On-the-Fiy Compensation of Sampling Frequency and Phase Offset in Receiver

Performing Uitra-High-Speed Wireless Communication

Technical Fisld

[0001]

The present invention relates, in general, to the restoration of data on the receiver end in
wireless communication and, more specifically, to a method of compensating for an offset
between a sampling frequency and a symbol rate in a symbol sequence and a phase offset on

the receiver end.

Background Art

[0002]

Ultra-high-speed wireless communication technologies, typified by millimeter-wave wireiess
communication using the 60 GHz band, are being researched and developed in which data
rates exceeding one gigabit per second have been realized. When dala rates exceed one
gigabit per second, various challenges arise in wireless communication transmitters and
receivers. In typical wireless communication, data is sent and received by the transmitter and
receiver at different frequencies. This is due fo the accuracy of the oscillator generating the
clock supplied to the digital circuits in the transmitter and the receiver, circuit mounting

conditions, and temperature conditions.

[0003]

When the symbol timing for the baseband signals of the transmitter and the receiver have
different frequencies, sampling is performed in the center of the eye patiern immediately after
synchronization, but the sampling position gradually shifts forward or backward in accordance
with the frequency offset. Eventually, the boundary of the eye paltern is reached, symbols
cannot be accurately determined, and data restoration fails. Therefore, there is a need o

compensate for these frequency offsets.



[0004]

High-speed compensation must be performed to compensate for frequency offsets in ultra-high-
speed communication, and compensation must be performed on each packet when packet
communication is expected. One technique for restoring the symbol time of a transmitter is to
use an

analog PLL (phase synchronization circuit). However, several thousand clocks occur before
synchronization with the frequency of the received signais, and high-speed synchronization is
not possible. Also, when sampling is performed using an analog-to-digital converter (ADC), the

symbol time is very short, and oversampling can be performed at most only several times.

[0005]

in the technique disclosed in Patent Literature 1, resampling is performed on received signals at
the desired sample time using a digital resampling circuit. The resampiling circuit is realized by
performing interpolation and decimation at the appropriate ratio using a polyphase filter. Instead
of directly tinkering with the sampling frequency of the ADC, resampling is realized using a
digital circuit. Also, frequency offset compensation and egqualization such as inter-symbol
interference (131) cancellation are performed using filters in a subsegquent stage, and data
decimation is performad after this to obtain the original symbol rate. This method takes a long

time to determine the coefficient of the resampling circuit, and the circuit configuration is large.

Citation List

Patent Literature

[0006]

Patent Literature 1 WO 87/27695 (Domestic Published Unexamined
Patent Application No. 2000-5041866 in Japanese for Designated State JP)

Summary of invention

Technical Problems



[0007]

In view of these situations, the wireless communication system and conditions that are the

objects of the present invention can be summarized by (A)-(E).

{A) Sampling received signais | and Q using ADC in a single-carrier wireless communication

system.

(B) High-speed on-the-fly compensation by a digital circuit in which nothing is fed back o the

iocal clock of the receiver.

{C) The oversampling factor {predetermined number of oversamplings) is less than a factor of

ten, and preferably a factor of two.

(D) There is no dependence on the content of the data payload. in other words, compensation is

performed without using a training sequence or pilot words, which are known patterns.

(E) It uses a power-saving circuit that is as small as possible.

Solution to Problems

10008]

The present invention does not match the sampling frequency of the receiver 1o the frequency of
the transmitler by altering the frequency of the receiver clock or changing the coefficients of a
resampling circuit. Offset compensation is performed by polyphasing received data

oversampled using a predetermined number of oversamplings (for example, twice), and shifting

the filter coefficient of the compensation filter as the data shifts.

[0009]



In a receiver for wireless communication according to the present invention, received signals
oversampled by an ADC are passed through a filter combining a tapped filter whose initiaf vaiue
is a correlation value obtained from the preambile or header of the received signals with a
wavefront aligner. In this way, sampling frequency and phase offsets can be compensated for

on the fly without matching the clock of the receiver to the clock of the transmitter.

