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Description

BACKGROUND OF THE INVENTION

[0001] The present invention relates generally to time delay estimation and more particularly to circuits for time delay
estimation in laser scanning.
[0002] Increasing complex systems require increasingly accurate and fine-grained time delay estimation. For example,
some laser scanning systems measure a time delay between a sent and received laser pulse to determine the distance
to an object. The time delay between the sending of the pulse and the receiving of the reflected pulse is very small and
must be measured with great accuracy - on the order of less than 10 nanoseconds - in order to properly determine the
desired distance measurement. Conventional methods of time delay estimation are either prohibitively expensive or
unable to accurately detect such small time intervals.
[0003] In a laser scanning system, the distance to a remote object is measured by reflecting some energy of a short
laser pulse off the object. When the pulse is emitted, some of its energy is diverted immediately and is sent to an
avalanche photo diode. The difference in time between the time the pulse is emitted and the time the reflected pulse is
received at the emitter, multiplied by the speed of light, provides an estimate of the distance to the remote object. In
order for the distance measurement to have accuracy on the order of about a millimeter, the time estimate must be
accurate to within a few picoseconds.
[0004] Conventional techniques of time delay estimation in laser scanning are described in U.S. Patent Application
No. 6,665,055, entitled "Light-Wave Rangefinder Using a Pulse Method" (Ohishi), U.S. Patent No. 5,619,317, entitled
"Light-Wave Distance Meter Based on Light Pulses" (Oishi), and U.S. Patent Application No. 2005/0052952, entitled
"Time Interval Measurement Device" (Panek).
[0005] US 4,856,893 A discloses a laser distance measuring apparatus in which beams from two lasers are combined
and focused on a target. After reflection, the composite reflected beam is redivided and compared with two reference
beams by means of two photodetectors. The electrical signals produced by the photodetectors are processed by re-
spective bandpass filters and by two phase comparators, which determine the phase difference between the outputs of
the bandpass filters. The outputs of the phase comparators are processed to produce high resolution and low resolution
range output data. Doppler data are provided, which is combined with the high and low resolution output signals to
produce information about the target.
[0006] EP 1 180 758 A discloses a device for detecting a mobile sound source. A sensor transforms the sound wave
generated by the sound source into two electric signals time shifted by a delay. The two electric signals are processed
by two highpass filters. A separate filter processes the output of the low-pass filters, and the resulting signal is analyzed
to obtain information relating to the signal.
[0007] DE 3 322 500 A1 discloses a method for determining position, speed and course information relating to a
vehicle. In a circuit for an apparatus for carrying out the method, a bearing angle of the vehicle is determined in part,
using three highpass filters connected to the outputs of three transducers.
[0008] Ohishi and Oishi disclose techniques for introducing an electrical pulse into a tuned filter. This has the effect
of stretching the pulse into a series of damped oscillations. To further reduce the analog measurement bandwidth, this
waveform is periodically sampled at a low frequency with a small increase of time delay between each sample. However,
as discussed above, these methods fail to provide sufficient accuracy for short time interval estimation and thus cannot
provide a quality distance measurement.
[0009] Panek utilizes improvements in the speed and cost of high speed samplers to use a slightly different approach.
Panek discloses sampling in real time when the bandwidth of the tuned filter is narrower than half the sampling bandwidth.
However, only a small part of the pulse energy is used in such an approach. Only a small dynamic range of pulse
durations can be measured because, as longer pulses are introduced, the filter response is necessarily diminished. This
approach also compromises system accuracy by separately introducing a calibration pulse into each channel.
[0010] Related methods of time delay estimation used a Nutt interpolator. However, the Nutt interpolator cannot
measure pulse widths wider than the resolution of the filter used and information is lost. Accordingly, such a method
cannot properly account for the increased resolution accuracy required in modem time delay estimation.
[0011] Accordingly, improved systems and methods of time delay estimation are required.

BRIEF SUMMARY OF THE INVENTION

[0012] The present invention generally provides methods of time delay estimation. In one embodiment, estimating a
time differential between a plurality of signals includes determining a filter response of a first electrical signal with a first
filter array, determining a filter response of a second electrical signal with a second filter array, and determining, based
at least on the filter response of the first electrical signal and the filter response of the second electrical signal, a time
differential between the first electrical signal and the second electrical signal. In a light detection and ranging (LIDAR)
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application, for example, a first optical signal is converted into the first electrical signal and a second optical signal is
converted into the second electrical signal. The filter response of the first electrical signal and the filter response of the
second electrical signal are sampled and the time differential between the first electrical signal and the second electrical
signal is determined based at least on the sampled filter response of the first electrical signal and the sampled filter
response of the second electrical signal.
[0013] In some embodiments, the second electrical signal is amplified and a filter response of the amplified second
electrical signal is determined with a third filter array. Either the filter response of the second electrical signal or the filter
response of the amplified second electrical signal is then selected as the second electrical signal for determining the
time differential.
[0014] In another embodiment, a method for calibrating the time delay estimation circuit includes generating a cali-
bration pulse, determining a filter response of the calibration pulse with a first filter array, determining a filter response
of the calibration pulse with a second filter array, and determining, based at least on the filter response of the calibration
pulse determined with the first filter array and the filter response of the calibration pulse determined with the second
filter array, a phase correction. In some embodiments, the filter response of the calibration pulse determined with the
first filter array and the filter response of the calibration pulse determined with the second filter array are sampled. The
phase correction is determined based at least on the sampled filter response of the calibration pulse determined with
the first filter array and the sampled filter response of the calibration pulse determined with the second filter array.
[0015] These and other advantages of the invention will be apparent to those of ordinary skill in the art by reference
to the following detailed description and the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0016]

