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(57) Abstract: A position-determining apparatus, such as a GPS receiver, determines the position of the mobile device based on the
time of flight of a transmitted probe signal using a method in which sections of the received signal is classified into two or more cat -
egories and accumulated according to categories before being used to compute the convolutions familiar in the context of a matched
filter. Using the method of the present invention to compute the convolutions, and optionally applying additional time-saving tech-
niques described herein, a position determination is achieved using a number of arithmetic operations that is significantly reduced
from that required in prior art methods to compute the convolutions. The reduced number of arithmetic operations can reduce signi-
ficantly the power consumption required of a device carrying out a method of the present invention, and thereby realizing a signific-
ant advantage.
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SYSTEM AND METHOD OF TIME OF FLIGHT DETECTION
WENSHENG HUA
CROSS REFERENCE TO RELATED APPLICATIONS

The present application relates to and claims priority of U.S. non-provisional application
(“Copending Non-Provisional Application™), serial no. 14/826,128, entitled “SYSTEM AND
METHOD OF TIME OF FLIGHT DETECTION,” filed on August 13, 2015. The Copending

Non-Application is hereby incorporated by reference herein in its entirety.
BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention is related to measuring the distance between two objects based on
a time of flight of a probe signal sent between the objects. In particular, the present invention is
related to measuring the distance between two objects using a positioning system, such as the

Global Positioning System (GPS).

2. Discussion of the Related Art

The “time of flight” of a signal is often used to determine the position or the time of the
objects. The “time of flight” is a time-offset measured between the time a probe signal is sent
and the time the probe signal is received. The distance between the objects is the product of the
time of flight and the propagation speed of the probe signal (e.g., the speed of light, in the case
of'a GPS signal). In the GPS system, the time of flight is referred to as a “pseudo-range
measurement.” In many systems, the time of flight may be used in additional calculations. For
example, in the GPS system, multiple pseudo-range measurements are used to determine a 3-
dimensional position of an object relative to the earth. The clock offset may also be calculated
to further refine the accuracy in the calculated location. Detailed descriptions of various aspects
of the GPS system may be found, for example, in “Global Position System: Signals,
Measurement and Performance” (“£nge”) by Pratap Misra and Per Enge, and its cited

references.
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SUMMARY

According to one embodiment of the present invention, a position-determining
apparatus, such as a GPS receiver, determines the position of the mobile device based on the
time of flight of a transmitted probe signal using a method in which sections of the received
signal is classified into two or more categories and accumulated according to categories before
being used to compute the convolutions familiar in the context of a matched filter.

Using the method of the present invention to compute the convolutions, and optionally
applying additional time-saving techniques described herein, the present invention allows a
position determination to be achieved using a number of arithmetic operations that is
significantly reduced from that required in prior art methods to compute the convolutions. The
reduced number of arithmetic operations can reduce significantly the power consumption
required of a device carrying out a method of the present invention, and thereby realizing a
significant advantage.

The present invention is better understood upon consideration of the detailed description

below in conjunction with the accompanying drawings.
BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a block diagram of GPS receiver 100, in accordance with one embodiment of
the present invention,

Figure 2 is a block diagram showing an implementation of offset calculation channel
200, which is representative of any of channels 103-1, 103-2, ... 103-c of Figure 1, according to
one embodiment of the present invention.

Figure 3 is a flow chart that illustrates a method of operation for an offset calculation
channel (e.g., offset calculation channel 200 of Figure 2), in accordance with one embodiment
of the present invention.

Figure 4 is a flow chart that illustrates the operations in fine offset estimation step 302 of
Figure 3, in accordance with one embodiment of the present invention.

Figure 5 shows a binary probe signal (i.e., having values expressed by either the +1 level

or -1 level), in accordance with one embodiment of the present invention.
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Figure 6 illustrates dividing demodulated signal 604 into sections, in accordance with
one embodiment of the present invention.

Figure 7 shows the waveforms of probe signals 702, 703, 705, and 706, and center probe
signal 704, before, between and after section boundaries 701, in accordance of the present
invention.

Figure 8 illustrates masked probe signal s,,(1), according to one embodiment of the
present invention.

Figure 9 illustrates a categorization scheme for center probe signal 903, in which the 2-
bit value representing the category of each section is assigned based on whether or not
transitions exist in the previous and the following chips, in accordance with one embodiment of
the present invention.

Figure 10 illustrates a categorization scheme in which the category of a section is
encoded by a 3-bit value representing, respectively, whether or not the previous, current and
next section includes a signal transition, according to one embodiment of the present invention.

Figure 11 shows how, using the probability threshold scheme, the probability
distribution of relative offset x evolves in time for category 1 sections under single-T
categorization and masking (i.e., sections in which a transition occurs in the corresponding
probe signal), in accordance with the present invention.

Figure 12 is a flow chart illustrating method 1200 for operating an accumulator,

according to one embodiment of the present invention.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

In the following detailed description, a probe signal transmitted between two objects
may refer to a probe signal sent from one object and received by the other object or,
alternatively, a signal sent by one object, reflected from the second object and then received by
the first object. The present invention is applicable to the GPS or, more generally, the Global
Navigation Satellite System (GNSS), which includes GPS, GLONASS, Galileo, Beidou, and
other similar systems. In fact, the present invention is applicable not only to GNSS/GPS

systems, but also in any time-offset measurement systems. For example, the present invention is
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applicable to measuring a time of fight of a radar probe signal that is sent from a radar antenna,
reflected by the target object and then received by the radar antenna. As another example, the
present invention is also applicable to determining a time of flight of a signal that is transmitted
from a local sender to a local receiver to make a local position measurement. The time-of-flight
technique can be applied to signal synchronization in communication systems. In this detailed
description, a GPS receiver is used to illustrate the present invention. However, the present
invention is not limited to application in a GPS receiver, but also in the applications mentioned
above, as well as other applications.

Figure 1 is a block diagram of GPS receiver 100, in accordance with one embodiment of
the present invention. As shown in Figure 1, signals of multiple GPS satellites are received by
antenna 101. These signals are typically amplified, demodulated and down-converted to an
intermediate frequency (IF). Each signal may also be digitized by the RF front end 102 for
processing in the digital domain. The resulting signal is then processed by one or more offset
calculation channels, 103-1, 103-2, ... 103-c, each of which determines if the received signal
includes a signal transmitted from a corresponding GPS satellite. For each GPS satellite signal
identified, an offset or time of flight between that GPS satellite and GPS receiver 100 is
calculated. CPU 104 further processes the offsets determined from the offset calculation
channels 103-1, 103-2, ... 103-c to calculate receiver 100’s position and time. CPU 104 also
controls offset calculation channels, 103-1, 103-2, ... 103-c. Details of offset calculation
channels, 103-1, 103-2, ... 103-c and their control are provided below. In Figure 1, CPU 104
generally refers to both the CPU circuit itself and any memory, storage (e.g., RAM, ROM,
FLASH memory, and hard disk drives) or other components necessary for supporting CPU
operations.

Figure 2 is a block diagram showing an implementation of offset calculation channel
200, which is representative of any of channels 103-1, 103-2, ... 103-c of Figure 1, according to
one embodiment of the present invention. As shown in Figure 2, block 201 represents
providing digitalized in-phase and quadrature signals (i.c., I and Q signals) generated from RF

front end 102. The I and Q digitized quadrature signals are fed into channel-specific
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demodulator 202. Channel-specific demodulator 202, which receives a variable frequency
signal from numerical oscillator (NCO) 203, removes any remaining frequency modulation
effects caused by, for example, the Doppler effect, receiver movement, local clock drift and any
other effects. Each channel includes a channel-specific NCO and a channel-specific
demodulator, represented by NCO 203 and channel-specific demodulator 202 described above.
The demodulated I and Q signals are then processed in offset estimator 204. CPU 205 controls
NCO 203, channel-specific demodulator 202 and offset estimator 204. CPU 205 may be a
stand-alone computational circuit, or may be implemented by CPU 104, which is the overall
system control circuit shown in Figure 1.