Effect of the Invention

[0010]

The technique of the present invention can eliminate the time required to adjust the sampling
frequency of the receiver, and perform on-the-fly compensation. In this configuration, the
resampling filter circuit, equalization fiter circuit and decimation filter circuit in Patent Literature
1 can be realized in a single compensation filter circuit, which is much smaller than the prior art
circuits in terms of size.

Brief Description of Drawings

[00111

FIG. 1]

FIG. 1 is a diagram showing the basic circuit configuration of a receiver used in the present

invention.

[FIG. 2]

FIG. 2 is & diagram showing the circuit configuration of a receiver including the present

invention.

[FIG. 3]

FIG. 3 is a graph showing the change in the size of tap coefficients when frequency offsets

occur.



FIG. 4]

FIG. 4 is a diagram used to explain the basic operations in the method of the present invention,

[FIG. 5]

FIG. 5 is a diagram showing actual results from measurements performed using the method of

the present invention.

Description of Embodiment

[0012]

FIG. 1 is a diagram showing the basic circuit configuration of a receiver used in the present

invention.

[0013]

FIG. 2 is a diagram showing the circuit configuration of a receiver inciuding the present
invention. The present invention will be explained first with referencs to FIG. 2. In a receiver for
wireless communication, signals received by an RF circuit are oversampled by an ADC. in the
following explanation, the sampling factor (number of oversamplings) is two, but applications of

the present invention are not limited fo a factor of two.

[0014]

First, the beginning of a frame is detected in oversampled received signals using a
synchronization circuil. For example, as defined in IEEE 802.15.3¢, a millimeter wave PAN

frame is divided into three sections: a preambile, a header, and a payload. The preambie

comprises a Golay sequence, which is a known pattern with a strong autocorrelation.

[0015]



The synchronizing circuit uses a Golay correlaior to detect the Golay sequence, and then detect
the preambie. This is used fo perform frame synchronization and symbol synchronization, find
the beginning position of the header, and correctly restore data. The Golay correlator is merely

an example. Any sequence and correlator with strong autocorrelation can be used.
[0018]

The output from the correlator comprises a correlation value and its timing. The correlation
value is the average value from a repeating Golay sequence and is thus a more accurate valus.
The timing is used to identify the position of the header with a synchronization circuit. However,
a correlation value can be used with the tapped filter (explained below). The main circuit
configuration related to the present invention is within the dashed lines in FIG. 2, and uses the
oufput from the synchronization circuit whose timing has been corrected, and the correlation
value that is outputted from the correlator. An inverse function calculation is performed on the

correlation value to provide the initial value for the tap coefficient (explained below).
[0017]
{1} Tapped Filter

The output from the synchronization is the input in FIG. 1. When oversampled at a factor of two,
the rate is twice the rate of the original symbol rate (2x domain in the figure), When down-
sampled based on the inverse of two {1/2), two types of decimated received symbol sequences
can be obtained from each one. These are called “even phase” and “odd phase” received

symbol seguences.
[0018]

Of course, received symbol sequences in which there are three or more types of phase shift can
also be generated. When the oversampiing factor is not a muliiple of an integer and the
oversampling factor is expressed as the nearest lowest-term fraction, an integer number of
received symbol sequences can be obtained by creating interpolation data using a factor of the
denominator. in this way, resoiving ’symbo! rates into a plurality of received symbol sequences is

called “polyphasing” or “polyphase resoiution”.



[0019]

Immaediately following the wavefront aligner in FIG. 1 is a circuit for dividing the symbol rate into
two sequences and performing down-sampling using a rate that is the inverse of 2, or half the

rate. Because the oversampling factor is two, the down-sampling rate is the inverse of two (1/2).
Z" (Z to the power of -1) is the delay element (latch), which creates a delay of one oversampling

rate portion and shifts the timing in a relative sense.

[0020]

immediately after synchronization, the sampling position of at least the even phase or the odd
phase should be located near the center of the eye patiern. “Wavefront” refers to the signal
wavefront, and the act of aligning an even phase and odd phase signal with the same symbol is
called “alighing”. Here, the wavefront aligner does not (yet) act on the data in the received

symbol sequences.

