On-the-Fly Compensation of Sampling Frequency and Phase Offset in Receiver Performing
Ultra-High-Speed Wireless Communication Technical Field [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 wireless
communication-tseaBl iEoatherrdaiandf Sampding Fesaancbeded Bidasctiped in Ridelivdata rates
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second, various challenges arise h wirel munication transmitters and receivers. In typical
wireless communication, data is sent and received by the transmitter and receiver at different
frequentiesinidaisFigidue to 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
differentGf8dLiencies, sampling is performed in the center of the eye pattern immediately after
synchronization, but the sampling position gradually shifts forward or backward in accordance with the

frequency offsel, PYsaRIv Je.bayadans.pUe exe paltem JpasaclielSYDRIs SOt be accurately

determined, ata restoration fal herefore, there 1s a need to compensate for these frequency
offsets. "‘{i‘.’)@@ﬂ? communication and, more specifically, to a method of compensating for an offset

between a sampling frequency and a symbal 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 wireless
communication using the 60 GHz band, are being researched and developed in which data
rates exceeding one gigabit per second have been realized. When data 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 to the accuracy of the oscillator generating the
clock supplied to the digital circuits in the transmitter and the receiver, circuit mouniing

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 pattern immediately after
synchronization, but the sampling position gradually shifts forward or backward in accordance
with the frequency offset. Eventually, the boundary of the eye patiern is reached, symbols
cannot be accurately determined, and data restoration fails. Therefore, there is a need to

compensate for these frequency offsets.



High-speed compensation must be performed to compensate for frequency offsets in ultra-highspeed
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 signals, 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
oversanypy) 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 resampling circuit is realized by performing interpolation and decimation at the
appropridigeared sigreppaiphasstiteperfisiped ofcgiruempaiekerifiganahcinelfeein ling drbighency of
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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 resampling 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 egualization such as inter-symbol
interference (IS1) cancellation are performed using filters in a subsequent stage, and data
decimation is performed after this to obtain the original symbol rate. This method takes a iong
time fo determine the coefficient of the resampling circuit, and the circuit configuration is large.

Citation List
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Patent Literature 1~ WO 97/27685 (Domestic Published Unexamined
Patent Application No. 2000-504166 in Japanese for Designated State JP)

Summary of Invention

Technical Problems



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 signals | and Q using ADC
in a single-carrier wireless communication system. (B) High-speed on-the-fly compensation by a digital
circuit n which nothing is fed back to the local 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-(i%ég] circuit that is as small as possible. Solution to Problems [0008] The present invention
doesn h the sampling frequency of the receiver to the frequency of the transmitter by altering
the frequency of the receiver clock or changing the coefficients of a resampling circuit. Offset

compengaien & PRLOLMRMMNE PR RIBRINY JSRRINREARIAOURISURRIEShUSIIG dBrerietgsmined number

of overs mplln for example, twice), and shifting the filter coefficient of the compensation filter as the
. data shi 873 e present Invention ¢an be summarized by {(A)-(E).

(A) Sampling received signals | 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 to 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

[0008]

The present invention does not match the sampling frequency- of the receiver to the frequency of
the fransmitter by altering the frequency of the receiver clock or changing the coefficients of a
resampiing 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 initial value is a
correlation value obtained from the preamble 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 recajygryRaRAaHIRTRR 6% GARRsR SRlGR R (iR pRIMaRR e Fesamplingfiter circuit,

equalization filter cjrcuit and decimation filter circuit in Patent Literature 1 can be realized in a single
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on the fly without matching the clock of the receiver to the clock of the tfransmitter.

Effect of the Invention

[0010]

The technigue 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 filter 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

[0011]

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 a 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. 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 including the present invention. The present invention
will be gxptaiged first with reference 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 to a
factor ofttsio4 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 including the present
invention. The present invention will be explained first with reference fo 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 appiications of

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

[0014]

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

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

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

[0015]