Figure 3 is a flow chart that illustrates a method of operation for an offset calculation
channel (e.g., offset calculation channel 200 of Figure 2), in accordance with one embodiment
of the present invention. As shown in Figure 3, step 301 performs a coarse estimation, also
commonly known as “signal acquisition” in many GPS/GNSS systems. Coarse estimation
reduces the search ranges of the offset and the frequency modulation in preparation for a fine
estimation, which is represented in Figure 2 by step 302. For example, a coarse estimation or
signal acquisition in a GPS system may provide a position accuracy of about 0.5 chip (each chip
is a time unit that is about 1us long) and a Doppler frequency estimation accuracy of between
100Hz to 500Hz. Coarse offset estimation can be assisted by reference to other information,
such as a location estimate from a cell phone tower. A system that uses such assistance
information is called an Assisted GPS (AGPS) system. Structures and operations of AGPS are
discussed, for example, in Enge. Coarse estimation step 301 may also provide an estimate of
the signal-to-noise ratio (SNR) in the received signal, an offset accuracy (or “offset error”) and
frequency accuracy (or “frequency error”).

Step 302 provides a fine estimation, which estimates the offset and the frequency
modulation each to a higher resolution. For example, in one embodiment of the present
invention, a fine estimation searches over an offset between -0.5 chip to 0.5 chip, and a
frequency modulation between -250Hz to 250Hz. Due to various reasons, either one or both of

coarse estimation step 301 and fine estimation step 302 may not always succeed. At step 303, if
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an estimation step is not successful, coarse estimation step 301 is repeated. After a successful
fine estimation step, the offset calculation channel may enter into a wait or idle step for a
predetermined time (i.e., step 304), before repeating fine estimation step 302. The wait time
reduces power consumption in GPS receiver 100.

Figure 4 is a flow chart that illustrates the operations in fine estimation step 302 of
Figure 3, in accordance with one embodiment of the present invention. Generally, the fine
estimation step keeps and updates a set of statistical states based on data samples of the received
signal collected and the time passed. In one embodiment, these statistical states are related to
the probability distribution of the offset. (Conversely, the probability distribution of the offset
may be derived from these statistical states). In some embodiments, the probability distribution
of the offset can be used as the statistical states directly. For example, in one embodiment, the
statistical states are represented by quantities that are proportional to the logarithms of the
probability distribution. (Such a representation allows multiplications of probabilities to be
performed as additions of the logarithms of the probabilities).

As shown in Figure 4, at step 401, a prior estimation of probability distribution Py(x) of
offset x is obtained. In one embodiment, probability distribution Py(x) may be obtained from
coarse estimation step 301. For example. in one embodiment, a distribution P(x) of offset x is

obtained from a signal acquisition in a GPS receiver, with P(x) spanning the search range x €

2

L4

lie' %9], where t, is the chip time. The probability that offset x is outside this search range in

this embodiment is believed small. Initial distribution estimation Py(x) may be obtained from
side information, such as assistance data from a cell tower. The initial search range can be the
range covered by the communication range of the cell tower. In some embodiments, initial
distribution Py(x) may be a rough estimate, while in other embodiments, a simple uniform
distribution can be used, when only the range of offset x is estimated during signal acquisition.
In other embodiments, when a standard deviation is estimated for offset x during signal
acquisition, a Gaussian distribution may be used.

In step 402, data samples of the received probe signal are taken, which are used to

update the probability distribution P(x) at step 402. As probability distribution P(x) corresponds
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to the statistical states in this embodiment, an update to probability distribution P(x) at step 403
updates the statistical states. At step 404, an updated estimation for offset x is then performed
based on the updated probability distribution P(x). A successfully update for offset x is output
at step 405. Alternatively, if the calculate value for offset x requires refinement to meet a
predetermined accuracy requirement, additional data samples of the received probe signals are
taken by returning to step 402. Otherwise, i.e., if offset x cannot be estimated within the current
search range, a failure signal is output at step 408. In that case, a new coarse estimate is
performed by returning to coarse estimation step 301, for example, as illustrated above in
conjunction with Figure 3. At step 406, upon a successful estimate of offset x, the estimator
may wait or idle at step 406 for a predetermined time period to save power. The predetermined
time period may be specified by the user. Probability distribution P(x) — and therefore
correspondingly, the statistical states also -- is updated at step 407, after a specified elapsed time
at step 406. The offset can be estimated by calculating the expected value of offset x from
probability distribution P(x). The variance of the estimation for offset x can also be obtained
from the probability distribution. The operations for updating probability distributions and for
performing data sampling may depend on the characteristics of the probe signal, its
transmission, propagation, reception and processing.

In one embodiment, a binary probe signal alternates between a +1 level and a -1 level, as
illustrated in Figure 5. As shown in Figure 5, the probe signal may transition or “jump” from
the +1 level to the -1 level, or from the -1 level to the +1 level. GPS C/A signal and GNSS
BOC signals are examples of binary signals. The probe signal remains at each state for at least
a chip before the next transition. In GPS/GNSS, each satellite is assigned a special code
sequence, which is encoded in the transmitted signal by the +1 and -1 signal levels and
periodically repeated. The code sequence spans 1023 chips in GPS C/A. The transmitted probe
signal may be further modulated, such as by a predetermined carrier signal of a predetermined
frequency (e.g., a carrier frequency at about 1.575GHz for GPS C/A).

In one embodiment, the received signal is sampled at intervals each having a duration

which is a fraction of chip time #.:
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ty =+ €y

where M is an integer. In some embodiments, one can also choose M to be close to an integer,
or a fraction, and achieve the same or similar advantages of the present invention. The signal
may distort along the way of processing and transmission. Typically, the signal passes through
a transmission filter, a modulator, a transmission antenna, the communication channel (e.g., free
space), a reception antenna, a receiver filter, and a demodulator. The distortion may exhibit
itself as an actual longer transition time than its nominal time, resulting in a slope or other
artifacts. In one embodiment, M is chosen so that, even in the distorted signal, each transition
completes in in less than duration #,. In one embodiment, samples of the demodulated signal (at
IF) from only 1 or Q (i.e., in-phase or quadrature, respectively) channels are used. When the
demodulated signal has close to zero phase, only [ channel is required. In some embodiments,
both in-phase and quadrature samples are taken. When only one of the I and Q channels is
used, the samples are taken at relative time 0, f,, 24, 314, -, nt,, -+ and are denoted y(0), y(1),
v(2), . y(n). . Alternatively, when both I and Q channels are sampled. the output signal

y(n) is complex-valued:

yn) = yln) +jyQm) (2)

where j = /=1, and yI(n) and yQ(n) represent, respectively, the in-phase and quadrature
samples of the demodulated signal at time 7.

Let signal s(n) represent a replica of the probe signal with a time offset at the center of
the estimated search range (“center probe signal™). Signal s(n) can be interpreted as the
expected undistorted form of the received signal based on prior knowledge (e.g., knowledge
from the coarse estimation step 301, described above). Further, let x denote the estimated
offset between the noise-less demodulated signal and center probe signal s(n) (“relative offset™).
The pseudo-range and the location of the receiver may be derived based on relative offset x.
Choosing signal s(n) to have a relative offset at the center of the search range is merely for

mathematical convenience. The offset of signal s(n) may be set at any other position within the
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search range (e.g.. at the beginning of the search range).

The probability distribution may be updated according to Bayes’ Rule:

P)P(ylx)
P(y) ()

where P(xy) is an estimation of the probability distribution of offset x after samples y of the

P(xly) =

demodulated signal are observed. Since P(y) is independent of x, P(y) is a normalization factor
that need not be explicitly calculated. Taking the logarithm on both sides of equation (3), one

obtains the log likelihood equation.
Lixly) = L(x) + L(y'x) - L(y) 4
where L denotes the log likelihood operation, or in general,
L(P) = log (P) )
Let y(n) be modeled as the sum of a noise-less received signal z(n) and an additive noise £(n):
y(n) = yz(n) + &n) )
where v is the gain of the communication channel and g(n) is assumed to have a Gaussian
distribution. Signal z(n) may be assumed to be a shifted version of signal s(n) discussed above.

(Empirically, based on analysis of the transitions of the received signal, this assumption is good
for most cases.) That is:
z(n) = s(n-x) (7
where x denotes the relative offset. Thus, z(n) is also referred to in this detailed description as
“the shifted signal.”
Without loss of generality, one may set an expect magnitude of the signal to be 1 (i.e.