FIG. 1 is a diagram of a time delay estimation circuit according to an embodiment of the invention;
FIG. 2 depicts a flowchart of a method of time delay estimation according to an embodiment of the present invention;
FIG. 3 depicts a graph of exemplary filter frequencies aliased to the base band;
FIG. 4 depicts a graph of exemplary filter responses;
FIG. 5 depicts a graph on an exemplary filter response as a function of pulse width; and
FIG. 6 shows a flowchart of a method of calibration of a time delay estimation circuit according to an embodiment
of the present invention.

DETAILED DESCRIPTION

[0017] At least one embodiment of the present invention provides techniques for measuring the time between two
optical pulses (e.g., a start pulse and a stop pulse) that relate to the transit time between a measurement instrument
and a distant object. Of course, this may be extended to measure or estimate the time between any two events using
the inventive techniques described herein. When applied to laser scanning, optical pulses are converted into an electrical
signal to enable an electronic device to make an estimate of the time differential.
[0018] FIG. 1 depicts a time delay estimation circuit 100 according to an embodiment of the present invention. Though
described herein as a general circuit with specific reference to components of that circuit, one of skill in the art will
recognize that the functions of time delay estimation circuit may be performed by any appropriate combination of electrical
and/or electromechanical devices.
[0019] Circuit 100 includes sensor 102, which receives one or more inputs. Sensor 102 passes signals indicative of
the inputs to switch 104. In some embodiments, switch 104 selectively passes at least a portion of the signals to start
pulse switch 106, which allows signals to pass to start pulse filter array 108. In alternative embodiments, switch 104
allows signals to pass directly to start pulse filter array 108. Substantially simultaneously, sensor 102 passes signals to
comparator 110.
[0020] In some embodiments, switch 104 also selectively passes at least a portion of the signals to low gain switch
112 and high gain switch 114. In turn, low gain switch 112 passes the signals to low gain filter array 116 and high gain
switch 114 passes the signals through amplifier 118 to high gain filter array 120. In alternative embodiments, switch 104
allows signals to pass directly to low gain filter array 116 and through amplifier 118 to high gain filter array 120.
[0021] Gain selection switch 122 selectively allows signals propagating through low gain filter array 116 and/or high
gain filter array 120 to pass to sampler 124 to be sampled before passing to processor 128. Similarly, signals propagating
through start filter array 108 pass to sampler 126 to be sampled before passing to processor 128. Processor 128, in
addition to receiving signals from samplers 124 and 126 may also be in communication with and/or control switches
104, 106, 112, 114, and 120 as will be discussed further below with respect to FIG. 2.
[0022] In some embodiments, circuit 100 also includes a calibration pulse generator 130. Calibration pulse generator
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130 is configured to transmit signals (e.g., electrical signals, pulses, etc.) to start switch 106, low gain switch 108, and
high gain switch 114.
[0023] Sensor 102 may be any appropriate sensor, such as a photodetector. In at least one embodiment, sensor 102
is an avalanche photodiode. In an alternative embodiment, sensor 102 is an amplified avalanche photodiode. In some
embodiments, sensor 102 is configured to convert an incoming input signal (e.g., an optical pulse, a pulse pair, etc.)
into an electrical signal. Sensor 102 may receive a pulse pair (e.g., a start pulse and a stop pulse) and convert the optical
signals into electrical signals.
[0024] Switches 104, 106, 112, 114, and 122 may be any appropriate switch capable of receiving and/or selectively
passing signals (e.g., electrical signals indicative of optical pulses). In some embodiments, switches 104, 106, 112, 114,
and 122 may be analog or bilateral switches. In at least one embodiment, switch 104 is an RF analog switch. Switches
106,112, and 114 may be capable of switching between incoming signals from sensor 102 via switch 104 and calibration
pulse generator 130. Switch 122 may directed by processor 128 to utilize the signal from either filter array 116 or filter
array 120 that is most likely to be in an appropriate range of amplitude.
[0025] Filter arrays 108,116, and 120 may be any appropriate combinations (e.g., banks, stacks, etc.) of filters (e.g.,
electronic filters, electromechanical filters, etc.) such as surface acoustic wave (SAW) filters, comb filters, band pass
filters, or the like. In at least one embodiment, filter arrays 108, 116, 120 are SAW filters centered at approximately 140
MHz and approximately 80 MHz and have a band width of approximately 8 MHz. That is, each filter array 108 116,120
may have multiple filters (e.g., one filter centered at approximately 140 MHz and one filter centered at approximately 80
MHz) and signals may be further split to pass through all the filters in parallel in the filter arrays. The output of the filters
is recombined before passing further through time delay estimation circuit 100. Other types of filters, centers, and band
widths may be used as appropriate.
[0026] Comparator 110 may be any appropriate device or devices, such as an analog comparator, for comparing
multiple signals. Comparator 110 may be configured to detect a start pulse (e.g., from sensor 102), a stop pulse (e.g.,
from low gain switch 112), and an amplified stop pulse (e.g., from amplifier 118) and send signals indicative of these
pulses to processor 128. Comparator 110 may thus use counters operating at a predetermined frequency. In at least
one embodiment, the counters are running at 250 MHz.
[0027] Samplers 124 and 126 may be any appropriate sampling devices. In at least one embodiment, samplers 124
and 126 are and/or include high speed analog to digital converters. Samplers 124 and 126 may thus be configured to
determine rising and falling edges of the start pulse, the stop pulse, and the amplified stop pulse as well as any calibration
pulses.
[0028] Processor 128 may be any appropriate computer, processor, or combination of components configured to,
among other things, collect data associated with time measurement and/or estimation, estimate differential time meas-
urements, communicate with other processors (not shown), and control the states of switches 104, 106, 112, 114, and 122.
[0029] Processor 128 may control the overall operation of circuit 100 by executing computer program instructions
which define such operation. The computer program instructions may be stored in a storage device (not shown) (e.g.,