[0014] First, the beginning of a frame is detected in oversampled received signals using a
synchronization circuit. For example, as defined in IEEE 802.15.3c, a millimeter wave PAN frame is
divided into three sections: a preamble, a header, and a payload. The preamble comprises a Golay
sequence, which is a known pattern with a strong autocorrelation. [0015] The synchronizing circuit
uses a Golay correlator to detect the Golay sequence, and then detect the preamble. This is used to
perform frame synchronization and symbol synchronization, find the beginning position of the header,

and CO“‘ﬁfé'&ﬁ?@‘?ﬂﬁﬁzﬂ@%ﬁ&h@u@%‘M%@%Imrweﬁﬂtﬁé@ﬁﬁlﬁséﬁ@éﬁ@é]‘é@ﬂ%é‘ﬂ%fé‘é‘fremor
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SynChrOQﬂZ@%&H#ﬁ%& Eveves aﬁ&@éfﬁé%@%'%ﬁ&@b@%é@?&éﬂgﬁ dhe tarred filter (explained
below). The main circuit configuration related to the present invention is within the dashed lines in FIG.

2, and uses the output from the synchronization circuit whose timing has been corrected, and the
correlati®fV@lue 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)
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sequeng coxLO%thol\ 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
output 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 oversampied at a factor of two,
the rate is twice the rate of the original symbol raie {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 sequences.

[0018]

Of course, received symbol sequences in which there are three or more types of phase shift can
also be generated. When the oversampling factor is not a multiple of an integer and the
oversampling facior 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, resclving 'symbo! rates into a plurality of received symbol sequences is

calied “polyphasing” or “polyphase resolution”.



Of course, received symbol sequences in which there are three or more types of phase shift can also
be generated. When the oversampling factor is not a multiple 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, resolving
symbol rates into a plurality of received symbol sequences is called "polyphasing” or "polyphase
resolution”. [0019] Immediately following the wavefront aligner in FIG. 1 is a circuit for dividing the
symbol ygiednto 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). Z1 (Zto the power of -1) is the delay element (latch), which creates a delay of one oversampling
rate portiomeaiimahiftiching thimyaned oot atigassan56G[0026] dirnvibtintdlidingdrsyyohmniaiide, the

sampling,pQsitim ol a4 iaastibeiehoressRitle.9dd PhasamiauiddRacatsrnsanihencenter of the
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phase-regolvsddecaly ety BehaRgHER caaREEEHIze 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 Ix domain in the figure). As a result, the operating frequency can be kept low regardless of
the nunibe2@f 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 sjructure is campact eyen when the decimation filter is
includ R AR RSP REIER. e OTIRicTe (AR Ao 1a00 51 e ERned TP has the
configunsttame eheuld Redigitdd filtepotririentiejtihdrenh rditene. délayetnieeferaie theedbopl in series. In
the figuig,fbediltesas@athirarairecniigatipasadishvinchides tuadelay slenpnisiatanes). A tap

is the number of edges at which a delayed (timing-shift ignal is sent to a multiplier. Three
multiplié@lﬁqeﬂ'ggﬁgﬂf ﬁﬁ?eé’-?a%aé%ﬁﬂéi? %%.%Sﬁgﬁgg?ﬁi% ﬁgﬁ?ﬁgﬁgla%%mtlpﬁé sc?ﬁvl?gt- correspond to
the nunmdyertof pedysheases, six multipliers

[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 result, the operating frequency can be kept low regardiess 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 structure 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
elements are lined up in series. In the figure, the filter has a “three-tap configuration” which
includes two delay elements (latches). A tap is the number of edges at which a delayed (timing-
shifted) signal is sent fo 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 (one sequence of WO, W2, W4 for the even phase, and one sequence of W1, W3, W5
for the odd sequence). [0023] The multiplier performs complex 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
configurgtion nesfamstaonacions: previding-the:prRemRsste Jan.cralliciRntiqs sarieling deviations

in received signals due to inter-symbol interference and sampling frequency offsets, and properly
decimatlAGHES AEPMAER (1% 5EHREER Al Sl JHALE APEIPRT 9 E5E 003 FME P even
simpler donfigsiratiofeisheasiceskdhentialing 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 (ten minus two) can be ignored. Here, four multipliers are sufficient for
a "two-tw%@nfiguraﬁon" 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 sequences (one

sequengg SR\l 295 e SYRPBNARRIAEH AN seULRARRAVWE) W3 REdbemddggquence). [0025]
An existing "adaptive algorithm™ is used to growde the agprognrlatf;éa coefficient, A described
He el ot
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"described relationship”. Feedback from the adaptive a or]i+hr_n Is applied o the subsequent
down-sRRAETSHR B ITRES B P FHiEe ARAEREP A JoR A LT P h R VBRI Mis)
algorithme@iaedetyngiyvdiedstidgrayon tRLiSpdigenth rndrs@@lirg siequBSyadesithanis plepieted in the
simpleshgisahit configitatimhibRS ek emHae taRnsd Jitahisms sdfnsymbol determination in a

subsequent demapper, and the difference between the correct symbol position and the received
symbol is fed back as an error vector. This error vector is multiplied by a feedback gain called a step
size par@dter (SSP), 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. [0027
P V\vfhenJ a% even[ simpi]er 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
{en polyphases, two polyphases can be used and the other eight {ten minus twe) 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 seguence).