E[ls(n)|] = 1). The signal-to-noise ratio (SNR) of signal y(n) is provided by:

p = L
SNR = 5 8)

where o is the standard deviation of the Gaussian distribution of additive noise &#). Thus,

N-1
Lo = ) LOM|st =) ©)
n=0
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As additive noise &n) is presumed Gaussian:
1 2
Lym)s(n—x) = f;— —2}7(3/(?1) - s(n-x)) (10)

where B¢ is a constant. Accordingly,

> Lemlst =)

1 N-1 N-1 N-1
AT 3 v 2N 7v47/ \.ﬂZ Fany o f N I Y
= N p - -3 A‘ yoinj — ]/‘Lb (n—Xj)+ iy yiysin—Xx; (11)
O-Z n= n=0 n=0
Assuming that the y (n) and the s)(rz) terms are constant, equation (11) can be rewritten as:
N-1 N-1
N Lmlst-0 = p+5 Y ywst-x  (12)
nilsn—x) = — n)s(n — x
2. TRl
=0 =

where f3; is a normalization factor. Define the quantity L (vx) (“un-normalized log likelihood

5 ofsignal y(n) given offset x7) as:

— N—-1
PO = ) POmishi-0 = 5 ) ymsh-x)  (13)
= n=0

Since the convolution operation over two signals v(n) and s(n) is given by:
N-1

conv(u,v,x) = Z v(n)uln — x) (14)

n=0

Equation (13) can be rewritten as:

Lo = Y Lmlsti-2) = L conv(,s,x) (15)
n=0

Recalling from equation (8) above, the factor ﬁ can be obtained from the SNR and o:

SNR

Normalizing the probability distribution ensures that the sum of all probabilities equals 1.

10 Define the un-normalized probability distribution:
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11
P'(xly) = P(x)et O (17)
Therefore, P(x|y) is given by:
P'(x]y)
P(x|y) = o——— 18
(xly) S P xly) (18)

Here, signal y(n) is a sequence of real numbers. Therefore, this result is directly
applicable to the 7 or O samples. In one embodiment, when the signal can be reliably
demodulated, one need only use one of the two channels (e.g., the I channel alone). However, if
signal y(n) is a sequence of complex numbers, i.e., when both 7 and Q channels are sampled (e.g.,

the signal of equation 2), the magnitudes of the convolution conv(y, s, x) and the gain y are used:

N",l |
Lok = ) Lomist-x = Slcow@,s0l (19)
n=0

and
7/ _ VSNR
2" o 20

If M samples are taken of each of N, chips, the total number N of samples is N.M. Using
a straight-forward implementation of the convolution, with the search range of offset x given as

N, chips, the total number C, of accumulate-multiply steps required to calculate conv(y,s,x) is:
Cr = M?N.Ney 2D

In one embodiment, the number of accumulate-multiply steps required may be reduced
significantly by dividing the probe signal into multiple sections and categorizing each section
into one of a set of categories, and processing each section according to the assigned category.
The categorization step may be performed in a pre-processing of the probe signal.

At run time, the samples of the demodulated signal are assigned to sections, guided by
the center probe signal (i.e., signal s(n) described above). Each section is categorized to the
same category as the corresponding section of center probe signal s(n). The samples of the
demodulated signal are then accumulated in a set of accumulators A(k,m) based on category (k)
and the sample index offset (m). The values in the accumulators are then used to calculate a

convolution for each offset x in the search range.
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Under the categorization scheme, each section of a given category in any shifted probe
signal of relative offset x within search range R, is indistinguishable from any other section of
the same probe signal assigned to the same category. Search range R, is referred to as the
“allowed range”, or the “allowed offset range.” A signal that can be categorized to a finite
number of categories is referred to as a “section-categorizable” signal. Binary signals are
always section-categorizable.

Figure 6 illustrates dividing samples of demodulated signal 604 into sections, in
accordance with one embodiment of the present invention. Figure 6 also shows center probe
signal 603. Section boundaries 601 are each set at the mid-point of a corresponding chip in
probe signal 603. Each section lasts one chip time (7.). As shown in Figure 6, each section is
categorized according to the waveform of probe signal 603 within the section. For example, the
neighboring sections 602 are categorized to categories ‘0” and “1°. The categories of the
remainder sections are similarly labeled. In the example of Figure 6, category k of each section
may be any one of four categories: (a) k = 0, when all signal values within the section equal to
the +1 level; (b) & = 1, when the signal values within the section transition once from the +1
level to the -1 level: (¢) k£ = 2, when all signal values within the section equal the -1 level; and
(d) k = 3, when the signal values within the section transitions from the +1 level to the -1 level.

In Figure 6, samples in a section of demodulated signal 604 are accumulated in an
accumulator corresponding to the category of the assigned section and each sample’s sample
offset value. Note that the GPS C/A code is a periodic signal that repeats itself after every ms,
and modulated on another signal (“information bits”). The information bits each have a period
of about 20ms.

Figure 7 shows the waveforms of shifted probe signals 702, 703, 705 and 706, and
center probe signal 704, before, between and after section boundaries 701, in accordance of the
present invention. Shifted probe signals 702, 703, 705 and 706 are obtained by offsetting the
center probe signal 704 by relative offsets -, %4, V4, and % chips, respectively (i.e., within the
offset range of [~—1./2,1./2]). In Figure 7, shifted probe signals 702, 703, 705 and 706 are also
labeled S(n+2), S(n+1), S(n-1) and S(n-2), respectively. Center probe signal 704 is labeled
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Stn). As the signal values of center probe signal 704 transition only once from the +1 level to
the -1 level between section boundaries 701, the section is assigned category k = 1, according to
the categorization scheme described above. In Figure 7, a sampling rate of 4 samples per chip
time may be used (i.e., ¥ chip between samples). Since center probe signal s(n) does not have a
transition within a half-chip time outside of section boundaries 701, in each shifted probe signal,
all sections that are categorized to the same category k£ =/ have the same waveform within their
respective section boundaries. That is, all sections of shifted probe signals 702, 702, 703 and
705 that are categorized to k = / have their respective waveforms between section boundaries
the same as those shown within section boundaries 701. Figure 7 thus illustrate “single-T
categorization,” as the offset range is about one chip-time long.

Categorization may be used to reduce the number of arithmetic operations needed for
calculating the convolution of each relative offset x. Formally, the convolution between the

received signal and a shifted probe signal of relative offset x is given by:

Conv(y,s,x) = YN ty(m)s(n —x) = XML y(eM + m)s(c,m — x) (22)
where ¢ denotes a section index, C denotes the number of sections within the convolution
period, m denotes a sample index for the m-th sample within a section, s(c, m-x) denotes the
signal value for the m-th sample in section ¢ of shifted probe signal s(n-x), x being the relative
offset, and y(cM + m) denotes the m-th sample in section ¢ of the demodulated signal.

Let K be the total number of categories to which a section can be categorized. As
discussed above, within each category &, the signal value sic, m- x) is the same for all ¢ < C,
relative offset x being within allowed range R,. Thus, signal value s(c, m-x) in a section

categorized to category k£ may be denoted s(k, m — x). Accordingly:

C—1M~1 K-1M-1
Conv(y,s,x) = Z Z y(cM +m)s(c,m —x) = Z Z s(k,m — x)Zy(cM +m)
¢ m=0 k=0 m=0 cek

(23)
where ¢ ek denotes section ¢ that is categorized to category k. The accumulation of the samples
of the demodulated signal in section ¢, i.e., Y,cex Y (M + m), may be performed using a set of

accumulators. Let:
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Alk,m) = Yeer y(cM +m) (24)
denote the accumulated value in the accumulator for accumulating samples of sections
categorized to category k with section sample index m. Then, KxM accumulators are needed,
one for each k and each sample offset index. Figure 12 is a flow chart illustrating method 1200
for operating an accumulator at run time, according to one embodiment of the resent invention.
As shown in Figure 12, at step 1201, the beginning of a section is identified. At step 1202, the
section category k is determined or looked-up from a previously calculated table. Then, the M
accumulators for category k are identified. By iteratively performing steps 1204-1208, the
sample values y(cM), y(cM+1), ... y(c(2M-1)) are each added to a corresponding accumulator.
When all sample values in the section are accumulated, at step 1208, the process is repeated for
the next section, until the sample values of all sections of the demodulated signal needed for the
current set of convolutions have been accumulated (step 1209). Thus, if each convolution
involves N samples of the demodulated signal, the total number of accumulate operations equal

N = MN. (note that there is no multiplication performed for the portion of Equation 23):

C, = MN, (25)
At step 1210, for each relative offset x, the convolution Conv(y, s, x) is calculated using the
values in the accumulators:

Conv(y,s,x) = TRZ3 Ty s(k,m — Ak, m) = TiZs conv(s(k), A(k), x)  (26)
Equation 26 shows that each convolution of length N is transformed into the sum of K
convolutions, each of M samples and MN,, offsets. In general, Equation 26 requires:

Coum = KM?N_, 27)
accumulate-multiply operations and
Cs = KMN_, (28)
additions. Accordingly, under the method of Figure 12, the total number of arithmetic

operations required for all relative offsets is much reduced:

Ctotal = Ca + Csam + Csa = MNC + KMZNC)C (29)
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There are numerous ways to implement the accumulators. In one embodiment, the
accumulator operations are performed by a general purpose processor (e.g., a central processing
unit, or CPU), or shared accumulator hardware. In that embodiment, the accumulated results
(and states) of the accumulators are stored in different memory locations in the memory system.
In another embodiment, the accumulators are implemented as hardware accumulators and the
values to be accumulated by such accumulators are sent to them by the system. In other
embodiments, one can use a combination of any of these approaches.