magnetic disk, database, etc.) and loaded into memory (not shown) when execution of the computer program instructions
is desired. Thus, applications for performing the herein-described method steps in methods 200 and 300 are defined by
the computer program instructions stored in the memory and/or storage and controlled by the processor 128 executing
the computer program instructions. The processor 128 may also include one or more network interfaces (not shown)
for communicating with other devices via a network. Processor 128 may include one or more central processing units,
read only memory (ROM) devices and/or random access memory (RAM) devices. One skilled in the art will recognize
that an implementation of an actual controller could contain other components as well, and that the processor of FIG. 1
is a high level representation of some of the components of such a controller for illustrative purposes.
[0030] According to some embodiments of the present invention, instructions of a program (e.g., controller software)
may be read into memory, such as from a ROM device to a RAM device or from a LAN adapter to a RAM device.
Execution of sequences of the instructions in the program may cause the processor 128 to perform one or more of the
method steps described herein, such as those described above with respect to methods 200 and 300. In alternative
embodiments, hard-wired circuitry or integrated circuits may be used in place of, or in combination with, software in-
structions for implementation of the processes of the present invention. Thus, embodiments of the present invention are
not limited to any specific combination of hardware, firmware, and/or software. The memory may store the software for
the processor 128, which may be adapted to execute the software program and thereby operate in accordance with the
present invention and particularly in accordance with the methods described in detail above. However, it would be
understood by one of ordinary skill in the art that the invention as described herein could be implemented in many
different ways using a wide range of programming techniques as well as general purpose hardware subsystems or
dedicated controllers.
[0031] Such programs may be stored in a compressed, uncompiled and/or encrypted format. The programs furthermore
may include program elements that may be generally useful, such as an operating system, a database management
system, and device drivers for allowing the controller to interface with computer peripheral devices, and other equip-
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ment/components. Appropriate general purpose program elements are known to those skilled in the art, and need not
be described in detail herein.
[0032] Calibration pulse generator 130 may be any appropriate component or group of components able to transmit
substantially simultaneous signals to start pulse switch 106, low gain switch 108, and high gain switch 114. Further
discussion of calibration in relation to calibration pulse generator is included below with respect to FIG. 6.
[0033] FIG. 2 depicts a flowchart of a method 200 of time delay estimation according to an embodiment of the present
invention. Time delay estimation circuit 100 or a similar time delay estimator may be used to perform the various steps
of method 200. The method starts at step 202.
[0034] In step 204, a first signal is received at sensor 102. The signal may be an optical signal, such as a start pulse
or signal from a laser scanning apparatus. In step 206, the first signal is converted into an electrical signal.
[0035] In step 208, a course estimate is made of the time of arrival of the first signal. The course estimate may be
made by comparator 110 in conjunction with counters in processor 128. In some embodiments, such an estimate may
be accurate to within a few nanoseconds.
[0036] In step 210, a filter response of the first signal is determined. The filter response may be determined by the
start filter array 108. As discussed above, in some embodiments, two sets of filters are used in filter array 108. For
example, one set of filters may be 80 MHz and on set of filters may be 140 MHz. The first signal is split and half of the
signal enters one set of filters (e.g., the 80 MHz filters) and the other half of the signal enters the other set of filters (e.g.,
the 140 MHz filters). The output (e.g., filter response) is recombined before passing to step 212.
[0037] In practice, the pass bands should not overlap when aliased down to the base band. In the exemplary embod-
iment described herein, with sampling at 125 MHz, the 140 MHz frequencies are aliased to 15 MHz and the 80 MHz
frequencies are aliased to 45 MHz. FIG. 3 depicts a graph 300 of exemplary filter frequencies aliased to the base band
with a 125 MHz sampling rate resulting in a pulse amplitude 302 from one filter (e.g., the 80 MHz filter) and a pulse
amplitude 304 from the other filter (e.g., the 140 MHz filter).
[0038] FIG. 3 shows "aliased" filter responses. The center of the X axis of the graph is at zero frequency. There are
positive and negative frequencies shown in the graph. The response designated as pulse amplitude 304 is the positive
frequency alias of the 140 MHz filter response. The corresponding 140 MHz negative frequency alias is the mirror-image
response immediately to the left of pulse amplitude 304. The response designated as pulse amplitude 302 is the negative-
frequency alias of the 80 MHz response. The corresponding 80 MHz positive-frequency alias is the response to the right
of the alias designated as pulse amplitude 304. Note that sampling is equivalent to radio frequency "mixing" (e.g., a
multiplication process), just viewed from a different perspective. So, one of ordinary skill in the art would recognize not
only the positive-frequency aliases but also the negative frequency aliases, as well as the frequency-order inversion
that happens for the aliased responses from the 140 MHz filter (since the sample frequency is less than the filter frequency).
[0039] FIG. 4 depicts a graph 400 of exemplary filter responses with a 125 MHz sampling rate. Unaliased filter responses
402 and 404 are centered around the respective filter frequencies of 80 MHz and 140 MHz, as discussed above. The
80 MHz and 140 MHz frequencies are aliased down to responses 406 (e.g., at 45 MHz) and 408 (e.g., at 15 MHz),
respectively.
[0040] Use of multiple filters allows a broader range of pulse widths to be properly addressed. The spectrum of a
clipped Gaussian pulse has sin(x)/x envelope response nulls; the frequency location of the null will vary as a function
of pulse width. When the pulse width is close to the reciprocal of the center frequency, the responses from the rising
and falling edges approximately cancel each other out and there is very little signal. In the exemplary embodiment
discussed herein, the 140 MHz filters have the largest response to a pulse approximately three to four nanoseconds
