONTINUE 5 ~C C        FINlI RO  ND COUt  INTER C K-N 100
K-(K-1) IF(K) 150,150,105 10         105 I-L(K) IF(I-K) 120,120,108 108
JO.N*(K-1) J7R-N*( I-i) DO 1n0 J-1,N HOW-A(GK) JI-a A(I).-A(JI) 110 A(JI)
-DHD 120 J-KCK,) IF(J-X) 100,100,125 



125 UX-N 20             DO 130 1-1,N ltI-K+N HOED.A(KI) A(KI)-A(JI) 130
A(JI) -HOM GO TO 100 25         150 iURN c c c
******************************** .. J              suibroutine mlirr (m, n,
ml, d) 30       c c
**************************************************************** c c
'omplex matrix inversion (cfs minvc sub-routine) c c m~l): n x n input
complex matrix (column scan storage format) 35       C n: dimension
parameter c mi(l)2 n x n output inverted matrix c ds: determinant of m c
lw(100)2 working temp. vector c DWU(100): working temp. vector 0
complex m(l), mi(l), d integer n c integer lwv(100), mwv(100) c do 100
i-l,n*n 45        100  mi(i)-m(i) c call minvc(mi,n,d,lwv,mwv) c return end
C 50        c C 55 Claims 1. A system for correcting multipath distortion,
comprising: a source of input signal including a direct signal having a
training signal component, and further 60    EP 0 441 778 BI
I I!IIIII 11111  11111 II IJI including delayed signals of said direct
signal and said training component which constitute undesirable multipath
distortion components; infinite impulse response filtering means having an
output port, an input port coupled to said source of input signals and
having programmable filter coefficient values; characterized by 5         a
source of reference signal (285) representing said training signal
component substantially free of any multipath distortion; and control means
(282) coupled to said source of input signal (220) and to said source of
reference signal (285) for developing a mathematical model of a signal
filtering system which, responsive to said reference signal produces a
signal substantially equal to the said training signal component exhibiting
10     said undesirable multipath distortion and for programming the
coefficient values of said infinite impulse response filtering means (280)
with coefficient values determined from said mathematical model to
condition said infinite impulse response filtering means to provide, as an
output signal at said output port, said direct signal to the substantial
exclusion of said delayed signals. i1  2. The system set forth in claim 1
wherein: said infinite impulse response filtering means has programmable
tap delays; and further character- ized by means (854) for programming the
tap delays of said infinite impulse response filtering means with 



delay values determined from said mathematical model. 20 . The system set
forth in claim 2 further characterized by: a source of sampling clock
signal (222); analog-to-digital conversion means (232), coupled to said
source of Input signal (220) for develop- ing digital samples representing
said input signal at instants determined by said sampling clock signal, 25
said analog-to-digital conversion means being coupled to provide said
digital samples to said infinite impulse response filtering means (280) and
to said control means (282); and wherein said source of reference signal
includes read-only memory means (285) programmed with sample values
representing said reference signal; and said control means includes: 30
read-write memory means (284); and data processing means (282) coupled to
said read-only memory means and to said read-write memory means, and being
controlled by a program to store a plurality of said digital samples
representing the training signal component of said input signal into said
read-write memory means, to generate said mathematical model of said signal
filtering system and to generate said coefficient values 35     and said
tap delay values for said infinite impulse response filtering means. 4. The
system set forth in claim 3 wherein: said infinite impulse response
filtering means (280) includes: an input port (Yj) for applying the digital
samples representing said input signal; .40       first signal combining
means (810), coupled to said input port for combining the digital samples
representing said input signal with digital samples representing a
correction signal to produce said output signal; programmable signal
delaying means (622), coupled to said first combining means, for delaying
the signal provided thereby, having a plurality of output ports and having
circuitry for providing delayed 45     versions of the signal provided by
said combining means at each of said output ports, wherein the amount of
time delay imparted to the signal provided at each of said output ports is
determined by first programming control signals; a plurality of
programmable coefficient multiplying means (656,658,660), each coupled to a
respectively different one of the output ports of said programmable signal
delaying means for 50     multiplying the signals provided thereby by
respectively different ones of said coefficient values, each of said
coefficient values being determined by second programming control signals
applied to each of said plurality of programmable coefficient multiplying
means; and second signal combining means (606,662) coupled to each of said
plurality of programmable coefficient multiplying means for combining the
respective signals provided thereby to generate said 65     correction
signal; and said data processing means is controlled by said program to
generate said first programming control signals and said second programming