The above method can be applied to any signal that is section-categorizable. In the
example of Figure 6, the section length is selected to be the chip time. However, one may select
another section length, which likely leads to a greater total number of categories (K). Fora
binary signal, such as a GPS/GNSS signal, there are additional ways to further reduce the
required arithmetic operations.  Even with the section length selected to be the chip time, one
can reduce the required arithmetic operations by applying a mask signal to both the samples and
the center probe signal. The mask signal, denoted m,(n), may have a uniform signal value (+1

level or -1 level) for each section. In other words,

my(n) = mg(cM + m) = s(cM) for allm < Mand ¢ < C (30)
Note that my(njmgn) = 1. One may also use other mask signals. For example, one may select
the uniform signal value for each section of the mask signal to be the signal value of the center

probe signal at the late boundary of the section. Since m(njms(n) = 1,

Conv(y,s.x) = LAZ3(ymm()(ms(m)S(n — x)) = L5 ym(Wsun—x)  (GD

where y,.(n) = y(njms(n) is the masked sample signal and s,,(n-x) = mg(n)s(n-x) is the masked
shifted probe signal.

Figure 8 illustrates masked probe signal s,,(n), according to one embodiment of the
present invention. As shown in Figure 8, probe signal 801 (i.e., probe signal s(n)) is used to
construct mask signal 804 which, in turn, provides masked probe signal 804 (i.e., masked probe
signal s,,(n)) shows the masked probe signal s,,. Each section of the masked signal 805 may be

assigned to one of two categories: k£ = 1, which has a transition within the section, or k = 0,
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which does not have a transition within the section. Mask signal 804 transforms both a -1 level
to +1 level transition and a +1 level to -1 level transition in probe signal 801 to a +1 level to -1
level transition in masked probe signal 805. Mask signal 804 also transforms a section with a
uniform +1 level signal value or a uniform -1 level signal value to a uniform +1 signal level.
The value of the masked sample signal y,,(n) = y(n)m,(n) may be calculated before the resulting
sample is accumulated in the corresponding accumulator, while masked probe signal s,,(n) may
be pre-computed. The technique of masking is referred to in this detailed description as the
“masking technology.” Since the number of categories is reduced by one-half in this example,
the resulting circuit has a lesser footprint. In a software implementation, the number of
arithmetic operations required in computing the convolutions is also correspondingly reduced.

Other ways to categorize sections of a probe signal are described next, which allow
convolutions of larger offset ranges to be more efficiently calculated. For example, in one
embodiment, the chip boundaries are used as section boundaries. The masking technology
illustrated by Equations 30 and 37 may be applied to both the probe signal and the sample
signal (i.e., the demodulated received signal). The sections of the masked center probe signal
may be categorized by whether or not there is a signal value transition within the previous and
the following chips. As there are 4 possible categories, the categories are denoted using 2-bit
values. When there is a transition in the previous chip, the first bit of the 2-bit category 1s
assigned a *1°; otherwise, it is assigned a ‘0", Similarly, when there is a transition in the
following chip, the second bit of the 2-bit category is assigned a *1°; otherwise it is assigned a
“0°. Figure 9 illustrates this categorization scheme for center probe signal 903, in accordance
with one embodiment of the present invention. As shown in Figure 9, the section boundaries
are labeled 901. The categories of the sections are provided, as indicated by reference numeral
902. This categorization scheme provides an allowed offset range of /1, 1./, which is twice as
large as that of the single-T categorization scheme illustrated by Figure 6.

Similar techniques allow even greater offset ranges. In general, one may:

1. use chip boundaries as section boundaries;
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2. mask both the probe signal and the sample in the manner illustrated by Equations
30 and 37; and

3. categorize the sections using values in C, previous chips and C, following chips.

Under this method, the category may be encoded by a 2C,-bit binary number, with
each bit corresponding to whether or not the signal value in the current section is equal to the
signal value in the corresponding one of chips at relative offsets -C,, =~ - 1,1 ..., C,. Ifa
signal value within a chip is the same as the signal value in the current section, the
corresponding bit in the category value is *0’; otherwise, the corresponding bit in the
category value is assigned ‘1°. As a result, the category value can be any of 22" values,

> M al -t
and the allowed offset range is /-C,t., Ct.].

One can also extend the allowed offset range for calculating convolution, if one sets

the section boundaries at the mid-points of chips, such as shown in Figure 6:
1. use mid-points of the chips as section boundaries;

2. mask both the probe signal and the sample in the manner illustrated by Equations
30 and 37; and

3. categorize each section using a category value that encodes whether or not there
is a transition in the current section and each of C,, previous sections and C, following

sections.

Under this method, the category value is a 2C,, + 1-bit binary number. The value of
each bit corresponds to a section having one of the relative offsets: -C,, - 1,0,1 ..., C,. If
there is transition within the corresponding section, the corresponding bit is assigned a ‘17;
otherwise, the corresponding bit is assigned a ‘0’. The allowed offset range under this method
is [~—(C, + 1/2)t., (C, + 1/2)t./, and the category value may be any of 22! values. Figure 10
illustrates this method for the case C, = 1, according to one embodiment of the present
invention. In Figure 10, section boundaries 1001 are selected to be mid-points of the chips in

probe signal 1003. As category 1002 value encodes whether or not the previous, current or
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following chip includes a signal transition, there are § categories.

For binary probe signals, the number of arithmetic operations in a convolution
calculation for a given relative offset x may be further reduced. For example, consider two
functions v and u, where u have binary values (i.e. the value of u(i) is either 1 or -1), similar to
the probe signals discussed above. Then the convolution of signals u, v for a relative offset of x
is given by:

Conv(u,v,x) = 12buli — x)v() (32)

Conv(u,v,x +1) =3 uli—x—=1) —u(i —x)v) +uli —x)v(i)

= Conv(u,v,x) + TIZH(uli —x = 1) = u(i = 0)w(0) 5

Because a probe signal of the type we discussed above are binary-valued, and multiple samples

are taken at every chip, the value of the term u(i-x-1) — u(i-x) is often zero. Hence,

Conv(u, v, x) may be calculated recursively in the following manner:

Step 1: calculate Conv(u, v, 0);
Step 2: initialize x = 0;
Step 3: calculate

-1
Z(u(i —x—1)—u(i—x)v()
i=0

Step 4: calculate Conv(u,v,x) using Equation (33) and the result of step 3; and
Step 5t increment x by 1 and repeat Steps 3-5 until all values of x have been
computed.