wide and the smallest response to a pulse approximately seven seconds wide. The 80 MHz filters have the largest
response to a pulse approximately seven nanoseconds wide and the smallest response to a pulse approximately twelve
to thirteen seconds wide. Using both filters ensures there will be a significant response for pulses up to thirteen nano-
seconds wide. Additionally, more of the energy of the original pulse may be used. For pulse widths in which both filters
provide a good response, twice as many frequencies are used in the time delay estimation, which improves the accuracy
of the measurement. FIG. 5 depicts a graph 500 on an exemplary filter response as a function of pulse width. Pulse 502
represents the signal through a first filter (e.g., the 80 MHz filter) and pulse 504 represents the signal through a second
filter (e.g., the 140 MHz filter).
[0041] After the filter response is determined as described above in step 210, the filter response is sampled by sampler
126 in step 212. That is, sampler 126 samples the filter response determined in step 210. In at least one embodiment,
the filter response is sampled at a high rate (e.g., approximately 125 MHz). Of course, other sampling rates may be utilized.
[0042] It is necessary that the sample-and-hold part of an analog-to-digital converter (ADC) have enough bandwidth
to allow the original frequency content to pass correctly into the rest of the ADC. So, for example, if the 125 MHz ADC
has a sample-and-hold input bandwidth of 60 MHz, none of the energy from the SAW filters (e.g., filter arrays 108, 116,
120) will be available for the ADC to process.
[0043] In step 214, a second signal is received at sensor 102. The second signal may be an optical signal, such as a
stop or return pulse or signal at a laser scanning apparatus. In step 216, the second signal is converted into an electrical
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signal.
[0044] In step 218, a course estimate is made of the time of arrival of the second signal. The course estimate may be
made by comparator 110 in conjunction with counters in processor 128. In some embodiments, such an estimate may
be accurate to within a few nanoseconds.
[0045] In step 220, the second signal is split into two channels. That is, the second signal is split, sampled, copied, or
otherwise augmented to provide a signal to both high gain switch 114 and low gain switch 112. In this way, one portion
of the signal (e.g., one channel) is provided along an amplified path (e.g., through high gain switch 114, amplifier 118
and high gain filter array 120) and another portion of the signal (e.g., another channel is provided along an unamplified
path (e.g., through low gain switch 112 and low gain filter array 116). The use of two channels in this manner allows
accurate measurement of a much wider dynamic range of second signals (e.g., stop/return pulses, etc.). The propagation
of the second signal portions through the filter arrays 116 and 120 takes a relatively long amount of time, so the processor
128 may direct switch 122 to only pass the signal from the filter array processing a signal likely to be in an appropriate
amplitude range.
[0046] In step 222, a filter response of the low gain portion of the second signal is determined. That is, a filter response
is determined for the portion of the signal passing through the low gain filter array 116 after being split in step 220. The
filter response may be determined by the low gain filter array 116. As discussed above, in some embodiments, two sets
of filters are used in filter array 116. For example, one set of filters may be 80 MHz and on set of filters may be 140 MHz.
The portion of the second signal is split and half of the signal enters one set of filters (e.g., the 80 MHz filters) and the
other half of the signal enters the other set of filters (e.g., the 140 MHz filters). The output (e.g., filter response) is
recombined before passing to step 228.
[0047] In step 224, the high gain portion of the second signal is amplified by amplifier 118. That is, the channel passing
through the amplified path is amplified by amplifier 118 before passing to step 226 to be filtered.
[0048] In step 226, a filter response of the amplified portion of the second signal is determined. The filter response
may be determined by the high gain filter array 120. As discussed above, in some embodiments, two sets of filters are
used in filter array 120. For example, one set of filters may be 80 MHz and on set of filters may be 140 MHz. The portion
of the second signal is split and half of the signal enters one set of filters (e.g., the 80 MHz filters) and the other half of
the signal enters the other set of filters (e.g., the 140 MHz filters). The output (e.g., filter response) is recombined before
passing to step 228.
[0049] In at least one embodiment method step 222 is performed in parallel with method steps 224 and 226. That is,
a portion of the second signal passes through the unamplified path and is filtered by filter array 116 at substantially the
same time as another portion of the second signal passes through the amplified path and is amplified by amplifier 118
and is filtered by filter array 120.
[0050] In step 228, a filter response is selected. In at least one embodiment, processor 128 directs switch 122 to allow
a filter response from either the amplified path or the unamplified path to pass to sampler 124. As discussed above,
processor 128 may direct switch 122 to only pass the signal from the filter array processing a signal likely to be in an
appropriate amplitude range.
[0051] The appropriate filter response is passed to sampler 124 and the filter response is sampled in step 230. That
is, sampler 124 samples the filter response selected in step 228. In at least one embodiment, the filter response is
sampled at a high rate (e.g., approximately 125 MHz). Of course, other sampling rates may be utilized.
[0052] In step 232, a time delay is estimated. That is, a time differential between the first electrical signal and the
second electrical signal is determined based at least on the filter response of the first electrical signal and the filter
response of the second electrical signal.
[0053] To estimate the time delay between two signals (e.g., the first and second electrical signals, two optical signals,
etc.), Fourier transforms Fs and Gs of the sampled filter responses determined in steps 212 and 230, respectively, are
found. At each frequency s in a pass band, magnitude Ms = |Fs||Gs| and the phase difference Ps = (arg(Fs/Gs)+Ks)/2π,
which may be predetermined and/or adjusted by a value given by a calibration pulse, discussed below with respect to
FIG. 6, are computed.
[0054] For the Fourier transforms described above, let F(s) be a Fourier transform of a given signal f(t). Using the time
shifting property of Fourier transforms, the transform of f(t-t0) is F(s)e2πit0s. In other words, the transform of f is shifted