control signals.    EP 0 441 778 B1                    ; |11 |||||| ||||||
||||| ||| ||| * C   L   M   S * 5. The system set forth in claim 4 wherein
said programmable signal delaying means includes: sampled data signal
delaying means (622), coupled to said source of sampling clock signal,
having an input port coupled to receive the output signal of said first
combining means (610) and responsive to said second programming control
signals for providing a plurality of selected delayed versions of the 5
output signal of said first combining means at respective output ports,
each of said selected delayed versions of said output signal of said first
combining means being delayed with respect to the output signal of said
first combining means by respectively different integer multiples of the
period of said sampling clock signal; and signal interpolation means (920),
coupled to at least one of the output ports of said sampled data 70
signal delaying means and responsive to said second control signals for
effectively delaying the signal provided at the one output port of said
sampled data signal delaying means by an amount of time substantially equal
to N/M times the period of said sampling clock signal where M is an integer
greater than 1 and N is a positive integer having a value determined by
said second control signals. 15  6. A system for correcting multipath
distortion in a video signal, having an output port and comprising: a
source of video signal (210) including a modulated carrier signal, a direct
signal having a training signal component modulating said carrier signal,
and further including delayed signals of said modu- lated carrier signal
which constitute undesirable multipath distortion components; demodulation
means (220,230), coupled to said source of video signal, for demodulating
said video 20     signal into first and second signals representing
baseband signals that are respectively in-phase with and quadrature phase
related to said carrier signal; 



complex infinite impulse response filtering means (280) having first and
second input ports coupled to receive said first and second signals,
respectively, and having programmable complex filter coefficient values;
characterized by: 25         a source (285) of first and second reference
signals representing, respectively, the training signal components of said
first and second signals to the substantial exclusion of any multipath
distortion components; control means (282) coupled to said demodulation
means and to said source (285) of first and second reference signals for
developing a mathematical model of a signal filtering system which, 30
responsive to said first and second reference signals produces first and
second synthesized signals that are substantially equal to the training
signal components of said first and second signals obtained after said
demodulating, respectively, and for programming the complex coefficient
values of said infinite impulse response filtering means with complex
coefficient values determined from said math- ematical model to condition
said infinite impulse response filtering means to provide, as an output 35
signal at said output port, the first signal component of said direct
signal to the substantial exclusion of said delayed signals. 7. The system
set forth in claim 6 further characterized in that: said infinite impulse
response filtering means has programmable tap delays; and 40        said
control means includes means (654) for programming the tap delays of said
infinite impulse response filtering means with delay values determined from
said mathematical model. 8. The system set forth in claim 7, further
characterized by: a source (222) of sampling clock signal; first and second
analog-to-digital conversion means 45     (232,234), coupled to said
demodulation means (220,230) for developing, respectively, first and second
sequences of digital samples representing said first and second signals at
instants determined by said sampling clock signal, said first and second
analog-to-digital conversion means being coupled to provide said first and
second sequences of digital samples to said infinite impulse response
filtering means (280) and to said control means (282); and wherein so
said source of said first and second reference signals includes read-only
memory means (285) programmed with sample values representing said first
and second reference signals; and said control means includes: read-write
memory means (284); and data processing means (282) coupled to said
read-only memory means and to said read-write 55     memory means and being
controlled by a program to store a plurality of digital samples from each
of said first and second sequences of digital samples, representing the
training signal component of said video signal, into said read-write memory
means, to generate said mathematical model of said signal filtering system
and to generate said complex coefficient values and said tap delay values
for said 62    * C   L  M   S* infinite impulse response filtering means
(280). 9. The system set forth in claim 8 further characterized in that
said Infinite impulse response filtering means Includes: 5         first
and second input ports for applying said first and second sequences of
digital samples; first (610) and second (620) signal combining means,
coupled respectively to said first and second input ports for combining
said first and second sequences of digital samples with respective first
and second further sequences of digital samples representing respective