[0021]

A tapped filter is connected to each of the phase-resolved received symbol sequences.
Because phase resolution occurs after the tapped filter, the operation is performed using all of
the original symbol rates (that is, the down-sampled symbol rate) (the 1x domain in the figure).
As a resuit, the operating frequency can be kept low regardless of the number of oversamplings
(the oversampling factor). Even though the circuit size is increased based on the number of
polyphases and the symbol rate exceeds one Gbps in the current technology, the impact on
circuit size is negligible and the siructure is compact even when the decimation filter is included

because oversampling is not performed more than twice.

[0022]

The tapped filter has the configuration of a FIR digital filter of finite length in which the delay
glements are lined up in series. In the figure, the filter has a “three-tap configuration” which
includes two delay elements (iatches). A tap is the number of edges at which a delayed (timing-
shifted) signal is sent to a multiplier. Three multipliers are used in a three-tap configuration.

Because the number of multipliers must correspond to the number of polyphases, six multipliers



overall are depicted in the figure. In this figure, tap coefficient sequences with at least three
variables are provided (ocne sequence of W0, W2, W4 for the even phase, and one sequence of
W1, W3, W5 for the odd seguence}.

[0023]

The multiplier performs compiex multiplication, and a coefficient (W) is provided by a tap
coefficient register (weight register}. The multiplier outputs for all of the taps are added together,
and outputted at the symbol rate. In the figure, WO, W1, W2, W3, W4 and W5 are added (Z)
together as the multiplier outputs. This is the filter output. A tapped filter with this configuration
performs two functions: providing the appropriate tap coefficient for correcting deviations in
received signals due fo inter-symbol interference and sampling frequency offsets, and properly

decimating the interpolation ratic between the even phase and the odd phase.

[0024]

Whan an even simpler configuration is desired, the timing of at least two received symbol
sequences that have been polyphased can be shifted at least one stage. (Even when there are
ten polyphases, two polyphases can be used and the other eight (ien minus two) can be ignored.
Here, four multipliers are sufficient for a “two-tap configuration” as a single delay element (latch)
is included. Also, tap coefficient sequences with at least two variables are sufficient for each of
at least two received symbol seguences (one sequence of W0, W2 for the even phase, and one

sequence of W1, W3 for the odd sequence).

[0025]

An existing “adaptive algorithm” is used {o provide the appropriate tap coefficient. A described
relationship between the size of the tap coefficients and the receaived symbol sequences is used
as the size of the tap coefficients changes. In the figure, WO, W1, W2, W3, W4 and W5 are
added (Z) together as the multiplier outpuis, but this corresponds to (a portion of} the
configuration of the “described relationship”. Feedback from the adaptive algorithm is applied to

the subssquent down-sampled symbol rate.

[0026]



The adaptive algorithm can be a least mean square (LMS3) algorithm or a recursive least square
(RLS) algerithm. In FIG. 1, an LMS algorithm is depicted in the simplest circuit configuration.
The output from the tapped filter is used for symbol determination in a subseguent demapper,
and the difference between the correct symbol position and the received symbol is fad back as
an error vector. This error vector is multiplied by a feedback gain called a step size parameter
(88P), and then multiplied by the input vector of the tapped filter. When the input vector is a
complex number, multiplication with the final input vector is performed by taking the complex

conjugate.

10027]

The result is the amount of change in the size of the tap coefficient, and is added to the tap
coefficient stored in the register and stored anew in the tap coefficient register {(weight register).
When another adaptive algorithm is used, the amount of change in the size of the fap coefficient
is calculated, and the conient of the register is updated in the same way. The adaptive algorithm
does not depend on a specific pattern in the data, the operation is continuous from the initial
value set immediately after synchronization until the end of the frame, and the size of the tap
coefficient is changed adaptively on the fly. In the configuration example shown in FIG. 1, the
update of the tap coefficient is at the symbol rate, but the update can alsc be performed by

averaging the number of symbois.