by a phase and the phase shift at frequency s is t0s. Given two signals f(t) and g(t) that are expected to differ by a time

shift, the best estimate for the shift is the value to that maximizes

 This utilizes Parseval’s relation and the fact

that g is real valued.
[0055] In the case of a discrete Fourier transform of a band-limited signal sampled at frequency w0, an analogous
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relation of  exists.  is the sample correlation defined

only when d is an integer, but  is a continuous function defined for all real values of d. When

d is not integral, this may be interpreted as the sample correlation that would be obtained by reconstructing the band-
limited continuous signal from its constituent frequencies, shifting by d units in the time domain, resampling at the integer
points, and computing the sample correlation.
[0056] This expression is maximized for a fixed frequency s when st0 is equal to the measured phase difference

between F(s) and G(s). To find the global optimum, F(s) =|F(s)|e2πθ0(s) and G(s) = |G(s)|e2πθ1(s) may be expressed in

terms of their magnitudes and phases as  Thus, the real

part is ∑|F(s)||G(s)|cos(2π(θ0(s)-θ1(s)+t0s)). To the lowest order term, maximizing this quantity is the same as minimizing

 This may be achieved when

[0057] At a single frequency s, signals that are off by a full period cannot be distinguished so Ps is defined only with
respect to the integers. Referring to the completed sampled filtered signal is insufficient to resolve this ambiguity. The
signal looks like a modulated sinusoid at the center frequency of the filter. Because it is coarsely sampled, in the presence
of noise it is difficult to distinguish between a signal and the same or a similar signal that is shifted by any number of
periods. Accordingly, the phase must be unwound. That is, the proper phase must be resolved by some means. In some
embodiments, the phase is unwound by using coarse counters described above. In alternative embodiments, the phase
is unwound by combining information from different frequencies.
[0058] In embodiments in which the phase is unwound with counters, at each pulse the counters are triggered when
the pulse rises above a certain threshold. The counters are again triggered when the pulse falls below the threshold.
Averaging these two counter values provides an estimate of the location of the pulse center. In some embodiments, this
estimate may be accurate to less than the frequency period of the counters, e.g. four nanoseconds for a 250 MHz clock.
[0059] Let sc be a particular frequency near the center of the pass band in MHz. For each pulse, let Fsc

 be the value

of the fast Fourier transform as sc. Let Cp be the counter value estimate of the pulse center and Cf be the counter value

corresponding to the start of the data used in the FFT. Let Φsc be the fraction part of arg(Fsc)/2π+(Cf-Cp)·sc/counterfre-

quency. Φsc provides an estimate of the phase of the filtered pulse at sc measured relative to Cp, the counter value when