first and second correction signals to produce first and second sequences
of corrected samples, respectively, wherein said first sequence to     of
corrected samples is the output signal of said infinite impulse response
filtering means; programmable signal delaying means (622), coupled to said
first and second combining means for delaying the respective first and
second sequences of corrected samples provided thereby, having a plurality
of output ports and having circuitry for providing delayed versions of said
first and second sequences of corrected samples at each of said output
ports, wherein the amount of time delay 15    imparted to the delayed
versions of said first and second sequences of corrected samples provided
at each of said output ports is determined by first programming control
signals; a plurality of programmable complex coefficient multiplying means
(856,658,660) each coupled to a respectively different one of the output
ports of said programmable signal delaying means for multiplying the
delayed versions of the first and second sequences of corrected samples
provided 20    thereby by respectively different ones of said complex
coefficient values to develop first and second sequences of scaled sample
values, each of said complex coefficient values being determined by second
programming control signals applied to each of said plurality of
programmable complex coefficient multiplying means; and third and fourth
sample combining means (662-488), coupled to each of said complex
coefficient 



25     multiplying means for combining the respective first and second
sequences of scaled sample values provided thereby to generate said first
and second sequences of corrected samples, respectively; and said data
processing means controlled by said program to generate said first
programming control signals and said second programming control signals. 30
10. The system set forth in claim 9 further characterized in that said
programmable signal delaying means includes: sampled data signal delaying
means (622), coupled to said source of sampling clock signal, having first
and second input ports coupled to receive the first and second sequences of
corrected samples, respectively, and responsive to said second programming
control signals for providing a plurality of 35     selected delayed
versions of said first and second sequences of corrected samples at
respective output ports, each of said selected delayed versions of said
first and second sequences of corrected samples being delayed with respect
to said first and second sequences of corrected samples by respectively
different integer multiples of the period of said sampling clock signal;
and sample value interpolation means .(920), coupled to at least one of the
output ports of said sampled 40     data signal delaying means and
responsive to said second control signals for effectively delaying the
selected delayed version of said first and second sequences of corrected
samples provided thereby by an amount of time substantially equal to N/M
times the period of said sampling clock signal where M is an integer
greater than 1 and N is a positive integer having a value determined by
said second control signals. 45 PatentansprUche 1. System zur Korrektur
einer Mehrwegverzerrung, umfassend: eine Quelle fOr ein Eingangssignal, das
ein direktes Signal mit einer Trainingssignalkomponente so     (training
signal component) und verz6gerte Signale des dlrekten Signals und der
Trainingskomponente enthmit, die unerwOnschte
Mehrweg-Verzerrungskomponenten bilden, Filtermittel mit unendlicher
Impulsantwort (infinite impulse response filtering means), die elnen
Ausgangsanschlug, einen mit der Eingangssignalquelle verbundenen
EingangsanschluB und program- mierbare Filterkoeffi-zientenwerte haben,
gekennzeichnet durch: 55        eine Quelle (285) fUr ein Bezugssignal, das
die Trainingssignalkomponente weitgehend frei von Mehrwegverzerrung
darstellt; und Steuermittel (282), die mit der Eingangssignalquelle (220)
und der Bezugssignalquelle (285) verbunden sind, um sin mathematisches
Modell eines Signalfiltersystems zu entwickeln, das in 63    Abhangigkeit
von dem Bezugssignal ein Signal erzeugt, das weitgehend gleich der die
unerwlnschte Mehrwegverzerrung aufweisenden Trainingssignalkomponente ist,
und urn die Koeffizientenwerte der Filtermittel (280) mit unendlicher
Impulsantwort mit Koeffizientenwerten zu programmieren, die von dem
mathematischen Modell bestimmt sind, urn die Filtermittel mit unendlicher
Impulsantwort so zu 5      konditionieren, daB sie als Ausgangssignal an
dem AusgangsanschluB das direkte Signal mit vollst~ndi- gem AusschluB der
verz6gerten Signale liefem. 2. System nach Anspruch 1, be! dem die
Filtermittel mit unendlicher Impulsantwort Abgriffe far program- mierbare
Verz8gerungen haben und ferner gekennzeichnet durch Mittel (854) zur
Programmierung der 10     Abgriffsverzdgerungen der Filtermittel mit
unendlicher Impulsant-wort mit Verzdgerungswerten, die von dem
mathematischen Modell bestimmt sind. 3 System nach Anspruch 2,
gekennzeichnet durch: eine Quelle (222) fOr ein Abtast-Taktsignal; 1S
Analog/Digital-Wandlermittel (232), die mit der Eingangssignalquelle (220)
verbunden sind, um digitale Abtastungen zu entwickeln, die das
Eingangssignal in durch das Abtast-Taktsignal bestimmten Augenblicken
darstellen, wobei die Analog/Digital-Wandlermittel so angeschlossen sind,
daB sle die digitalen Abtastungen an die Filtermittel (280) mit unendlicher