For example, when v(n) if a +1 level to -1level transition function in a section of center

probe signal s(n):

1, forn<O0 A
v(n) = -1, forn=0 (34)
Then,
Pl —x—1) —u(i = x)v() = 2v(n) (35)

Consequently, the convolution may be calculated by order M steps, using order M
additions, order M subtractions and order M multiple-by-2 operations, rather than the order M

multiplications and additions required for a conventional calculation.
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The powers of the signal and the noise of the received signal may be estimated using the
convolution results. For a general digital signal /(n), its power of the signal is defined as

[h(n)|%. Therefore, the power of signal y(n), represented by N samples, is given by:

Py = < SNy ()l (36)

Let x,.ax to denote the relative offset that yields the maximum correlation magnitude Ca. 1.€.,

Cmax = Conv (J/‘ y 8. Xpax) (37)
The expected value of the gain, E[y], is given by:
Cmax .
ElA =—+= (38)

The power of the signal, P, can be obtained using the maximum correlation value:

['\1]2 _— !Cmaxlz 3
D4 (39)

P, =|
s NZ

i

t

The signal-to-noise ratio can be calculated using:
Py
Py~ Py

SNR =

(40)
In a GPS/GNSS system, P, >> Pg, so that:
SNR =22 (41)
Py

The standard deviation o of additive noise & (approximated by a Gaussian distribution) can be

o=/ (42)

When both the signal-to-noise ratio SNR and signal power P, (or standard deviation c) are

estimated using:

known, the expected magnitude of the maximum convolution value Cq is given by:

E{|Crnax!]ENIE[/]] = NoVSNR = N\/ (SNR)PyZ (43)

where N is the number of the samples in the convolution calculation. The expected magnitude
of maximum convolution value E[|C,,4x|] can be used to detect if the offset x is within the
search range (i.e., the estimate of offset x is successful). If the measured maximum convolution

value C,.qy 18 t00 small:
|Crnax| < CemaxE[|Crmaxl] (44)
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where a4y 1S @ design parameter, then the relative offset x is likely out of range. In some
embodiments, one may choose Qgmq,=10.

In some embodiments, one or more samples may be skipped (i.e., not accumulated in the
accumulators). In one embodiment, for an offset search range of [1/2. 1./2], using single-T
categorization and masking as discussed above, the contribution of a sample in a non-transition
section (i.e., category 0) to each convolution is the same, regardless of the relative offset.
Hence, contributions by “category 07 sections do not change the relative likelihood for any
relative offset x. Thus, such sections do not affect the end result after normalization. Thus,
accumulation of samples in category 0 sections may be skipped.

In each section, the relative offset x of the samples in the section is defined with
respective of center probe signal s(n). The original sample’s index is represented by n = cM +

m, where ¢ is the section number and m is sample section index. Within a given section, if

: o . M .

center probe signal s(n) has a transition just between sample index m= = 1 and sample index
M . M . . . - . .

m= . sample index m= 5 1 is the time point defined to have a relative offset x = 0.

Therefore, s(cM + m) has a relative offset x = m — ,\_;,_ + 1. In one embodiment, M is chosen to

be an even number. In other embodiments, where M is an odd number, one can use floor(M/2)
instead of M/2 to be the time point with zero relative offset.

The total number of arithmetic operations may be further reduced, taking advantage of
the probability distribution of offset x. For example, taking into account samples that have been
taken and processed, offset x is more likely to be within a smaller range of relative offsets. In
one embodiment, calculations involving samples that are unlikely to correspond to a rapidly
changing portion of the probe signal can be skipped. The rapidly changing part of a binary
probe signal is the part that is close in time to where a transition from +1 level to -1 level, or
from level -1 to level +1. occurs. The samples that are unlikely to correspond to a rapidly
changing part of the probe signal are likely to correspond to an unchanging part of the probe

signal. Thus, these samples are unlikely to contribute to a measure that distinguishes between
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the likelihood of different offsets, and thus may be skipped (i.e., need not be accumulated in the
corresponding accumulators).

In category 1 sections (i.e., sections in which a transition occurs in the corresponding
probe signal) under single-T categorization and masking, the probability that a transition
happens just after the sample at relative offset x equals the probability that the received signal
has relative offset x. Hence, one can use the probability of the relative offset to determine
which samples may be skipped. If the probability of relative offset x is smaller than a certain
threshold, the calculations corresponding to relative offset x may be skipped.

Other probabilities may also be used to determine which samples in sections that are not
likely to have a transition may be skipped. For example, in one embodiment, an average of
probabilities P(n-1) and P(n) can be used to determine if the sample at relative offset » may be
skipped:

P,(n) =5 [P(0) + P(n = 1)] (45)
This is because, when n is out of the search range for relative offset x, P(n) = 0. Average
probability P»(n) should be normalized, if needed. Another way to determine to skip is to use a
cumulative probability:

P(n) = Xizo P(D) (46)

Under this scheme (“probability threshold scheme™), one may select a value P, and skip the
samples at certain relative offsets ¢ when P. < P or 1-P. < Pe. In some embodiments, Py
may be chosen to have a value between 0.1 and 0.3, for example. Alternatively, P may be
adjusted empirically or determined by a simulation.

Figure 11 shows how, using the probability threshold scheme, the probability
distribution of relative offset x evolves in time for category 1 sections under single-T
categorization and masking (i.e., sections in which a transition occurs in the corresponding
probe signal), in accordance with the present invention. In Figure 11, accumulations of samples
in unchanging sections have been skipped. Initially, illustrated by probability distribution 1101,
the probability distribution for relative offset x is assumed to be uniform. The probability

distribution for relative offset x evolves in time as illustrated in order by probability
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distributions 1101, 1102, 1103, 1104, 1105, 1106, 1107, and 1108. Each bar (e.g., bar 1110)
provides the probability value corresponding to a relative offset value (e.g.. relative offset value
1112). Line 1111 represents the threshold probability value. If the probability for relative
offset x is less than the threshold probability value, samples corresponding to that relative offset
are skipped.

New samples are taken and added to accumulators A(k,m) continuously. The
accumulators are not reset between iterations. A convolution is calculated in between two
iterations (e.g., iterations of steps 1201 to 1209, for the method illustrated in in Figure 12) in
order to calculate a probability distribution. In some embodiments, the accumulators may be
adjusted for the time passed before a convolution is calculated (the probability distribution is
thereby adjusted as well).

Probability distribution 1102 results after some samples of the demodulated received
signal have been taken and processed. The probabilities of relative offsets -3 and 4 are found
less than threshold 1111. Hence, samples of the demodulated signal at relative offsets -3 and 4
are skipped in the next iteration, leading to probability distribution 1103. At this point, the
probabilities of relative offsets -3, -2, 3, and 4 fall below probability threshold value 1111 and
thus samples at these relative offsets are skipped in the next iteration. Additionally, samples at
relative offsets -1 and 2 are skipped in the following iterations based on probability distribution
1104 and 1105.

During this process, although samples at certain relative offsets are skipped, the
convolutions of all relative offsets inside the search range are still calculated. The skipped
samples are not accumulated, which is equivalent to having a zero signal value). Thus, the
probability of any relative offset may still change (and may sometimes even become larger).
For example. even though samples corresponding to relative offset -1 are not accumulated
immediately after probability distribution 1104 is presented, the probability of relative offset -1
in a subsequent probability distribution (i.e., probability distribution 1106), the probability for
relative offset -1 actually increased. In the iteration after probability distribution 1106 is

presented, accumulation of samples at relative offset -1 resumes. By keeping track of the
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probabilities for all (or at least some) relative offsets in the search range whether or not samples
are accumulated for some of the relative offsets within the range, the resulting method is robust
to statistical fluctuations.

Often, a single relative offset remains that exceeds threshold 1111, such as shown for
relative offset 0 in probability distribution 1107. In one embodiment of the invention, the
sampling and the probability updates are kept running after that event, such as illustrated by
probability distribution 1108, which results after one or more iterations following probability
distribution 1107.

The number of samples that is accumulated before each probability distribution (or other
statistical states) is computed need not be fixed. Selecting an appropriate value at any given
time is a trade-off between avoiding accumulating samples that should be skipped and avoiding
computing probability updates too often. The optimal value minimizes the overall amount of
computation, which results in reduced power consumption.

Sample-skipping may be implemented in any of a number of different stages in the
system. For example, in one embodiment, the signal samples that are skipped are received into
the analog-digital converter (ADC). In another embodiment, the signal samples are received
into the ADC, but the converted digital samples are not saved into memory. In another
embodiment, the samples are saved in memory but are not provided to the accumulators.

Signal samples maybe buffered by the system. In one embodiment, each sample is
processed directly after it is received into the ADC. In another embodiment, after digitization in
the ADC, the samples may be buffered in memory for processing at a later time.