the pulse arrived. By comparing the value of Φsc
 for a particular pulse to the average value of Φsc

 over many pulses,

 the arrival of the pulse in the counter cycle may be estimated. The average  does not have significant drift

with time or temperature and may thus be known in advance. In situations in which the average is not known, it may be
computed dynamically by generating a number (e.g., approximately a few hundred) of pulses and keeping a basic
histogram of the phases Φsc

 in the circle. In this way, an estimate of the arrival of the pulse in the clock cycle may be

obtained. To be precise, the raw counter values may be adjusted by  A course estimate of the time

delay may be achieved by making such an estimate for each pulse. The phase Ps may then be adjusted at each frequency

by an integer Ns to obtain a phase estimate of Φs = Ps+Ns, which corresponds to the coarse estimate.

[0060] In embodiments in which counters are not available, the phase may be unwound by estimating a slope. For
each frequency s in the pass band, a phase estimate Ps gives a time delay estimate of ts = Ps/s. Adjusting Ps by an
integer N gives a new estimate ts’ = (Ps+N)/s. To choose the optimal value of N, the parameters τ and n that give the
optimal least squares estimate for the set of equations τs = Ps+n for each s in the pass band is found. Then, N is set to
the closest integer to n and this is used to compute all of the absolute phases Φs = Ps+Ns before making the final time
delay estimate.
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[0061] Once each phase Ps has been adjusted by an integer using one of the herein described methods or another

appropriate method to determine the absolute phase difference Φs, the values from the different frequencies are average

to find the optimal time delay estimate 

[0062] The method ends at step 234.
[0063] FIG. 6 shows a flowchart of a method 600 of calibration of a time delay estimation circuit according to an
embodiment of the present invention. Method 600 may be performed by various components of time delay estimation
circuit 100, described above with respect to FIG. 1. Generally, a calibration pulse may be used to account for differences
between filter arrays (e.g., filter arrays 108, 116, 120). The phase response of filters such as SAW filters is sensitive to
temperature. Without calibration, phase responses would present as error in a time delay estimate due to temperature
drift, manufacturing discrepancies, and/or other factors. The method starts at step 602.
[0064] In step 604, a pulse is generated by calibration pulse generator 130. The calibration pulse is a single pulse that
is split and sent to filter arrays 108, 116, and 120 via start switch 106, low gain switch 112, and high gain switch 114,
respectively.
[0065] In step 606, a filter response for each filter array is determined. This may be similar to the filter responses
determined above in steps 210, 222, and 226 of method 200.
[0066] In step 608, the filter responses for each filter array 108, 116, 120 are sampled. This may be similar to the
sampling described above with respect to method steps 212 and 230 of method 200.
[0067] In step 610, a phase correction for each frequency in the pass band is determined. In this way, a stable zero-
time reference is determined. In at least one embodiment, a fast Fourier transform (FFT) is applied to each sampled
pulse from step 608. This provides a collection of complex numbers representing the phase and amplitude at each
frequency. For each frequency s in the pass band, complex numbers Fs and Gs are given by the FFT for the start channel
(e.g., for the calibration pulse traveling through filter array 108) and for the return channel (e.g., for the calibration pulse
traveling through filter arrays 116 and 120), respectively, at each frequency. The correction factor Ks to be applied at
frequency s is given by the phase difference as Ks = arg(Gs/Fs). In this way, the phase correction is determined. The
phase correction may be used as described above with respect to unwinding the phase for time delay estimation in step
232 of method 200.
[0068] The method ends at step 612.
[0069] The foregoing Detailed Description is to be understood as being in every respect illustrative and exemplary,
but not restrictive, and the scope of the invention disclosed herein is not to be determined from the Detailed Description,
but rather from the claims as interpreted according to the full breadth permitted by the patent laws.

Claims

1. A method of estimating a time differential between a plurality of signals comprising:

determining a filter response of a first electrical signal with a first filter array (108); and
determining a filter response of a second electrical signal with a second filter array (116);
the first filter array (108) comprising a first plurality of bandpass filters; and
the second filter array (116) comprising a second plurality of bandpass filters;
characterized in that the method further comprises:

amplifying the second electrical signal to generate an amplified electrical signal;
determining a filter response of the amplified electrical signal with a third filter array (120);
selecting either the filter response of the second electrical signal or the filter response of the amplified
electrical signal, by passing a signal associated with a selected amplitude range, to determine a selected
filter response; and
sampling the filter response of the first electrical signal;
sampling the selected filter response;
calculating a first Fourier transform, wherein the first Fourier transform is a Fourier transform of the sampled
filter response of the first electrical signal;
calculating a second Fourier transform, wherein the second Fourier transform is a Fourier transform of the
sampled selected filter response; and
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calculating a phase correction such that a correlation between the first Fourier transform and the second
Fourier transform is maximized, wherein the calculated phase correction represents a time differential
between the first electrical signal and the second electrical signal.

2. The method of claim 1 further characterized by:

converting a first optical signal into the first electrical signal; and
converting a second optical signal into the second electrical signal.