Impulsantwort und an die Steuermittel (282) liefern; und wobei 20
die Bezugsspannungsquelle Festspeichermiltel (285) enthalt, die mit
Abtastwerten programmiert sind, die das Bezugssignal darstellen; und wobei
die Steuermittel enthalten: Schreib-Lese-Speichermittel (284); und
Datenverarbeitungsmittel (282), die mit den Festspeichermittein und den
Scheib-Lese-Speichermit- tein verbunden und durch ein Programm gesteuert
sind, um eine Vieizahl der die Trainingssignalkom- 26     ponente des
Eingangssignals darstellenden digitalen Abtastungen in den
Schreib-Lese-Speichermitteln zu speichem, urn das mathematische Modell des
Signalfiltersystems zu erzeugen, und urn die Koeffizientenwerte und die
Abgriffsverzdgerungswerte flr die Filtermittel mit unendlicher
Impulsantwort zu erzeugen. 30  4. System nach Anspruch 3, bei dem: 



die Filtermittel (280) mit unendlicher Impulsantwort einschlieBen: einen
EingangsanschluB (Y,) zur ZufUhrung der das Eingangssignal darstellenden
digitalen Abta- stungen; erste Signal-Kombinationsmittel (610), die mit dem
EingangsanschluB verbunden sind, um die 36     digitalen, das
Eingangssignal darstellenden Abtastungen mit digitalen, ein Korrektursignal
darstellenden Abtastungen zu kombinieren, um das Ausgangssignal zu
erzeugen; programmierbare Signalverz6gerungsmittel (622), die mit den
ersten Kombinationsmitteln verbun- den sind, um das davon gelieferte Signal
zu verzogern, die eine Vielzahl von AusgangsanschlUssen und eine Schaltung
zur Lieferung von verz5gerten Versionen des von den Kombinationsmittein an
40    jeden der Ausgangsanschlasse gelieferten Signals aufweist, wobei das
Mae der Verzdgerung, die dem an jeden der Ausgangsanschlfsse gelieferten
Signal verliehen wird, durch erste programmierende Steuersignale bestimmt
ist; elne Vielzahl von programmierbaren
Koeffizienten-Multiplikationsmitteln (656, 658, 660), die jeweils mit einem
unterschiedlichen AusgangsanschluB der programmierbaren
Signalverz6gerungsmittel ver- 46     bunden sind, um die davon durch
jeweils unterschiedliche Koeffizientenwerte gelieferten Signale mit
entsprechenden unterschiedlichen Koeffizientenwerten zu multiplizieren,
wobel jeder Koeffizientenwert durch zweite programmierende Steuersignale
bestimmt ist, die jedem aus der Vielzahl der program- mierbaren
Koeffizienten-Multiplikationsmittel zugef~hrt wird; und zweite
Signalkombinationsmittel (606, 662), die mit jedem aus der Vielzahl der
programmierbaren 50     Koeffizienten-Muffliplikationsmittel verbunden
sind, urn die davon gelieferten Signale zu kombinieren und das
Korrelctursignal zu erzeugen; und Steuerung der Datenverarbeitungsmittel
durch das Programm, urn die ersten programmierenden Steuersignale und die
zweiten programmierenden Steuersignale zu erzeugen. so  5. System nach
Anspruch 4, bei dem die programmierbaren Signalverz6gerungsmittel
enthalten: Verztgerungsmittel (622) fUr das abgetaste Datensignal, die mit
der Quelle ftr das Abtast- Taktsignal verbunden sind und einen
EingangsanschluB zum Empfang des Ausgangssignals von den ersten
Kombinationsmitteln (610) haben und auf die zweiten programmierenden
Steuersignale anspre- 64    EP O 441 778 B131
11111111111111    11111 Jl *P04  C7B  ~L  N S   * chen, urn eine Vielzahl
von ausgewahiten verzogerten Versionen des Ausgangsignals der ersten
Kombinationsmittel an entsprechenden Ausgangsanschllssen vorzusehen, wobei
jede der ausgewahl- ten Versionen des Ausgangssignals der ersten
Kombinationsmittel in Bezug auf das Ausgangssignal der ersten
Kombinationsmittel durch entsprechend unterschiedliche ganzzahlige
Vielfache der Periode 5      des Abtast-Taktsignals verzogert wird; und
Signal-Interpolationsmittel (920), die mit wenigstens elnem
AusgangsanschluB der Verzogerungs- mittel far das abgetastete Datensignal
verbunden sind und auf die zweiten Steuersignale ansprechen, urn das an dem
einen AusgangsanschluB der Verzogerungsmittel fOr das abgetastete
Datensignal erzeugte Signal wirksam um ein ZeitmaB zu verz6gern, das etwa
gleich dern N/M-fachen der Periode 10     des Abtast-Taktsignals ist, wobei
M eine ganze Zahl gr6oer als 1 und N eine positive ganze Zahl ist, deren
Wert durch die zweiten Steuersignale bestimmt ist. 6. System zur Korrektur
einer Mehrwegverzerrung in elnern Videosignal mit einem AusgangsanschluB
und umfassend: 15        elne Quelle (210) fUr ein Videosignal, das ein
moduliertes Trfgersignal, ein direktes Signal mit einer das Tragersignal
modulierenden Trainingssignalkomponente und ferner verzogerte Signale des
modulierten Tragersignals enthlit, die unerwUnschte
Mehrweg-Verzerrungskomponenten bilden; Demodulationsmittel (220, 230), die
mit der Videosignalquelle verbunden sind, urn das Videosignal in erste und
zweite Signal. zu demodulieren, die Basisbandsignale darstellen, die
jeweils in Phase bzw. 20     urn 90 * in der Phase zu dem Tragersignal
verschoben sind; komplexe Filtermittel (280) mit unendlicher Impulsantwort,
die einen ersten und einen zweiten Eingangsan-schluB zum Empfamng des
ersten bzw. zweiten Signals und program-mierbare komplexe
Filterkoeffizientenwerte haben; gakennzeichnet durch: eine Quelle (285) ftr
erste und zweite Bezugssignale, die jeweils die Trainingssignalkomponenten
25     der ersten und zweiten Signale mit weitgehendem AusschluB jeglicher
Mehrweg-Verzogerungskompo- nenten darstellen; Steuermittel (282), die mit
den Demodulationsmitteln und der Quelle (285) fUr die ersten und zweiten
Bezugssignale verbunden sind, um ein mathematisches Modell eines
Signalfiltersystems zu entwickeln, das in Abhangigkeit von den ersten und