Sample-skipping is based on the principle that one can avoid taking or using samples
that have such a low probability of contributing to a probability distribution as to affect
differentiating among the high-probability possible offsets of the signal. This result can be
achieved in many in different ways. In some embodiments, one can achieve the same or similar

results by adjusting the sampling frequency:
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1. taking samples at a lower initial sampling rate;
2. calculating a probability distribution of the possible offsets;
3. when a range of offsets have probabilities that are significantly less than the

others, those low-probability offsets are marked to be skipped:

4. when the remaining offset range (i.e., the range of offsets corresponding to
samples that are not skipped) is small enough (e.g.. less than a half of the previous range),
increasing the sample frequency (e.g., by a factor of 2); and

S. repeating steps 2-5 until the desired offset resolution is archived.

The value in the accumulator for the samples at the corresponding relative offset may be
used to provide a finer estimate for the relative offset, ¢.g., an estimate with a resolution finer
than the sampling time.

In one embodiment, the system keeps track of the number of samples N(k, x) that are
added into the accumulator, where £ is the category and x is the relative offset. The relative
offset translates into the sample index by the relation m = x + M/2 - 1. (The accumulator value
can also be looked up A(k, x), using this relation.)

Denote a sub-sample portion of the relative offset to be x;,. When a transition occurs just
after the sample at relative offset x, i.e. x; = 0, the expected value of the accumulator (denoted
as A(1,x) , where 1 denotes the category that has a signal transition)

A= Ny(1,x),/(SNR)p, (47)
where p, is the average power of the demodulated signal and where SNR is the signal-to-noise
ratio of the demodulated signal. When the transition occurs just before the sample, i.e. X =
-1, the expected accumulated value in the accumulator is —A. The fractional relative offset x; of

the sample can be calculated by interpolating between the cases.

_A(Lx) _ 1
s =5 T3 (48)
Note that A(1, x) in equation 48 represents accumulation of the samples of the
demodulated received signal. Thus, A(/, x) is presumably a real number. Any imaginary part

can be disregarded in equation 48. The overall estimate of the relative offset x, is given by:

XalX) =X+ Xs(X) (49)
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When there are more than one estimated relative offset, the overall offset ¥ may be estimated by

a weighted sum of the x,(x):

=

=22 P(0)x, (%) (50)

ative offset x. In some embodiment the summation is over all

it

where P(x) is the probability of re
x in the search range. In other embodiments, the summation can be over only the relative
offsets that has probability larger than the probability threshold. Equation 50 provides a better
estimation of the offset than the expected value of the probability distribution. However, when
the probability is widely distributed over the search range, Equation 50 may not be effective.
Hence, a simple expected value method may be more appropriate in some embodiments.

The system may change over the time samples are taken and processed. For example,
the user’s location may change, the local clock may drift, or other conditions may change. In
some embodiments, such changes may be significant. One way to handle such changes is to
update the probability distributions over time, such as to let the convolution values (or,

equivalently, the log likelihood) fade away over time:

conv(y,s, x) = e'% convy(y,s, x) (51)

where convy(y, s, x) is the convolution value at an initial time point and conv¢(y, s, x) is the
convolution value after a time interval 7 (i.e., the fading time). Variable 7 may be seen as a
design parameter that depends on the dynamics of the object being measured. Roughly, a
sample that is taken more than a predetermined time 7 prior to the current time should not
contribute significantly to the current convolution value. For example, in one embodiment, for
an object moving at a speed of about 30 meters per second, variable 7 may be set to one second.
Variable 7 may also be adjusted empirically or determined by simulation.

As new samples are taken, the convolution calculated using the new samples may be

added to the then existing convolution values. Therefore, the accumulator values can also be

faded:

A, (k%) = e Ay (k, %) (52)
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The un-normalized log likelihood may also be similarly faded:
Ly =e 7L, (53)
Many of the specific embodiments discussed in this detailed description are selected for

notation convenience. Many variations may be used to achieve the same results, For example,

in one embodiment, one may use the following procedure:

1. take samples around the tranistions of the signal;
2 adjust the sign of the samples taken according the direction of signal transition

(i.e., from level +1 to level -1 or from level -1 to level +1);

~

3. calculate the convolutions by first grouping the samples.
This procedure is equivalent to the masking-categorization (with k =1) procedure

described above in conjunction with Figure 8.

Note that different components of this invention can be selected to use or not use in
different embodiments of this invention. For example, in one embodiment, one can chose to
only use the skipping method to reduce the total amount of calculation. One can take samples
that are expected to be close to the jumps of the signal and skip the samples that are expected to
be far away from the jumps. Then, one can use the traditional method of calculate convolution
based on those signals. In that embodiment, the categorization component is not used, however,
total mount of calculation/power is still reduced comparing to the methods without skipping.

Numerical oscillator 203 of Figure 2 may operate based on estimations of the phase ¢
and the frequency fof the IF carrier signal from RF front end 201. One implementation of NCO
203 may provide both in-phase and quadrature signals:

N,(n) = cos(¢g+ 2nxft)
No(n) = sin(¢+ Znxft,)

In some embodiments, one can simply use binary signals rather than sin and cos signals:

(54

N;(n) = sign(cos(¢+ 2nrft))

)]
No(n) = sign(sin(¢+ 2nx ft)) (53)
Where sign() is the sign function:
‘ _ Lforx<0 <
sign(x) = —1,for x >0 (56)
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To avoid costly floating-point calculations, angular rate ®=2nf'r; and phase ¢ may both
be represented as integers. The sign(cos(x)) and the sign(sin(x)) can be calculated using the total
phase at sample n, which is given by: ¢ = ¢+ on.

The RF front end (e.g., RF Front end 102 of Figure 1) removes most of the frequency
modulation from the received signal. Any remaining frequency modulation may be removed by

a channel-specific demodulator, which is achieved using:

(YN . (1) — O(MN-(n)
AN i [ANAF AR VAN

(N)Ng(n) + Q (mN; ()

where /p(n) and Qp(n) are the output data samples, and fi(n) and Q;(n) are the data samples.

(57

<
<
~~
=
p—
=

In some embodiments, frequency and phase estimations can be done using conventional
frequency and phase tracking loops. To reduce the amount of calculations and the power
consumption, the following or a similar method may be used.

Coarse estimation (or signal acquisition) provides an initial estimation of the frequency
modulation. Initially, the phase and the frequency of NCO 203 may be set to zero or any other
convenient initial value. Then, samples may be taken for the signal acquisition calculations.
After signal acquisition, the frequency and phase of NCO 203 may be set to initial values:

f=fo ¢ =0 (58)
where fj is the frequency estimation from the signal acquisition. Next, one way to estimate the
phase is to take some samples during a time interval 7, and calculate a number of convolutions
over the search range determined by the signal acquisition step. The phase ¢, of the
convolution with the maximum absolute value, C,,.,, provides an estimation of the average
remaining phase during the time interval 7.

O = phase(Coax) (59)

In a preferred embodiment of the invention, 7. is chosen using the following criteria:

1. T. should be short enough so that phase change 3¢ during the time period

is small. For example, one criterion for T, may be:

o¢,
2nof

T, < (60)
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where Jf is the frequency resolution and 3¢, is a selected phase error. The

phase change 8¢ of the received signal over selected interval 7. will be less than

O¢;. In some embodiments o¢; can be chosen between 776 and 7/2.

2, T. should be chosen large enough so that enough samples may be taken
for making a reliable phase measurement. For example, one criterion for 7. may be:

T, > %@{— (61)

In some embodiment the phase error d¢, may be a value selected between 7/6

and 7/4.

The frequency can be estimated by performing two phase estimations separated by time
interval 7,,. T,, may be selected to be as long as possible, but is kept short enough so that the
phase change during the period should be less than 27, so as to avoid phase skipping. That is,

Tmofnm <2r (62)
where &f is the accuracy of the frequency estimation before the phase measurements. This
implies:

Ty < = (63)
In some embodiment, a safety margin may be applied (e.g., T, = 0.3/5).

Denote the results of a first and second phase measurements ¢y and ¢y and their

accuracies (i.e., resolutions) d¢y and ¢, respectively. The measured frequency may be

obtained by:

fm — P2~ Pma (64)
Tm
The accuracy of frequency, 6f after the two measurements is given by:
| O
Sf = N2 (65)
Tm

After the measurements, the phase and the frequency of the numerical oscillator may be updated

using the following relations:

¢+=¢—— m2

66, 67
fo=fo=f (0607
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where ¢. and /. are the phase and frequency of the NCO before the update and ¢. and /- are the
phase and frequency of the NCO after the update, respectively.