[0028]

The operation to compensate for sampling frequency/phase offsets on the fly is perfformed by
combining a tapped filter with an adaptive algorithm as described above. At this time, the
sampling position gradually changes, but the size of the tap coefficient changes sequentially in

accordance with this change. This will now be explained with reference to FIG. 3.

[0029]

FIG. 3 is a graph showing the change in the size of the {ap coefficients when frequency offsets
ocecur. The vertical axis indicates the size, and each peak indicates the size of each tap
coefficient. The lefimost peak is the first tap coefficient from the right end of the even phase, the
next peak is the first tap coefficient from the right end of the odd phase, the middie peak is the



second tap coefficient from the right end of the even phase, and the next peak is the second tap
coefficient from the right end of the odd phase. The position of the tap with the largest value
shifts back and forth sequentially. The three-tap configuration in FIG. 1 is used in FIG. 3,

[0030]

(2) initial Value of Tap Coefficient

in coherent detection, there are two ADCs. One is located in the | channel and the other is
located in the Q channel. The combination of their cutputs is represented by a single symbol,
and symbol mapping/demapping usually occurs on a plane calied the 1Q plane. In other words,
this is consistent with the complex representation of the symbol by | and Q, and the correlation

value calculated using these values is a complex number.

[0031]

The correlation values outputied from the correlation are created from a pattemn with strong
autocorrelation. The size represents the strength of the correlation, and the phase represents
the phase shift between the transmitted carrier and the received carriar. When there has been
multi-path interference and inter-symbol interference (the waveform corresponding to the
symbol has been distoried, and interferes with an adjacent symbol would occur), the channel
response appears as an output sequence of correlation values. By using these as the initial

values in the tapped filter, the tapped filter can begin operations properly.

[0032)

Because the correlation value output sequence corresponds o the impulse response of the
channel, the inverse response has to be calculated (corresponding to the inverse function
calculation in FIG. 2). The channel response including multi-path interference and inter-symbol
interference is represented by a Z-conversion H{z}. When the transmitied symbol sequence is

X{z) and the received symbol sequence is Y{z}, the foliowing equation is abtained.

Y(z) = H(z)X(z)

10



Here, z represents the symbol rate. The tapped filter may determine the tap coefficient as 1/H(z)

because a coefficient is required fo restore X(z) from Y(z).

[0033]

Because an IR digital filter configuration has been used up 1o this point, 2 Taylor expansion is
performed at z = 0 to obtain an FIR-type digital filter configuration. Here, the zero-order, first-
order, second-order, etc. coefficients are assigned to the tap coefficient. At this time, the tap
coefficient is a complex number. The number of taps depends on the delay spread of the
response in the assumed channel, but specifications may be provided in advance. Because
three taps are shown in FIG. 1, the zero-order, first-order and second-order coefficients can be
used. The initial value for a tap coefficient determined from correlation values in this manner is
set immediately after synchronization. If an appropriate tap coefficient is not provided, the
adaptive operation is begun from the value different from the tap coefficient of the appropriate
initial value without the initial value being set {0 a fixed value such as all zeroes. As a result, it

takes time fo adapt, and the correct output cannot be provided in the initial portion of the frame.

10034]

(3} Wavefront Aligner

As mentioned in {1), sampling frequency/phase offsets can be compensated for using the
combinaticn of a tapped filter and an adaptive aigorithm. However, because the number of taps
is finite, compensation can no longer be performed when the sampling position reaches the end
of the taps. Therefore, the size of the tap coefficients is always compared, and the position of

the tap coefficient with the largest value is constantly monitored.

{0035]

it may be set in the center of the eye patiern of the inifial vaiue (that is, the zerc-order value in
(2)}, but the sampling frequency of neither the transmitter nor the receiver is known early.
Therefore, it may be set to a tap as closest as possible to the center. At this point, a three-tap
configuration (or a configuration with more than three taps) is better than a two-tap configuration

for setling the fap near the center.