[0025]

An existing “adaptive algorithm” is used to provide the appropriate tap coefficient. A described
relationship between the size of the tap coefficients and the received symbol sequences is used
as the size of the tap coefficients changes. In the figure, W0, W1, W2, W3, W4 and W5 are
added () together as the multiplier outputs, but this corresponds to (a portion of) the
configuration of the *described relationship”. Feedback from the adaptive algorithm is applied to

the subsequent down-sampled symbol rate.

[0026]



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 tap coefficient is calculated, and
the content 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
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will now be explained with reference to . 3. .3isagr showing the change in the size
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right endpf ke sYRBRhARRIGRANMMRE Ble i enfiat/arcoe Hisisnh &0 By tARiipteRehplthe odd
phase, the middle peak is the second tap coefficient from the right end of the even phase, and the
next peﬁf%rIL“ %RE¥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. [9634)] (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 outputs is
represented by a single symbol, and symbol mapping/demapping usually occurs on a plane called the
IQ pland hresdrisaibecrin enist isf coasistémtiwitizenef tentaneooedjnientmrdisreddeddosthakast by | and Q,

and the gosfRigliPRoRIR BAcUlnied Usnadhessyaluemisiaraspmexwsphes: (R83h register).
When another adaptive algorithm is used, the amount of change in the size of the tap coefficient
is calculated, and the content 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 also be performed by

averaging the number of symbols.
[0028]

The operation fo compensate for sampling frequency/phase offsets on the fly is performed 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 FI1G. 3.

[0029]

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



The correlation values outputted from the correlation are created from a pattern 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 carrier. When there has been multi-path
interference and inter-symbol interference (the waveform corresponding to the symbol has been
distorted, 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 @E@S@%E%Q@%%ﬁ{%ﬂﬂﬁﬁrn%%ré)ﬁd[gpt%%]e@@:?%H§§eth§nS%@@@BééﬁJ#’setﬁ’é%%%ﬁﬁ nece

corresponds to the |m?u se response of the channgl, the inverse response has to be calculated
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multi-pashiftstesier enddoahdagiermiyiybOhinterderapoa isigepidseint€thy & Dseonivdi$iof.H(z). When the
transmitted symbol sequence is X(z) and the received symbol sequence is Y(z), the following equation
is obtained. Y(z) = H(z)X(z) Here, z represents the symbol rate. The tapped filter may determine the
tap coetflM as 1/H(z) because a coefficient is required to restore X(z) from Y(z). [0033] Because an
HR digital filter configuration has been used up to this point, a Taylor expansion is performed atz =0
to obtaipan, FUryRe digital Aligrcrnfiguration. 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
specificationisenaal/degeption| diezrera ediven 68 (B eCaase thaedtapthaleshovwhandihe olhahis zero-order,

first-ordgy.apd se¢Rnd &{Qﬁre@ﬁmqsm%%m%iﬁb&éﬂ%p\@&%@ By aRiRgeigian determined

from correlation values in this manner is set immediately after s?/nc ronization. If an appropriate tap
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zeroes. Af @ FaRih KRS, WReLQAdart SR fcaieskputput cannot be provided in the initial

portion of the frame. [0034] (3) Wavefront Aligner As mentioned in (1), sampling frequency/phase
offsets can be.compensated for using the combination of a tapped filter and an adaptive algorithm.
Howevddddtause 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 teg:) coefficient with the largest value is constantly monitored.
The correlation values outputted from the correlation are cfeated from a pattern 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 carrier. When there has been
multi-path interference and inter-symbol interference (the waveform corresponding to the
symbol has been distorted, 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 properiy.

[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 following equation is obtained.