zweiten Bezugssignalen erste und zweite syntheti- 30     sierte Signale
erzeugt, die im wesentlichen gleich den nach der Demodulation gewonnenen
Trainingssi- gnalkomponenten der ersten bzw. zweiten Signal. sind, und urn
die komplexen Koeffizientenwerte der 



Filtermittel mit unbegrenztem Ansprechen auf elnen Impuls mit komplexen
Koeffizientenwerten zu programmieren, die aus dem mathematischen Modell
bestimmt sind, um die Filtermittel mit unbegrenz- tem Ansprechen auf einen
Impuls so zu konditionieren, daB am AusgangsanschluB als Ausgangssignal 35
die erste Signalkomponente des direkten Signals mit weitgehendem AusschluB
der verz6gerten Signale geliefert wird. 7. System nach Anspruch 6, dadurch
gekennzeichnet, daB: die Filtermittel mit unendlicher Impulsantwort
Abgriffe fUr programmierbare Verzogerungen haben; 40     und die
Steuermittel Mittel (654) zur Programmierung der Abgriffsverzdgerungen der
Filtermittel mit unendlicher Impulsantwort mit Verzogerungswerten
enthalten, die von dem mathematischen Modell bestimmt sind. 45  8  System
nach Anspruch 7, gekennzeichnet durch: eine Quelle (222) far ein
Abtast-Taktsignal; erste und zweite Analog/Digital-Wandlermittel (232,
234), die mit den Demodulationsmitteln (220, 230) verbunden sind, urn
jeweils erste und zweite Folgen von digitalen Abtastungen zu entwickeln,
die erste und zweite Signale in Augenblicken darstellen, die durch das
Abtast-Taktsignal bestimmt sind, 50     wobei die ersten und zweiten
Analog/Digital-Wandlermittel so angeschlossen sind, daB sie die ersten und
zweiten Folgen von digitalen Abtastungen an die Filtermittel (280) mit
unendlicher Impulsantwort und die Steuermittel (282) liefern; und wobei:
die Quelle fUr das erste und zwelte Bezugssignal Festspeichermittel (285)
enthalt, die mit Abtastwerten programmiert werden, die das erste und zweite
Bezugssignal darstellen; und 55        wobei die Steuermittel
einschlieflen: Schreib-Lesespeichermittel (284); und
Datenverarbeitungsmittel (282), die mit den Festspeichermitteln verbunden
sind und durch ain Programm gesteuert werden, um elne Vieizahl von
digitalen Abtastungen von der ersten und zweiten 65    EP 0 441 778B1 |311
||||| ||||| |   |||| * C   L  M   S Folge von digitalen Abtastungen, die
die Trainingssignalkomponente des Videosignals darstellen, in die
Schreib-Lesespeichermittel zu speichern und das mathematische Modell des
Signal-Filtersystems zu erzeugen, und um die komplexen Koeffizientenwerte
und die Abgriffsverztgerungswerte fOr die Filtermittel (280) mit
unendlicher Impulsantwort zu erzeugen. 5 9. System nach Anspruch 8, dadurch
gekennzeichnet, daB die Filtermittel mit unendlicher Impulsantwort
einschlieBen: erste und zweite EingangsanschlOsse zur ZufUhrung der ersten
und zweiten Folge von digitalen Abtastungen; 10        erste (610) und
zweite (620) Signalkombinationsmittel, die mit dem ersten und zweiten
Eingangsan- schluB verbunden sind, um die erste und zweite Folge von
digitalen Abtastungen mit entsprechenden ersten und zweiten weiteren Folgen
von digitalen Abtastungen, die entsprechende erste und zweite
Korrektursignale darstellen, zu kombinieren, um erste bzw. zweite Folgen
von korrigierten Abtastungen zu erzeugen, wobei die erste Folge von
korrigierten Abtastungen das Ausgangssignal der Filtermittel 15     mit
unendlicher Impulsantwort ist; programmierbare Signalverzogerungsmittel
(622), die mit den ersten und zweiten Kombinationsmit- tein verbunden sind,
um die dadurch gelieferte erste bzw. zweite Folge von korrigierten
Abtastungen zu verzogern, die eine Vielzahl von AusgangsanschlOssen und
eine Schaltung zur Lieferung von verzoger- ten Versionen der ersten und
zweiten Folge von korrigierten Abtastungen an jedem der Ausgangsan- 20
schlOsse aufweisen, wobel das MaB der Zeitverz6gerung, die den verz6gerten
Versionen der ersten und zweiten Folge von korrigierten Abtastungen, die an
jeden der Ausgangsanschllsse geliefert werden, verliehen wird, durch erste
programmierende Steuersignale bestimmt ist; eine Vielzahl von
programmierbaren komplexen Koeffizienten-Multiplikationsmitteln
(656,658,660), die jeweils mit einem unterschiedlichen AusgangsanschluB der
programmierbaren Signalverzogerungs- 25     mittel verbunden sind, um die
dadurch gelieferten verzogerten Versionen der ersten und zweiten Folge von
korrigierten Abtastungen mit entsprechenden unterschiedlichen komplexen
Koeffizientenwerten zu multiplizieren, um erste und zweite Folgen von
skalierten Abtastwerten zu entwickeln, wobel jeder komplexe
Koeffizientenwert durch zweite programmierende Steuersignale bestimmt wird,
die jedem aus der Vielzahl der programmierbaren Multiplikationsmittel fOr
die komplexen Koeffizienten zugef~hrt 30     werden; und dritte und vierte
Abtastkombinationsmittel (662-668), die mit jedem der komplexen
Koeffizienten- Multiplikationsmittel verbunden sind, um die dadurch
gelieferte erste bzw. zweite Folge von skalierten 



Abtastwerten zu kombinieren und dadurch die erste und zweite Folge von
korrigierten Abtastungen zu erzeugen; und 35        wobei die
Datenverarbeitungsmittel durch das Programm gesteuert sind, um die ersten
program- mierenden Steuersignale und die zweiten programmierenden
Steuersignale zu erzeugen. 10. System nach Anspruch 9, dadurch
gekennzeichnet, daB die programmierbaren Signalverarbeitungsmit- tel
enthalten: 40        Verzogerungsmittel (622) fOr das abgetastete
Datensignal, die mit der Quelle fOr das Abtast- Taktsignal verbunden sind
und einen ersten und zweiten EingangsanschluB zum Empfang der ersten bzw.