In one embodiment, this two-step phase-frequency update is run each time prior to
performing a fine offset estimation. In some other embodiment, this two-step phase-frequency
update is run multiple times recursively until a certain frequency accuracy level is achieved.

For example, recursive updates may run until of < 10/4z.

In one embodiment of the invention, a Kalman filter can be used to estimate the phase
and frequency. This is a more robust and accurate method than the two-step phase-frequency
method, at the expense of greater computation (i.e., greater power).

The state variables for the Kalman filter may be phase and frequency:
l (68)

x=;

The state update matrix 4 may be modeled as:

_[1 2nat,
A= [ . ] (69)
The process noise may be modeled by:
w
e
w=y] (70)

where w4 and w, denote the process phase noise and frequency noise, respectively. These noises
are introduced by the local clock oscillator and user movement. The state update function is
thus:
Xni =AX, +w (71)
The variance of w may be determined by the specification of the oscillator and the dynamics of
the application. In one embodiment, the variances of the process error may be modeled as being
proportional to the time passed:
(Jé = P¢tm
2= p (72)
r = rtm
where P, and Py are the power of the phase random-walk noise and the power of the frequency

random-walk noise, respectively. Both the phase random-walk noise and the frequency

random-walk noise may be a combination of a clock phase or frequency random-walk noise and
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a phase or frequency random-walk noise due to the receiver’s random motion. In practice, Py
and Py can be estimated from the clock specification and the dynamics of the receiver. These
parameters may also be adjusted empirically or by simulation until acceptable performance is
reached. In another embodiment, the variances, as functions of time z,,, may be estimated by

measuring the Allan Variance of the local clock, and considering the receiver’s dynamics.

The process error covariance matrix is

o5 0
I, = [0 O] (73)
Lo ofl
Denote the measurement of the remaining phase as ¢,,, which can be obtained using Equation
39 above. Alternatively, if the remaining phase is small and the noise level is high, ¢, may be
obtained using:

imag(Cmax)\
EllCmax!]

¢,, = phase ( (74)
where imag() is the function that extracts the imaginary part of a complex number. E [ Comax!]

denotes the expected value of the magnitude of Cyuy. The measurement Vis given by:

Y=CX+u (73)
where u denotes the measurement noise and C denotes the output matrix:
c=[1 0] (76)
The variance o2 of u, which is a design parameter, is given by:
tcSNR
ot =7 (77)

The measurement y(n) is calculated using:

y(n) = ¢, + ¢n) (78)
The covariance of the measurement is:

z, = loy] (79)

The Kalman filter maintains an estimation of X and its covariance matrix 2, base on parameters
A, C. 3, T, measurements y and the time of the measurements. The Kalman filter’s time
update and measurement update can be performed using the conventional Kalman filter

constructs:
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1. Time update:
Xnv1 = AXy
Iyl = AZXnAT + 2, (80.81)
2. Measurement update:
X=X+ 25 CT(CE7 €T+ 2,) (yn — CX
T n Xn ( Xn u) (yn ) (82,83)

T =g 4+ 57, CT(CEr CT + 5,) T CEy,
where X and X;7 denote the state variable before and after the measurement update,

Iy and Jy denote the state covariance matrices before and after the update. Also note

that y, -CX = ¢,, in equation 83.
The Kalman filter’s covariance matrix Xy offers a good estimate of the frequency error or

accuracy 87, which may be used to determine the time interval 7, between measurements:

T <5 (84)

or with a safety factor a, < 1.
T, < g}- (85)
In one embodiment «,= 0.3, so as to avoid phase wrapping or skipping and phase accuracy
may be maintained. The duration of convolution time 7. can be similarly determine, using the
two-step phase-frequency method described above.
In one embodiment of the invention, the behavior of the phase-frequency Kalman filter

is coupled with status of the offset measurement:

1. choose the number of samples needed for convolution at the current SNR,
such that the signal-to-noise ratio SNR of the convolution result satisfies the following

equation with design parameter a, = 1.

1
= . ——
“SNR
Design parameter ac may be chosen empirically or by simulation. For example, in one

N (86)

embodiment, a, = 0.5.

2. determine the convolution time 7., taking into consideration the number

of skipped samples, so that N samples are expected to be taken during #.:
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te = 2tN (87)

M — M

where M is the number of samples that are skipped in each section that contains a

signal transition (i.e., in each category 1 section). The factor 2 results from the fact

that about half of the sections are non-changing sections (i.e., category 0 sections).
3. adjust the convolution time.

Calculate the phase error during next convolution time 7, using
8¢ = 2715ft, (88)

If the phase error 8¢ is larger than a predetermined threshold ¢, the convolution

time 1s reduced to reduce the phase error:

Ye

2xof (89)

CCQ =

Iy is the “phase stable” time. In one embodiment one can select ¢, to be n/4. If
I. < I, ONE May use /.pas I.. If 1,y is longer than a certain threshold, one may skip
a phase-frequency update. For example, the predetermined threshold may be
oule, where o is a design parameter, with a typical value greater than 2.

4. determine if samples should be skipped based on a previous estimate of
the probability distribution, and whether or not a phase-frequency update is
necessary. If the phase-update is necessary, the samples are not skipped.

5. calculate the convolutions, and update the SNR, the offset measurement,
and the phase-frequency Kalman filter.

6. If the accuracy of the offset does not reach the predetermined value,
repeat from step 1; otherwise, output the offset and keep the system in sleep or
idle mode until next time when the next offset estimate is required. For example,
when the system is required to have an offset output rate of 1/z, the system may
go into sleep mode for a timer period equal to 1 second minus the time required
to obtain an offset estimate with the required accuracy. That time required may

be estimated based the time taken for the last offset estimate.
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7. After “waking up” from the sleep mode, update the offset probability
distribution and the Kalman filter according to the time passed. Then, repeat
from step 1.

Putting a system into a sleep mode — in which minimal energy is used -- reduces the
overall energy cost.

Sample skipping may be realized not just at the accumulators described above. For
example, if a sample need not participate in any of the computation, the sample can be skipped
at the RF front end (e.g., not even selected for analog-to-digital conversion). Alternatively, a
sample may be skipped in an offset estimator.

Multi-path is a major source of error in a GPS receiver and other time-of-flight
measurement systems. The multi-path error can be detected using the accumulator results of the
sections that have a transition (i.e., category 1 sections, when single-T categorization and
masking are used). In one embodiment, a difference in accumulated values between adjacent
samples A s (x) may be used to find the signal that arrived the earliest, which is more likely to be
a line-of-sight path:

As(x) =A(1,x) - A(1,x — 1) (90)
In this regard. the total number of samples N,>(x) accumulated in the two accumulators is a
useful parameter, given by:
N (x) = No(1,x) + N.(1,x — 1) 91)
When the following inequality is satisfied for any relative offset x, one may consider a signal

detected:
[AO*(X)] > aA\/ stpy (92)

Among the detected signal, the one with the earliest relative offset may be considered a
line-of-sight signal. a4 is a design parameter, which is a given value between 2 and 3, in one
embodiment. To avoid a multi-path error, skipping samples that contribute to measuring an

early signal should be avoided. In one embodiment, a sample is skipped when:
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1. all samples with a greater relative offset (i.e., samples of later arrival) are
skipped; or
2. the sample has a greater offset (i.e., samples of later arrival) than the

offset of a signal detected based on equation 92.

The phase measurement may be obtained using any carrier-phase method that can be
used to estimate an object’s position. Carrier-phase methods are described, for example, in the
GPS/GNSS literature (e.g., “Global Position System: Signals, Measurement and Performance”
(“Enge”), by Pratap Misra and Per Enge, and its cited references).

In a multipath environment, different components of the signal arriving at different
times to the receiver have different phases. The accumulator values and the convolution results
can be used to improve the phase estimation of the line-of-sight signal. In one embodiment, one
can use the phase of the convolution value of the earliest arriving signal as the carrier phase,
since it is a good estimate of the carrier phase of the signal of the shortest path (i.e., the line-of-
sight signal). In another embodiment, one can detect the second earliest arriving signal using a
method that is similar to that used to detect the earliest arriving signal discussed above). If the
second earliest arrived signal is detected, one can use the accumulator values that are associated
with offsets earlier or equal to the offset of the second earliest arrived signal to calculate the
carrier phase of the line-of-sight signal. In another embodiment, for simplicity, one can use the
accumulator values that are associated with offsets earlier or equal to the offset of the earliest
arrived signal to calculate the carrier phase of the line of sight signal.