Y{(z) = H(z)X(z)
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[0035] It may be set in the center of the eye pattern of the initial value (that is, the zero-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 setting the tap near
the center. [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.i o) it | 20 fjlt ile t vefrons aligner
replaces t g,gjﬁ&t@g e&ﬁé.% t%gfr éﬁ%@%ﬁﬁ%@%@%ﬁéﬁ? é?egﬁﬁéj?tﬁeg E%%%ﬁ%%@%g i\lr%mslhifted SO
that the tf&ﬁaéﬁ@ﬁﬁ%%’w iheepirektio/atierR Ao 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 ar é@gﬁe 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
wavefroBeediggtesnnifadiy ittistitibutesfigdchpharas loswh exen [hasessipaiter Tegmortegpbegoming of the

header-JQQ@#AAEt&%s_amelmaﬁhe&v%%gya@@{gqﬂa%ﬁﬂ gushan e, suol cale glihe

transmitter, the sampling position gradu ts to an earlier position time wise. This' means the
positionBEEhe>BEpIhRIARI ePICiTARIERRG BRI ATRIgreTAe Hinfamraefiriedctbiis S piadanto the first
even phassfiddrthis dinwen ke wanbéronbalignereshiftaihe@dpprerefiiciendaeytbplehe gasition of the

shifted taR soRiiient Wb e RTINS RLEIIDRL 05 aR60nM add-ARass. At the same time,

the allocation of the data series is change IS time, the sampling frequency of the receiver is

slower tHEFRIFPD ALY B Fate 2 EsTSTER AP LI RNE SRAMMBPEIRA igate F3Reof FIG. 4).
In this wagdthhpaditio nabbder s colfittnt witte tihin tay fost sizeanrbekeptifrom alzmnging. [0039]

set immediately after synchronization. If an appropriate tap coefficient is not provided, the
adaptive operation is begun from the value different from the fap coefficient of the appropriate
initial value without the initial value being set to a fixed value such as all zeroes. As a result, it

takes time to adapt, and the correct cutput cannot be provided in the initial portion of the frame,
[0034]
(3) Wavefront Aligner

As mentioned in (1), sampling frequency/phase offsets can be compensated for using the
combination of a tapped filter and an adaptive algorithm. However, because the number of taps
is finite, compensation can noe 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 pattern of the initial value (that is, the zero-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. Af this point, a three-tap
configuration {or a configuration with more than three taps) is better than a two-tap configuration

for setling the tap near the center.
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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 (bottom rows of FIG. 4). In other words, because W4 has the
largest value, 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 tap coefficient with the
largest Vefidelto its original position. In this way, sampling frequency/phase offset compensation can be
continued using a finite number of taps. When the number of oversamplings (oversampling factor) is

greater IR [l o%&{mgnﬁé ﬁ%ﬁl%ﬁ%ﬁ}%ﬁ‘e ) ssenreniskiayebespablnnasads also

greater than two. H wever, w rlncg’)afs present invention are applied to this case, a
timing shifigbralR 488 @ﬁé‘tﬁa@é tReSRPrYih d’?‘f%%ﬁ?ﬁ%?%ﬁé%\%‘f%@ B%éﬁ%ﬂ%%ﬁ'ﬁ&f?équences that
have besmgrobmharedn Bt rakesvithdssijertgiciseftihe tephaiciicandiepts ofdheprestotenvention.

10041 gl WD ERBRRAAINERS APHIDEREBNEHE [IISH LR SREFIRICH BnsHdL ieqpveliont

aligner descrl ed above makes if possible to configure a compact filter circuit for a wireless receiver
which |§B!§I%dt§%§ﬁm@er@&?\9§g"§@ﬁé‘fg%%r?éﬂ% @'y 'éh”dhﬁ?%ﬁw@%ﬁﬁ‘?&ﬂr@@ﬂﬁt%@f having to

match theigtock of the receiver to the clock of the transmitter, and without having to reference the
content of the data. It also makes continuous on-the-fly sampling frequency/phase offset
compensation possible using a finite number of taps. [0042] FIG. 5 is a diagram showing actual results
from md4%dféments performed using the method of the present invention. When the modulation
scheme is QPSK, the sampling frequency offset of the transmitter and receiver is 50 ppm, and the