zweiten Folge von korrigierten Abtastungen haben, und die auf die zweiten
programmierenden Stbuersignale ansprechen, um eine Vielzahl von
ausgew~hlten verzogerten Versionen der ersten und zweiten Folge von
korrigierten Abtastungen zu entsprechenden Ausgangsanschlassen vorzusehen,
45     wobei jede ausgewahIte verzdgerle Version der ersten und zweiten
Folge von korrigierten Abtastungen in Bezug auf die erste und zweite Folge
von korrigierten Abtastungen durch entsprechende ganzzahlige Vielfache der
Periode des Abtast-Taktsignals verzogert wird; und
Abtastwert-lnterpolationsmittel (920), die mit wenigstens einem der
AusgangsanschlOsse der Verz6- gerungsmittel fOr das abgetastete Datensignal
verbunden sind und auf die zweiten Steuersignale 50     ansprechen, um die
ausgewAhite verzogerte Version der dadurch gelieferten ersten und zweiten
Folge von korrigierten Abtastungen wirksam urn ein MaB an Zeit zu verzogem,
das im wesentlichen gleich dem N/M-fachen der Periode des
Abtast-Taktsignals ist, wobei M eine ganze Zahl groBer als 1 und N eine
positive ganze Zahl mit einem Wert ist, der durch die zweiten Steuersignale
bestimmt ist. 55 Revendlcatlons 1. Systeme pour corriger une distorsion due
a la propagation par trajets multiples, comprenant: une source d'un signal
d'entree comprenant un signal direct comportant un dldment de signal 66
EP 0 441 778 BI                     1       c     11M11 d'entrainement, et
comprenant de plus des signaux retardes dudit signal direct et dudit
6l6ment d'entrainement qui constituent des 6l6ments inddsirables d'une
distorsion par trajets multiples; un moyen de filtrage a rdponse
impulsionnelle infinie comportant un port de sortie , un port d'entr~e
coupld I ladite source de signaux d'entrde et comportant des valeurs de
coefficients de filtre 5      programmables; caractdris6 par une source de
signal de r~f~rence (285) repr6sentant ledit element de signal
d'entrainement pratiquement libre de toute distorsion par trajets multiples
; et un moyen de commande (282) coupl6 a ladite source de signaux d'entrde
(220) et & ladite source d'un signal de r~fdrence (285) pour d6velopper un
modble mathematique d'un systame de filtration de 10     signaux qui,
sensible audit signal de r~fdrence, produit un signal sensiblement 6gal
audit el6ment de signal d'entrainement prdsentant ladite dispersion
inddsirable par trajets multiples et pour programmer les valeurs de
coefficient dudit moyen de filtrage a rdponse impulsionnelle infinie (280)
avec des valeurs de coefficient ddtermindes I partir dudit modble
mathimatique pour conditionner ledit moyen de filtrage a rdponse
impulsionnelle infinie afin de foumir, comme signal de sortie au niveau
dudit port 15     de sortie, ledit signal direct a lexclusion pratiquement
totale desdits signaux retardes. 2. Systame selon la revendication 1 dans
lequel: ledit moyen de filtrage & r6ponse impulsionnelle infinie possade
des retards de prise programma- bles; et caracterise de plus par 20
un moyen (654) pour programmer les retards de prise dudit moyen de filtrage
a reponse impulsionnelle infinie avec des valeurs de retard ddtermindes I
partir dudit modble mathimatique. 3 Systbme selon la revendication 2
caract~ris6, de plus, par: une source de signaux d'horloge
d'echantillonnage (222); 25        un moyen de conversion
analogique-numerique (232), couple a ladite source de signaux d'entrde
(220) pour ddvelopper des dchantillons numeriques reprdsentant ledit signal
d'entr6e a des instants ddterminds par ledit signal d'horloge
d'6chantillonnage, ledit moyen de conversion analogique-numrri- que 6tant
coupld pour fournir lesdits echantillons num6eiques audit moyen de filtrage
& r ponse impulsionnelle infinie (280) et audit moyen de commande (282); et
dans loquel 30        ladite source du signal de r6fdrence comprend un
moyen de mdmoire morte (285) programm6 avec des valeurs d'dchantillon
repr~sentant ledit signal de rdf~rence ; et ledit moyen de commande
comprend: un moyen de memoire vive (284) ; et un moyen de traitement de
donnees (282) coupld audit moyen de mdmoire morte et audit moyen 35     de
m~moire vive et 6tant command4 par un programme pour enregistrer une
pluralit4 desdits 6chantillons num6riques representant l'6l6ment de signal
d'entrainement dudit signal d'entrde dans ledit moyen de mdmoire vive pour
gdndrer ledit modble mathdmatique dudit moyen de filtrage des 



signaux et pour g~n~rer lesdites valeurs de coefficient et lesdites valeurs
de retard de prise pour ledit moyen de filtrage a rdponse impulsionnelle
infinie. 40 4. Systbme selon la revendication 3 dans lequel: ledit moyen de
filtrage a rdponse impulsionnelle infinie (280) comprend: un port d'entree
(YI) pour appliquer les echantillons numdriques reprdsentant ledit signal
d'entrde; un premier moyen de combinaison des signaux (610), coupl6 audit
port d'entrde pour combiner les 45     6chantillons numeriques repr~sentant
ledit signal d'entrde avec les dchantillons numeriques reprdsen- tant un
signal de correction pour produire ledit signal de sortie; un moyen
programmable pour retarder les signaux (622) , coupl6 audit premier moyen
de combinaison, pour retarder le signal fourni ainsi, comportant une
pluralite de ports de sortie et comportant une circuiterie pour foumir des
versions retarddes du signal produit par ledit moyen de 60     combinaison
au niveau de chacun desdits ports de sortie, dans loquel la valeur du temps
de retard communiqude au signal foumi au niveau de chacun desdits ports de
sortie est d6terminee par les premiers signaux de commande de
programmation; une pluralit4 de moyens de multiplication de coefficient
programmables (656, 658, 660) , couplds chacun a l'un respectivement
diffdrent des ports de sortie dudit moyen programmable pour retarder les 55
signaux afin de multiplier les signaux fournis ainsi par l'une
respectivement diffdrente desdites valeurs de coefficient, chacune desdites
valeurs de coefficient dtant d~terminde par des seconds signaux de commande
de programmation appliques a chaque moyen de ladite pluratit6 de moyens de
multiplica- tion des coefficients programmables ; et 67    EP 0 441 778 BI
j lfl JiJl III liii 11111 *c   L  -N  s un second moyen de combinaison des