3. An apparatus for estimating a time differential between a plurality of signals comprising:

a first filter array (108) adapted to determine a filter response of a first electrical signal;
a second filter array (116) adapted to determine a filter response of a second electrical signal;
wherein:

the first filter array (108) comprising a first plurality of bandpass filters;
the second filter array (116) comprising a second plurality of bandpass filters; and

the apparatus further characterized by:

an amplifier (118) adapted to amplify the second electrical signal, to generate an amplified electrical signal;
a third filter array (120) adapted to determine a filter response of the amplified electrical signal;
a switch (122) adapted to select either the filter response of the second electrical signal of the filter response
of the amplified electrical signal, by passing a signal associated with a selected amplitude range, to determine
a selected filter response for determining a time differential; and
a processor (128) adapted to:

sample the filter response of the first electrical signal;
sample the selected filter response;
calculate a first Fourier transform, wherein the first Fourier transform is a Fourier transform of the
sampled filter response of the first electrical signal;
calculate a second Fourier transform, wherein the second Fourier transform is a Fourier transform of
the sampled selected filter response; and
calculate a phase correction such that a correlation between the first Fourier transform and the second
Fourier transform is maximized, wherein the calculated phase correction represents a time differential
between the first electrical signal and the second electrical signal.

4. The apparatus of claim 3 further characterized by:

a sensor (102) adapted to convert a first optical signal into the first electrical signal; and to convert a second
optical signal into the second electrical signal.

Patentansprüche

1. Verfahren zum Schätzen eines Zeitdifferentials zwischen einer Vielzahl von Signalen, umfassend:

Bestimmen einer Filterantwort eines ersten elektrischen Signals mit einem ersten Filter-Array (108); und
Bestimmen einer Filterantwort eines zweiten elektrischen Signals mit einem zweiten Filter-Array (116);
wobei das erste Filter-Array (108) eine erste Vielzahl von Bandpassfiltern umfasst; und
wobei das zweite Filter-Array (116) eine zweite Vielzahl von Bandpassfiltern umfasst;
dadurch gekennzeichnet, dass das Verfahren ferner Folgendes umfasst:

Verstärken des zweiten elektrischen Signals zur Erzeugung eines verstärkten elektrischen Signals;
Bestimmen einer Filterantwort des verstärkten elektrischen Signals mit einem dritten Filter-Array (120);
Auswählen entweder der Filterantwort des zweiten elektrischen Signals oder der Filterantwort des verstärk-
ten elektrischen Signals durch Weitergeben eines Signals, das mit einem ausgewählten Verstärkungsbe-
reich assoziiert ist, um eine ausgewählte Filterantwort zu bestimmen; und
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Abtasten der Filterantwort des ersten elektrischen Signals;
Abtasten der ausgewählten Filterantwort;
Berechnen einer ersten Fourier-Transformation, wobei die erste Fourier-Transformation eine Fourier-Trans-
formation der abgetasteten Filterantwort des ersten elektrischen Signals ist;
Berechnen einer zweiten Fourier-Transformation, wobei die zweite Fourier-Transformation eine Fourier-
Transformation der abgetasteten ausgewählten Filterantwort ist; und
Berechnen einer Phasenkorrektur, sodass eine Korrelation zwischen der ersten Fourier-Transformation
und der zweiten Fourier-Transformation maximiert ist, wobei die berechnete Phasenkorrektur ein Zeitdif-
ferential zwischen dem ersten elektrischen Signal und dem zweiten elektrischen Signal repräsentiert.

2. Verfahren nach Anspruch 1, ferner durch Folgendes gekennzeichnet:

Umwandeln eines ersten optischen Signals in das erste elektrische Signal; und
Umwandeln eines zweiten optischen Signals in das zweite elektrische Signal.

3. Vorrichtung zum Schätzen eines Zeitdifferentials zwischen einer Vielzahl von Signalen, umfassend:

ein erstes Filter-Array (108), das zum Bestimmen einer Filterantwort eines ersten elektrischen Signals geeignet
ist;
ein zweites Filter-Array (116), das zum Bestimmen einer Filterantwort eines zweiten elektrischen Signals ge-
eignet ist;
wobei:

das erste Filter-Array (108) eine erste Vielzahl von Bandpassfiltern umfasst;
das zweite Filter-Array (116) eine zweite Vielzahl von Bandpassfiltern umfasst; und wobei die Vorrichtung
ferner durch Folgendes gekennzeichnet ist:

einen Verstärker (118), der zum Verstärken des zweiten elektrischen Signals geeignet ist, um ein
verstärktes elektrisches Signal zu erzeugen;
ein drittes Filter-Array (120), das zum Bestimmen einer Filterantwort des verstärkten elektrischen Si-
gnals geeignet ist;
einen Schalter (122), der zum Auswählen entweder der Filterantwort des zweiten elektrischen Signals
oder der Filterantwort des verstärkten elektrischen Signals durch Weitergeben eines Signals geeignet
ist, das mit einem ausgewählten Verstärkungsbereich assoziiert ist, um eine ausgewählte Filterantwort
zum Bestimmen eines Zeitdifferentials zu bestimmen; und
einen Prozessor (128), der für Folgendes geeignet ist:

Abtasten der Filterantwort des ersten elektrischen Signals;
Abtasten der ausgewählten Filterantwort;
Berechnen einer ersten Fourier-Transformation, wobei die erste Fourier-Transformation eine Fou-
rier-Transformation der abgetasteten Filterantwort des ersten elektrischen Signals ist;
Berechnen einer zweiten Fourier-Transformation, wobei die zweite Fourier-Transformation eine
Fourier-Transformation der abgetasteten ausgewählten Filterantwort ist; und
Berechnen einer Phasenkorrektur, sodass eine Korrelation zwischen der ersten Fourier-Transfor-
mation und der zweiten Fourier-Transformation maximiert ist, wobei die berechnete Phasenkor-
rektur ein Zeitdifferential zwischen dem ersten elektrischen Signal und dem zweiten elektrischen
Signal repräsentiert.

4. Verfahren nach Anspruch 3, ferner durch Folgendes gekennzeichnet:

einen Sensor (102), der zum Umwandeln eines ersten optischen Signals in das erste elektrische Signal; und
zum Umwandeln eines zweiten optischen Signals in das zweite elektrische Signal geeignet ist.

Revendications

1. Procédé d’estimation d’une différence temporelle entre une pluralité de signaux comprenant les étapes suivantes :
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déterminer une réponse de filtre d’un premier signal électrique avec un premier ensemble de filtres (108) ; et
déterminer une réponse de filtre d’un deuxième signal électrique avec un deuxième ensemble de filtres (116) ;
le premier ensemble de filtres (108) comprenant une première pluralité de filtres passe-bande ; et
le deuxième ensemble de filtres (116) comprenant une deuxième pluralité de filtres passe-bande ;
caractérisé en ce que le procédé comprend en outre les étapes suivantes :

amplifier le deuxième signal électrique pour générer un signal électrique amplifié ;
déterminer une réponse de filtre du signal électrique amplifié avec un troisième ensemble de filtres (120) ;
sélectionner la réponse de filtre du deuxième signal électrique ou la réponse de filtre du signal électrique
amplifié, en transmettant un signal associé à une plage d’amplitudes sélectionnée, afin de déterminer une
réponse de filtre sélectionnée ; et
échantillonner la réponse de filtre du premier signal électrique ;
échantillonner la réponse de filtre sélectionnée ;
calculer une première transformée de Fourier, la première transformée de Fourier étant une transformée
de Fourier de la réponse de filtre échantillonnée du premier signal électrique ;
calculer une deuxième transformée de Fourier, la deuxième transformée de Fourier étant une transformée
de Fourier de la réponse de filtre sélectionnée échantillonnée ; et
calculer une correction de phase de sorte qu’une corrélation entre la première transformée de Fourier et
la deuxième transformée de Fourier soit optimisée, dans lequel la correction de phase calculée représente
une différence temporelle entre le premier signal électrique et le deuxième signal électrique.

2. Procédé selon la revendication 1, caractérisé en outre par les étapes suivantes :

convertir un premier signal optique en un premier signal électrique ; et
convertir un deuxième signal optique en un deuxième signal électrique.

3. Appareil d’estimation d’une différence temporelle entre une pluralité de signaux comprenant :

un premier ensemble de filtres (108) adapté pour déterminer une réponse de filtre d’un premier signal électrique ;
un deuxième ensemble de filtres (116) adapté pour déterminer une réponse de filtre d’un deuxième signal
électrique ;
dans lequel
le premier ensemble de filtres (108) comprend une première pluralité de filtres passe-bande ;
le deuxième ensemble de filtres (116) comprend une deuxième pluralité de filtres passe-bande ; et
l’appareil est en outre caractérisé par :

un amplificateur (118) adapté pour amplifier le deuxième signal électrique, afin de générer un signal élec-
trique amplifié ;
un troisième ensemble de filtres (120) adapté pour déterminer une réponse de filtre du signal électrique
amplifié ;
un commutateur (122) adapté pour sélectionner la réponse de filtre du deuxième signal électrique de la
réponse de filtre du signal électrique amplifié, en transmettant un signal associé à une plage d’amplitudes
sélectionnée, afin de déterminer une réponse de filtre sélectionnée pour déterminer une différence
temporelle ; et
un processeur (128) adapté pour :

échantillonner la réponse de filtre du premier signal électrique ;
échantillonner la réponse de filtre sélectionnée ;
calculer une première transformée de Fourier, la première transformée de Fourier étant une transformée
de Fourier de la réponse de filtre échantillonnée du premier signal électrique ;
calculer une deuxième transformée de Fourier, la deuxième transformée de Fourier étant une trans-
formée de Fourier de la réponse de filtre sélectionnée échantillonnée ; et
calculer une correction de phase de sorte qu’une corrélation entre la première transformée de Fourier
et la deuxième transformée de Fourier soit optimisée, dans lequel la correction de phase calculée
représente une différence temporelle entre le premier signal électrique et le deuxième signal électrique.

4. Appareil selon la revendication 3, caractérisé en outre par :
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un capteur (102) adapté pour convertir un premier signal optique en un premier signal électrique ; et pour
convertir un deuxième signal optique en un deuxième signal électrique.
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