present en'ion i ApusRd, e samping.aos o sl Aibe- e plaue as lisielshiie “before

recover)é situation In’(a recovery becomes impaossible. When the present Invention Is used, the
original CHHstENRRiEittaAr B reR SRR & Hgthlﬁﬁl%l‘t%’a Wﬂ“?@“gffa? RddRase ditsARSHMPAIN0043] The
basic citgeipssitifiguf atio mpfcdficansiveh tse thigdite pressittr ayesttionizsich avwneisdettad brean be

realizedysing DRIANTE (RSHIES.FOHMIAIR ISRRYLGR: B HBIENRHG IRROYIAEP AR s0Uuafe resources

working together asic circuit confl%Jratlon of the receiver can also be realized as a method
including®® BRipSIit) BFSIBRR S PRsckRSHY T afersrielalAisgivdes afdo8a88536YaM including a
pluralityppiapeagradrdeoties fibe éxeiuting dhidsdstefas. in a computer serving as the receiver.

[0038]

If the sampling frequency of the receiver is slower than the symbol rate of the fransmitier, the
sampling position gradually shifts to an earlier 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 returned {o 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 slower than the original symbol rate, and an overlap of a single symbol occurs
(middle rows of FIG. 4). In this way, the position of the tap coefficient with the largest size can

be kept from changing.

[0039]

12



Claims [Claim 1] A method 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 method comprising the steps of:  generating a plurality of
polyphased (polyphase-resolved) received symbol sequences (corresponding to the number of
polyphases) by shifting (delaying with a latch) the relative timing when a received symbol sequence
oversampled based on a predetermined number of oversamplings is down-sampled based on the

inverse QE@,%@Q%@E%HMB&E@&Y%S@B@NE?% e raceives symBolsegrgces being two
types of symbol sequences; a symbol sequence having an odd phase and a symbol sequence having
an ever! PRERL NI AP iSRRG P87 BP SR T B RETIET: et § @Ta fg with
least onghlfisdmryhat deandnddgtbpsthie timiserohdeleasthass dholierngopiveliREmbolsetigences that

have bega.golypbazeAia Ahtai Misasth iR rerevaL FYRBRLSSLIRRCeR (WQiamceRfigweation);
providing tap coefficient se%uences with at least two va |ab’_(\eﬁs/ for at Ie%%[8 a/vo of the received symbol

sequen %"tﬁ@gﬁ BT LBERSR Egﬁte %ﬁe%oﬁ'é'ﬁ{be t PRI ﬂ?ﬁa’é&’fha?n?fg'ﬁother series
being WinaA3 dooerspddgprasge)ped apibly e fsedbadistriomiem adaptive algorithm to subsequent
down-sampled symbol rates in order to input a described relationship according to the size of the tap
coefficients and the received symbol sequences as the size of the tap coefficients changes;
monitorméﬁﬁe 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 cogfficirmishandeinytaRerisalIRRINGrgE Qv RIlAPRIBSEIN R Afithie Pvarsampjed received
symbol %ﬁ%uences when the ,?{sn |?ntof the monltﬁred t coefﬁmen%:tﬁdl%attlng the m nﬂ:%m size has
moved 10 & iff&rBRT {088 STV I8P CIBARIHEILRIRST: (TS 5P The Metdd %%%m@% Claim 2
further dberprisioeflibierdseps ofiified at the same time to return the tap coefficient with the largest

value to its original position. In this way, sampling frequency/phase offset compensation can be

continued using a finite number of taps. When the number of oversampiings (oversampling

factor) is greater than two, the number of received symbol sequences which have been

polyphased is also greater than two. However, when the principles of the present invention are

applied to this case, a timing shift of at least one stage is performed on each of at least two

received symbol sequences that have been polyphased. This makes it possible to use the

technical concepts of the present invention.
[004 1]

Use of (1) the tapped filter, (2) the initial value for the tap coefficient, and (3) the wavefront
aligner described above makes it possible to configure a compact filter circuit for a wireless
receiver which is able fo handle received signals oversampied by an ADC at the symbol rate
without having to match the clock of the receiver to the clock of the transmitter, and without
having to reference the content of the data. it also makes continuous on-the-fly sampling

frequency/phase offset compensation possible using a finite number of taps.
[0042]