11



[0036]

Because the position is the position of the tap coefficient that indicates the largest value for the
initial value, the position of the tap with the largest value is moved to the adjacent tap after
synchronization in accordance with the operation of the tapped filter while the wavefront aligner
replaces the data sequence. At the same time, the positions of all of the tap coefficients are
shifted so that the tap coefficient with the largest vaiue is in the same tap position as the initial

value,

[0037]

FIG. 4 is a diagram used to explain the basic operations in the method of the present invention.
First, when there are three taps for both the even phase and the odd phase, it is assumed that
the position of the tap coefficient with the largest value after synchronization is the second one
for the odd phase (W3 in FIG. 4). Because this is dependent on how the initial value is set, it
can be set in this manner. The wavefront aligner initially distributes odd phases and even

phases in order from the beginning of the header.

[0038]

if the sampiing frequency of the receiver is slower than the symbol rate of the transmitter, the
sampling position gradually shifts to an earfier position time wise. This means the position of the
tap coefficient indicating the largest size shifts from the second odd phase to the first even
phase. At this time, the wavefront aligner shifts the tap coefficient so that the position of the
shifted tap coefficient with the maximum value is returmned to the second odd phase. At the same
time, the allocation of the data series is changed. At this time, the sampling frequency of the
receiver is siower than the original symbol rate, and an overlap of a single symbol occurs
{middie rows of FIG. 4). In this way, the position of the tap coefficient with the largest size can

be kept from changing.

[003¢9]

12



Next, when the sampling frequency of the receiver is faster than the symbol rate of the
transmitter, the opposite situation occurs. The position of the tap coefficient with the largest size
shifts from the second odd phase to the second even phase (botiom rows of FIG. 4). In other
words, because W4 has the largest valug, the wavefront aligner shifts the tap coefficient, and
then shifts all tap coefficients so that W4 is positioned at the second odd phase. At the same

time, a single symbol is skipped in the data series distribution.

[0040]

The position of the tap coefficient with the largest value is constantly monitored in this way.
When the position has shifted to the adjacent phase, the positions of the data series and all of
the tap coefficients are shifted at the same time to return the fap coefficient with the largest
value to its original position. In this way, sampling freguency/phase offset compensation can be
continued using a finite number of {aps. When the number of oversamplings (oversampling
factor) is greater than two, the number of received symbol sequences which have bean
polyphased is also greater than two. However, when the principles of the present invention are
applied to this case, @ timing shift of at least one stage is performed on each of at least two
received symbol sequences that have been polyphased. This makes if possible to use the

technical concepts of the present invention.

[0041]

Use of (1) the tapped filter, (2) the initial vaiue for the tap coefficient, and (3) the wavefront
aligner described above makes it possibie to configure a compact filter circuit for a wireless
receiver which is able {o handle received signals oversampled by an ADC at the symbol rate
without having to match the clock of the receiver o the clock of the fransmitter, and without
having to reference the content of the data. It ailso makes continuous on-the-fly sampling

freguency/phase offset compensation possible using a finite number of taps.

[0042]

FIG. 5 ts a diagram showing actual results from measurements performed using the method of
the present invention. When the modulation scheme is QPSK, the sampling frequency offset of

the transmitier and receiver is 50 ppm, and the present invention is not used, the sampling

13



position shifts on the IQ plane as illustrated by the “before recovery” situation in (a), and
recovery becomes impossible. When the present invention is used, the original consteliation can

be recovered as illustrated by the “afier recovery” situation in (b},

[0043]

The basic circuit configuration of the receiver used in the present invention as shown in FIG. 1
can be realized using hardware resources, software resource, or hardware resources and
software resources working together. The basic circuit configuration of the receiver can afso be
realized as a method including a plurality of steps for processing transmitted symbol sequences,
or a program including a plurality of program codes for executing these steps in a computer

serving as the receiver,

i4



CLAIMS:

I. A method for performing on-the-fly compénsation on an offset between a sampling
frequency and a symbol rate in a symbol sequence, and a phase offset in a receiver in order to

restore data in a transmitted symbol sequence, the method comprising the steps of:

generating a plurality of polyphase-resolved received symbol sequences
corresponding to the number of polyphases by shifting a relative timing when a received
symbol sequence oversampled based on a predetermined number of oversamplings is down-
sampled based on the inverse of the predetermined number of oversamplings, the received

symbol sequences being two types of symbol sequences:
a symbol sequence having an odd phase, and

a symbol sequence having an even phase when the predetermined number of

oversamplings is two;

shifting by at least one step the timing of at least two of the received symbol

sequences that have been polyphased to obtain at least two received symbol sequences;

providing tap coefficient sequences with at least two vanables for at least two of the

received symbol sequences that have been obtained;

applying feedback from an adaptive algorithm to subsequent down-sampled symbol
rates in order to input a described relationship according to a size of the tap coefficients and

the received symbol sequences as the size of the tap coefficients changes;

monitoring the position of the tap coefficient indicating the maximum size among a

plurality of tap coefficients based on a comparison of the sizes of the tap coefficients; and

shifting the positions of all tap coefficients and simultaneously skipping or
overlapping any one of the oversampled received symbol sequences when the position of the
monitored tap coefficient indicating the maximum size has moved to a different adjacent tap

coefficient position.

2. The method according to claim 1 further comprising the steps of:

15



shifting by at least two steps the timing of at least two of the received symbol
sequences that have been polyphased to obtain at least three received symbol sequences; and
providing tap coefficient sequences with at least three variables for at least two of the

received symbol sequences that have been obtained.

3. The method according to claim 1, wherein the initial value of the tap coefficient is
established as X(z)=1/H(z)Y(z) where z indicates the symbol rate in order to represent the
response of a channel including multi-path interference and inter-symbo! interference as a Z-
conversion H(z) and to restore a transmitted symbol sequence X(z) from a received symbol
sequence Y(z), and zero-order, first-order, and second-order, coefficients are assigned to the
tap coefficient by performing a Taylor expansion at z=0 to obtain an FIR-type digital filter

configuration.

4. A receiver for performing on-the-fly compensation on an offset between a sampling
frequency and a symbol rate in.a symbol sequence, and a phase offset in order to restore data

in a transmitted symbol sequence, the receiver comprising;

a latch for generating a plurality of polyphase-resolved received symbol sequences
corresponding to the number of polyphases by shifting a relative timing when a received
symbol sequence oversampled based on a predetermined number of oversamplings is down-
sampled based on the inverse of the predetermined number of oversamplings, the received

symbol sequences being two types of symbol sequences:
a symbol sequence having-an odd phase, and

a symbol sequence having an even phase when the predetermined number of

oversamplings is two,

~ at least one latch for shifting by at least one step the timing of at least two of the
received symbol sequences that have been polyphased to obtain at least two received symbol

sequences;

tap coefficient sequences with at least two variables for at least two of the received

symbol sequences that have been obtained,

16



an adaptive algorithm for applying feedback to subsequent down-sampled symbol
rates in order to input a described relationship according to a size of the tap coefficients and

the received symbol sequences as the size of the tap coefficients changes; and

a wavefront aligner for monitoring the position of the tap coefficient indicating the
maximum size among a plurality of tap coefficients based on a comparison of the sizes of the
tap coefficients, and shifting the positions of all tap coefficients and simultaneously skipping
or overlapping any one of the oversampled received symbol sequences when the position of
the monitored tap coefficient indicating the maximum size has moved to a different adjacent

tap coefficient position.

5. The recetver according to claim 4 further comprising:

a series of two or more latches for shifting by at least two steps the timing of at least
two of the received symbol sequences that have been polyphased to obtain at least three
received symbol sequences, and tap coefficient sequences with at least three variables for at

least two of the received symbol sequences that have been obtained.

6. The receiver according to claim 4, wherein the initial value of the tap coefficient in
the tap coefficient register with the adaptive algorithm is established as X(z)=1/H(z)Y(z)
where z indicates the symbol rate in order to represent the response of a channel including
multi-path interference and inter-symbol interference as a Z-conversion H(z) and to restore a
transmitted symbol sequence X(z) from a received symbol sequence Y(z), and zero-order,
first-order, second-order, etc. coefficients are assigned to the tap coefficient when a Taylor

expansion is performed at z=0 to obtain an FIR-type digital filter configuration.