signaux (606, 662) coupl4 a chaque moyen de ladite pluralite des moyens de
multiplication des coefficients programmables pour combiner les signaux
respectifs foumis ainsi afin de g6n6rer ledit signal de correction ; at
ledit moyen de traitement des donn~es est command4 par ledit programme pour
g~n6rer lesdits 6     premiers signaux de commande de programmation et
lesdits seconds signaux de commande de programmation. 5. Systbme selon la
revendication 4 dans lequel ledit moyen programmable pour retarder les
signaux comprend: 10        un moyen pour retarder les signaux de donndes
dchantillonndes (622), coupld a ladite source du signal d'horloge
d'4chantillonnage, comportant un port d'entr6e coupl6 pour recevoir le
signal de sortie dudit premier moyen de combinaison (610) et sensible
auxdits seconds signaux de commande de programmation pour fournir une
pluralit6 de versions retardwes sWlectionn6es du signal de sortie dudit
premier moyen de combinaison au niveau des ports de sortie respectifs,
chacune desdites versions 15    retarddes sdlectionndes dudit signal de
sortie dudit premier moyen de combinaison dtant retardee par rapport au
signal de sortie dudit premier moyen de combinaison de multiples entiers
respectivement diff6rents de la p6riode dudit signal d'horloge
d'dchanfillonnage ; et un moyen d'interpolation des signaux (920), couple &
au moins un des ports de sortie dudit moyen pour retarder les signaux de
donn6es dchantillonndes et sensible auxdits seconds signaux de comman- 20
de pour retarder effectivement le signal fourni a lun des ports de sortie
dudit moyen pour retarder les signaux de donn~es dchantillonn6es d'une
quantit4 de temps sensiblement 6gale a N/M fois la p~riode dudit signal
d'horloge d'dchantillonnage oO M est un entier plus grand quo 1 et N est un
entier positif ayant une valeur d6terminde par lesdits seconds signaux de
commande. 26  6. Systbme pour corriger une distorsion par trajets multiples
dans un signal video, comportant un port de sortie et comprenant: une
source de signaux viddo (210) comprenant un signal de porteuse modul6, un
signal direct comportant un 6l6ment de signal d'entrainement modulant ledit
signal de porteuse et comprenant de plus des signaux retard~s dudit signal
de porteuse module qui constituent des composantes de 30     distorsion par
trajets multiples; un moyen de demodulation (220, 230) , coupl6 & ladite
source de signaux viddo, pour demoduler ledit signal viddo on premiers et
seconds signaux reprdsentant des signaux en bande de base qui sont
respectivement en phase et en quadrature de phase par rapport audit signal
de porteuse; un moyen de filtrage a reponse impulsionnelle infinie complexe
(280) comportant des premier et 35     second ports d'entrde couplds pour
recevoir lesdits premiers et seconds signaux, respectivement, et comportant
des valours de coefficients de filtre complexes programmables; caract6ris4
par une source (285) des premiers et seconds signaux de r6fdrence
representant, respectivement, los dlments de signal d'entrainement desdits
premiers et seconds signaux a l'exclusion pratiquement 



totale de toutes composantes de distorsion & trajets multiples; 40
un moyen de commando (282) coupld audit moyen de demodulation et & ladite
source (285) desdits premiers et seconds signaux de r6ference pour
d6velopper un modble math~matique d'un systeme de filtrage des signaux qui,
sensible auxdits premiers et seconds signaux de r~fdrence, produit des
premiers et seconds signaux synthdtisds qui sont sensiblement dgaux aux
6lments de signal d'entrainement desdits premiers et seconds signaux
obtenus aprbs ladite d6modulation, respecti- 45     vement, et pour
programmer les valeurs de coefficents complexes dudit moyen de filtrage a
rdponse impulsionnelle infinie avec les valeurs de coefficients complexes
d6termin~es I partir dudit modble mathdmatique pour conditionner ledit
moyen de filtrage a r~ponse impulsionnell infinie afin de foumir, comme
signal de sortie au niveau dudit port de sortie, le premier 6l6ment de
signal dudit signal direct & l'exclusion pratiquement totale desdits
signaux retard~s. 60 7. Bysyme selon la revendication 6, caract6ris6 , de
plus, en ce quo ledit moyen de filtrage a r ponse impulsionnelle infinie
comporte des retards de prise programma- bles ; et ledit moyen de commando
comprend des moyons (654) pour programmer les retards de prise 55     dudit
moyen de filtrage a r~ponse impulsionnelle infinie avec des valeurs de
retard ddtermindes a partir dudit modble mathimatique . 68    EP 0 "I441
0j 111111 111,11 IIII! Ii III a Systeme selon la revendication 7,
caract6rise de plus par: une source (222) de signal d'horloge
d'dchantillonnage; des premiers et seconds moyens de conversion
analogique-numdrique (232,234) , couplis audit moyen de demodulation (220,
230) pour d6velopper , respectivement, les premieres et secondes 6
s~quences d'dchantillons numdriques reprdsentant lesdits premiers et
seconds signaux a des instants dftermin~s par ledit signal d'horloge
d'6chantillonnage, lesdits premiers et seconds moyens de conversion
analogique-num6rlque 6tant coupl6s pour fournir lesdites premieres et
secondes s~quences d'dchantillons num6riques audit moyen de filtrage &
r6ponse impulsionnelle infinie (280) et audit moyen de commando (282) ; et
dans lequel 10        ledite source desdits premiers et seconds signaux de
rdf~rence comprend un moyen de mimoire morto (285) programmde avec des
valeurs d'dchantillons reprdsentant lesdits premiers et seconds signaux de
rdf~rence ; et ledit moyen de commande comprend: un moyen de mdmoire vive
(282) ; et i5        un moyen de traitement des donndes (282) coupl4 audit
moyen de memoire morte et audit moyen de m~moire vivo et 6tant commands par
un programme pour enregistrer une pluralit6 d'4chantillons numrriques a
partir de chacune desdites premieres et secondes s6quences d'6chantillons
numrriques, represontant l'6lement signal d'entrainement dudit signal
video, dens ledit moyen de m6moire vive, pour g~n~rer ledit modble
math6matique dudit systhme de filtrage de signaux et pour g~n6rer lesdites
20     velours de coefficients complexes et losdites valeurs de retard de
prise pour ledit moyen de filtrage a rdponse impulsionnelle infinie (280).