FIG. 5 is 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 transmitter and receiver is 50 ppm, and the present invention is not used, the sampling
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shifting (delaying with two or more latches) 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 (three-tap configuration); and  providing tap coefficient sequences with at least three
variables for at least two of the received symbol sequences that have been obtained (one series being
WO, W2, W4 for an even phase, and another series being W1, W3, W5 for an odd phase). [Claim 3]
The method according to claim 1 or claim 2, wherein the initial value of the tap coefficient is

estabiisi e s; X\ oH(Y (7RI oF SRS SURPR AR p phip represent the

response of a channel including multi-path interference and inter-symbol interference as a
Z-conveRIBYPH (05 TEsRiR's: tYQ?%’?ﬁﬁl’féﬁ%%ﬁ%BY%‘&&%iﬁéE‘Sézﬁ‘ﬁSHQ'QEFeCé?é]%H%%B%T
sequente ¥@yand aeib:ssirdieyg fiystherdérr secnrdydsiteafietcindbefficients are assigned to the tap
coefficient when a Taylor expansion is performed at z = 0 to obtain an FIR-type digital filter
configur[%técﬂ)rg]. [Claim 4]

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 also be
realized as a method inciuding 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.
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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 polyphased
(polyphase-resolved) received symbol sequences (corresponding to the number of polyphases) by
shifting (delaying) the 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
numbergtpygrsamplings (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 (delaying) by at least
one stefCthertithing of at least two of the received symbol sequences that have been polyphased to
obtain at least two received symbol sequences (two-tap configuration); tap coefficient sequences
with at least two variables for at least two of the received symbol sequences that have been obtained
(one series HRFIGAR/S" REZIGIGH WP LO8PENGARBIPR PR ATEEIREMEIN £ SABHE¥an odd phase);
an adaftaepedggrithies Kynapb hdtegrfecsiivatoi tecidreeqasnt gdwse sHisyl | edasygndbairatesian mrder to
input a gesgrbedd filipnntinREcyRng adie kel imiaperaliininaldd greceived symbol

sequences as the size of the tap coefficients changes; and a wavefront al%lner for monitoring the
position of 88D BMRLEAY RERAYRFRSE MAXRRERA GraNGAbIRTH BRIy DrEY eSS icients based
on a cofepassomdhtie sizesiofreotaplgplediicn s shiftths hiktiagitb evito sitins) thatetaiveoefficients and

simultancansly R0 A6 P LGHABPLG AN OBRAIRGIOY BrRamBIed sregier SEmhahegayences when

the position of the monitored tap coefficient indicating the maximum size has moved to a different
(adjaceRYPISPRIBNRIE AP YOOI T BRTPE PR BLEve PL PHRAG RO RIBS WRREAGS comprising:  a
series o@umemnpﬁme(tamiwsimmmmg ¢clelayinny) m&mmgmsmmeamngasf atghefalsonwo of
the recelfge-AKRRliRg AN BaEe Rl 1ave B RARKRSERLIA-BRIAD BhieRst ARG Reelved symbal

sequences (three-tap configuration); and tap coefficient sequences with at least three variables for

at least NS SRR RSB IINE SHTOMBIESRIBHELS Mt have been obtained (one series being WO, W2,
W4 for an eiftingl{dsiay@mpgdvith attea sterredsdiei p\WHilieHe8oeS ey te toithpldaeleast two of the

received symbol sequences that have been polyphased to obtain at least two received symbol
sequences (two-tap configuration);

providing tap coefficient sequences with at least two variables for at least two of the
received symbol sequences that have been obtained (one series being W0, W2 for an even
phase, and another series being W1, W3 for an odd phase);

applying feedback from an adaptive algorithm fo subsequent down-sampled symbol rates in
order {0 input a described relationship according to the size of the fap 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 simulianeously skipping or ovetlapping 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.
[Claim 2]

The method according to claim 2 further comprising the steps of:
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[Claim 6] The receiver according to claim 4 or claim 5, wherein the initial value of the tap coefficient
in the tap coefficient register with the adaptive algorithm is established as follows: X(z) = 1/H(z)Y(z)
(Here, 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 gf #7040 QAR IR ARG SligitaL ity sorlgurateldCIRNIMhg AHARBUIRS Brogram

executed in a receiver for performing on-the-fly compensation on an offset between a sampling
frequenttf AR BTG RRAHPACES HIFh Maxg RERRECLREE h S BEHA A i3St EUER BCRIYSfder to restore
data in ayiranssetieehsyaitiobsegpencigdlwigrpgraim comprising:  program code for generating a