7. The receiver according to claim 4 further comprising:

an analog-to-digital converter (ADC) for oversampling the transmitted symbol

sequences;

a synchronization circuit connected to the ADC for detecting the beginning of a

frame; and

a Golay correlator connected to the ADC for-detecting a Golay sequence; wherein a

preamble is detected by detecting a Golay sequence, and frame synchronization and symbol

17



synchronization are performed to find the beginning position of the header.

8. A computer program product executed in a receiver for performing on-the-fly
compensation on an offset between a sampling frequency and a symbol rate in a symbol
sequence, and a phase offset in a receiver in order to restore data in a transmitted symbol
sequence, the program product comprising: a non-transitory storage medium readable by a

processing circuit in said receiver, said medium having encoded thereon:

first program code executable by the receiver to cause the receiver to generate a
plurality of polyphase-resolved received symbol sequences corresponding to the number of
polyphases by shifting a relative timing when a received symbol sequence oversampled based
on a predetermined number of oversamplings is down-sampled based on the inverse of the
predetermined number of oversamplings, the received symbol sequences being two types of

symbol sequences:
a symbol sequence having an odd phase, and

a symbol sequence having an even phase when the predetermined number of

oversamplings is two;

second program code executable by the receiver to cause the receiver fo shift by at
least one step the timing of at least two of the received symbol sequences that have been

polyphased to obtain at least two received symbol sequences;

providing tap coefficient sequences with at least two variables for at least two of the

received symbol sequences that have been obtained;

third program code executable by the receiver to cause the receiver to apply feedback
from an adaptive algorithm to subsequent down-sampled symbol rates in order to input a
described relationship according to a size of the tap coefficients and the received symbol

sequences as the size of the tap coefficients changes;

fourth program code executable by the receiver to cause the receiver to monitor the
position of the tap coefficient indicating the maximum size among a plurality of tap

coefficients based on a comparison of the sizes of the tap coefficients; and

18



fifth program code executable by the receiver to cause the receiver to shift the
positions of all tap coefficients and simultaneously skipping or overlapping any one of the
oversampled received symbol sequences when the position of the monitored tap coefficient

indicating the maximum size has moved to a different tap coefficient position.

9. The computer program product executed in the receiver according to claim 8 further

comprising;

sixth program code executable by the receiver to cause the receiver to shift by at least
two steps the timing of atleast two of the received symbol sequences that have been
polyphased to obtain at least three received symbol sequences; and seventh program code
executable by the receiver to cause the receiver to provide tap coefficient sequences with at
least three variables for at least two of the received symbol sequences that have been

obtained.

10.  The computer program product according to claim 8, wherein the initial value of the
tap coefficient is established as follows: X(z)=1/H(z)Y(z) where z indicates the symbol rate
in order to represent the response of a channel including multi-path interference and inter-
symbol interference as a Z-conversion H(z) and to restore a transmitted symbol sequence
X{(z) from a received symbol sequence Y(z), and zero-order, first-order, second-order, etc.
coefficients are assigned to the tap coefficient when a Taylor expansion is performed at z=0

to obtain an FIR-type digital filter configuration.
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On-the-Fly Compensation of Sampling Frequency and Phase Offset in Receiver
Performing Ultra-High-Speed Wireless Communication

Abstract

The present invention restores data of a series of symbols transmitted into. a receiver, without
making the clock of the receiver match the clock of a transmitter. In this receiver, received data
that was over-sampled by two times is made into polyphase, and the data is shifted and. a filter
coefficient (a series of tap coefficients) of a compensation filter is shifted at the same time, by
applying a feedback of an adaptation algorithm. Sampling frequency and phase offset can be
compensated on-the-fly, by making a received signal pass through a filter that is a combination
of a tapped filter, which has a carrelstion value obtained from a preamble or a header of the
received signal set as the initial value thereof, and a wavefront aligner (a wavefront matching-
box). Such a configuration is equivalent to achieving a resampling filter circuit, an equivalent
filter circuit, and a decimation fifter circuit with just one compensation filter circuit, and is able to

make dimensions of a circuit far smaller than thase in prior art.

Fig. 4
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