In applying any of the methods described above, one may trade-off between
performance, power consumption and complexity. In some embodiments, some of the
techniques described are not be used, or may be adjusted for a given application. For example,
while the probability distribution is used in some embodiments for offset measurement, other
methods exist that do not probability distribution directly. For example, in one embodiment a
set of statistical states S(x) is kept by the system. In that embodiment, offset measurement is

achieved by:
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1. initialize S(x) by the log likelihood of the prior probability distribution of
relative offset x.
Sx) = L{x) (93)
2. accumulate samples and calculate convolutions using these samples.

Denote the result of the convolution for relative offset x as Cy(x):
3. construct function Cy, (x) such that the sum of Cj(x) over all relative
offset x in the search space for relative offsets is zero; that is:
1 .
Cp(x) = Cp(x) — '&;Zx Cp(x) 94
where VN, is the number of estimated offsets over the search space.

4. update S(x) using:
§T(x) = 857(x0) + a5 Cp(x) (95)

where S(x) and S (x) are the states before and after the update, and where o 1s

a design parameter, having the value, for example, 0.3 in one embodiment.

S. keep only the positive terms in S(x)
S*t(x), S*(x)>0
sy = {77 5 96
(x) 0, otherwise (96)
6. skip samples with relative offset x, if S(x)=0.
7. Repeat 2-6 until only one relative offset x remains; at which point, report

relative offset x as the offset estimation.

In this method, statistical state S(x) provides an indicator of the probability distribution.
When S(x) is small (e.g., S(x) = 0), the corresponding probability P(x) of relative offset x is
small, and thus the corresponding samples may be skipped.

The above detailed description is provided to illustrate specific embodiments of the
present invention and is not intended to be limiting. Numerous variations and modifications
within the scope of the present invention are possible. The present invention is set forth in the

accompanying claims.
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CLAIMS
1. An apparatus for determining a distance based on a transmitted signal,
comprising:

a storage device providing a first set of signal values representing time-ordered
noise-less signal values of the transmitted signal, the first set of signal values being
divided into sections, each section being associated according to a predetermined
criterion with one of a plurality of categories, and each section having a predetermined
number of signal values with each signal value being associated with a sample index
representing a temporal position of the signal value in time:

a signal interface for receiving a second set of signal values representing samples
of a received signal, each of the signal values in the second set of signal values being
assigned a category and a sample index based on a predetermined alignment in time with
the signal values of the first set of signal values, wherein each signal value in the second
set of signal value is assigned the same category and sample index as the corresponding
signal value in the first set of signal values to which the signal value in the second set of
signal values is aligned;

a set of accumulators each being associated with a corresponding one of the
categories and a corresponding sample index, each accumulator being configured to sum
a subset of signal values selected from the second set of signal values, the subset of
signal values being signal values that are assigned to corresponding category and sample
index; and

an arithmetic unit configured to compute one or more convolution of the
transmitted signal and the received signal using the first set of signal values and the
sums in the accumulators under one or more predetermined offsets in time relative to the

predetermined alignment.

2. The apparatus of Claim 1, wherein the second set of signal values represent

digitized samples of the received signal after demodulation.
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3. The apparatus of Claim 1, wherein the predetermined criterion determined the

associated category of a section based on signal transitions within the section.

4. The apparatus of Claim 1, wherein the predetermined criterion determines the
associated category of a section based on signal transitions in one or more sections previous in

time or following in time relative to the section.

5. The apparatus of Claim 1, wherein the transmitted signal comprises a plurality of

chips, and wherein each section is bounded in time along boundaries of two selected chips.

0. The apparatus of Claim 1, wherein the transmitted signal comprises a plurality of

Adiime amAd il arate snenle ot o b 3311 A Gen disam o b e smm i mmtend AL i omTan Ahtmc
chips, and wherein each section is bounded in time along mid-points of two selected chips.

7. The apparatus of Claim 1, wherein the signal interface is configured to receive

the second set of signal values from an RF front end circuit.

8. The apparatus of Claim 1, wherein each signal sample in the second set of signal
samples is represented by a complex number, representing in-phase sampling and quadrature

sampling of the received signal.

9. The apparatus of Claim 1, wherein the predetermined alignment results from a

coarse estimation step.

10.  The apparatus of Claim 1, wherein the predetermined alignment is provided by a

server in communication with the apparatus over a telecommunication network.

11.  The apparatus of Claim 1, wherein the arithmetic unit computes the convolutions
after applying a masking function on both the sums in the accumulators and the first set of

signal values.

12.  The apparatus of Claim 11, wherein multiplying the masking function with itself

is unity.
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13. The apparatus of Claim 1 wherein, using the largest one of the computed
convolutions, the apparatus computes one of: a power of the received signal. an expected gain of a

communication channel, a standard deviation of an additive noise, and a signal-to-noise ratio.

14. The apparatus of Claim 1, wherein each accumulator keep tracks of the number

of signal values summed.

15. The apparatus of Claim 1, further comprising memory elements for maintaining

a plurality of statistical states based on the convolutions.

16.  The apparatus of Claim 135, wherein the statistical states relate to a probability

17. The apparatus of Claim 16, wherein the statistical states are represented by

logarithms of probabilities computed from the probability distribution.

18. The apparatus of Claim 17, wherein the probabilities are calculated from the

correlations based on an additive Gaussian noise model.

19. The apparatus of Claim 16, wherein the probability distribution relate to
probabilities of the received signal is aligned in time with the transmitted signal under the

predetermined alignment modified by predetermined offsets.

20.  The apparatus of Claim 19, wherein a portion of the second set of signal values
assigned to a predetermined category is excluded from being summed in the accumulators, the
predetermined category encompassing signal values of the first set of signal values in sections

in which no signal transition occurs.

21.  The apparatus of Claim 19 wherein a signal value in the second set of signal
values is summed in one of the accumulators only when the corresponding signal value in the
first set of signal values to which the signal value in the second set of signal values immediately

precedes or immediately follows a signal transition.
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22.  The apparatus of Claim 19, wherein a portion of the second set of signal values
are excluded from being summed in the accumulators, the portion of the second set of signal
values corresponding to signal values at predetermined offsets corresponding to probabilities

that are less than a predetermined threshold.

23.  The apparatus of Claim 16, using the computed convolutions and the probability

distribution, the apparatus computes an expected offset relative to the predetermined alignment.

24, The apparatus of Claim 23, wherein the apparatus operates in a sleep mode
during which the arithmetic unit ceases computation of the convolutions, the apparatus enters
into the sleep mode of operation for a predetermined time period after computing the expected

offset.

25. The apparatus of Claim 16, wherein the probability distribution is updated over

time.

26. The apparatus of Claim 23, wherein each convolution is computed based on
earlier computed convolutions, the earlier computed convolutions being weighted by a factor

that decays over time.

27.  The apparatus of Claim 1, further comprising a demodulator coupled to the
signal interface, the demodulator providing the second set of signal samples after demodulating
the received signal; and a numerically controlled oscillator that provides a timing signal to the

demodulator.

28. The apparatus of Claim 27, wherein the numerical oscillator adaptively updates a

frequency and a phase of the timing signal.

29. The apparatus of Claim 28, wherein the phase of the timing signal is updated
based on an estimate of a phase of the received signal, the estimate of the phase of the received

signal being derived from by the largest one of the computed convolutions.
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30. The apparatus of Claim 28, wherein the numerical oscillator updates the
frequency and the phase of the timing signal at predetermined intervals, each predetermined
interval having a duration based on a frequency resolution and a phase resolution of a frequency

estimate and a phase estimate, respectively.

31.  The apparatus of Claim 28, wherein the frequency and the phase of the timing

signal is updated according to a Kalman filter.

32. The apparatus of Claim 14 wherein the apparatus determines that a signal of a
predetermined offset is detected in the received signal when a predetermined parameter has a
value exceeding a threshold, wherein the predetermined parameter is based on a difference in
the accumulated values in two of the the accumulators, and wherein the threshold is based in

part on a sum of the signal values summed in the accumulators.

33. The apparatus of Claim 32 wherein, when the apparatus determines two or more
signal of different predetermined offsets are detected, the received signal is deemed to have the

carliest of the predetermined offsets.
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