9. Systbme selon la revendication 8, caractlris4 de plus en ce quo ledit
moyen de filtrage a reponse impulsionnelle infinie comprend: 25        des
premiers et seconds ports d'entr~e pour appliquer lesdites premieres et
secondes s8quences des 6chantillons numeriques; des premier (610) at second
(620) moyens de combinaison des signaux, couples respectivement auxdits
premier et second ports d'entrde pour combiner lesdites premieres et
secondes sdquences d' dchantillons numrriques avec les premieres et
secondes s9quences supplimentaires respectives d' 30     dchantillons
numdriques reprdsentant les premiers et seconds signaux respectifs de
correction pour produire les premieres et secondes s6quences d'echantillons
corrigds, respectivement, dans lequel ladite premibre s~quence
d'echantillons corrig6s est le signal de sortie dudit moyen de filtrage a
rdponse impulsionnelle infinie; un moyen programmable pour retarder les
signaux (622) , coupl6 auxdits premiers et seconds 35     moyens de
combinaison pour retarder les premieres et secondes sequences respectives
des 6chantil- Ions corriges fournis ainsi, comportant une pluralit6 de
ports de sortie et comportant une circuiterie pour fournir des versions
retardies desdites premieres et secondes s6quences d'echantillons corrig~s
& chacun desdits ports de sortie, dens loquel la quantite de temps de
retard communiqu6e aux versions retardees desdites premieres et secondes
s6quences d'echantillons corrig~s foumie au niveau 40     de chacun desdits
ports de sortie est d~terminee par les premiers signaux de commande de
programmation; 



une pluralit4 de moyens de multiplication des coefficients complexes
programmables (656, 658, 660), chacun dtant couple & l'un respectivement
different des ports de sortie dudit moyen programma- ble pour retarder les
signaux afin de multiplier les versions retard6es des premieres et secondes
45    s9quences d'dchantillons corriges foumis ainsi par des valours
respectivement diff~rentes desdites velours de coefficients complexes pour
developper les premiores et secondes sequences de valeurs d'6chantillons
ponddrds, chacune desdites velours de coefficients complexes dtant
ddtermin6e par des seconds signaux de commando de programmation appliques a
chaque moyen de ladite pluratit6 de moyens de multiplication de
coefficients complexes programmables ; et 50        un troisieme et un
quatribme moyens de combinaison des echantillons (662, 668) , couplds a
chacun desdits moyens de multiplication des coefficients complexes pour
combiner les premieres et secondes s~quences respectives des valeurs
d'4chantillons pond6res foumies ainsi pour g6ndrer lesdites premieres et
secondes sequences d'6chantillons corriges respectivement ; et ledit moyen
de traitement des donnees commande par ledit programme pour g6ndrer lesdits
55     premiers signeux de commando de programmation et lesdits seconds
signaux de commando de programmation . 69    EP 0 441 778 B1
I  II1iIL NIIIJ III H ll 10. Systbme selon la revendication 9, caract~ris4
de plus en co que ledit moyen programmable pour retarder les signaux
comprend: un moyen pour retarder les signaux de donn6es 6chantillonn~es
(622), coupl6 & ladite source de signal d'horloge d'dchantillonnage,
comportant des premier et second ports d'entrde couplds pour 5     recevoir
les premieres et secondes s6quences d'6chantillons corrig~s respectivement,
et sensibles auxdits seconds signaux de commande de programmation, pour
fournir une pluratile de versions retardees s9lectionnees desdites
premieres et secondes sequences d'dchantillons corrig~s au niveau des ports
de sortie respectifs, chacune desdites versions retard6es s~lectionnees
desdites premieres et secondes s6quences d 'chantillons corrigis 6tant
retardde par rapport auxdites premi res et secondes 10     sdquences
d'4chantillons corrlgds de multiples entiers respectivement diffdrents de
la pdriode dudit signal d'horloge d'4chantillonnage ; et un moyen
d'interpolation des valeurs d'6chantillon (920), coupl4 a au moins un des
ports de sortie dudit moyen pour retarder les signaux de donndes
dchantillonndes et sensible auxdits seconds signaux de commande pour
retarder offectivement la version rotard6e s~lectionn~e desdites premieres
et is     secondes s9quencos des dchantillons corrigds foumis ainsi d'une
quantit6 de temps sensiblement egale A N/M fois la pdriode dudit signal
d'horloge d'6chantillonnage oO M est un entier plus grand quo 1 et N est un
entier positif ayant une valeur ddterminde par lesdits seconds signaux de
commando. 20 25 30 35 40 45 50 65 70    