plurality of polyahaser emnbAsssEESRbRAIFSRIaY BYPOLSRALSRESE (CATERPENAINY to the

number of polyphases) by shifting% (delaying with a Iatch%)the relative timing when a received symbol

sequent&EBVER SIS BHE SHAhPalR TR NBIR G SR SRE5R RelRT ity LYis dbhSh¥RY based
on the iphiesse afdheqtinedstaas redohrtim VéR, o6 ver sarmgdingegthe received symbol sequences being
two types of symbol sequences: a symbol sequence having an odd phase and a symbol sequence
having ?(r:\lg\r(neg}phase when the predetermined number of oversamplings is two);

The method according to claim 1 or claim 2, wherein the initial value of the tap coefficient is

established as follows:
X(z} = 1/H(z)YY{z)
(Here, 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.
[Claim 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 polyphased (polyphase-resolved) received symbol
sequences (corresponding to the number of polyphases) by shifting (delaying) the 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);
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program code for shifting (delaying with at least one latch) 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 (two-tap configuration);  providing tap coefficient sequences with at least two
variables for at least two of the received symbol sequences that have been obtained (one series being
WO, W2 for an even phase, and another series being Wi, W3 for an odd phase); program code for
applying feedback from an adaptive algorithm to subsequent down-sampled symbol rates in order to

Input a desgy 'B%Qt SHAYAnS P a6kA E&&%&?b’%)%? lQEéPSn@Qt&BﬂTQQIﬁM@ 8RG0S 366 YRSy mbol

sequences as the size of the tap coefficients changes; r&,ram code for monitoring the position of
the tap %@W@%ﬁYWﬁﬂhﬁﬂ@@ﬁﬁsmlmﬁbﬁ% %RWBH@SSCH& ARSI EGERNCH BRI a
comparisanefdhe (siemptindaptteafficients; and  program code for shifting the positions of all tap

coeficients anc-ULIANEUSHSpAINg RLaeIARRIAg AT e Sl SrABIIEAJegiiad Symbo

sequences when the position of the monitored tap coefficient indicating the maximum Size has moved
to a duffé?&ﬁ'@(&&ﬁaﬁ@%b%@&@fﬁ% %‘HFB&%’WF[@&W%]W%FW&H&VEWQ?& asenetish a
receiversadesiting W Claitfar tartbet slesmpyising:  program code for shifting (delaying with two or

more liches) b 31515 B YRR 15 MIREL AoRs) R SLIDR eSO seqagces tht

have been polyphase tain at least three received symbol sequences (three-fap configuration);

and  phoyRsh %Hﬁ’é‘tférdﬁﬁS{}RﬁHde@BO@éEﬁé@ﬂrg'é‘élﬁ%HEé%'Wlﬂ‘f Mé%&P leiqpiFigBitS%or at least
two of theceteeaiwehsyhsbolseggences tiad tidve eavalfitiened:tangserned being W0, W2, W4 for an

even phaS% @%ﬁgg{gﬁérﬁqm@&i%]thmswa@{ A8 tQB%cPé}ﬁ‘aSM 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 1o a different (adjacent) tap

coefficient position.
[Claim 5]

The receiver according to claim 4 further comprising:

a series of two or more latches for shifiing (delaying) 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 (three-tap configuration); and

tap coefficient sequences with at least three variabies for at least two of the received symbol
sequences that have been obtained (one series being W0, W2, W4 for an even phase, and
another series being W1, W3, W5 for an odd phase).

[Claim 6]

The receiver according to claim 4 or claim 5, wherein the initial value of the tap coefficient in

the tap coefficient register with the adaptive algorithm is established as follows:
X(z) = 1/H(z)Y(z)

(Here, z indicates the symbol rate.)
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[Claim 9] The program according to claim 7 or claim 8, wherein the initial value of the tap coefficient
Is established as follows: X(z) = 1/H(z)Y(z) (Here, 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

configuianel aisprdOlT e rassivsb apeasinadn Rl iElBLEPRIBHSIoR: ABanAlge to-digita

converter (ADC) for oversampling transmitted symbol sequences a synchronization circuit connected

to the ABYEYRSH BEREBIRNT SRS B%ﬁ?ﬁ‘f?@%‘aﬁ%‘rﬁ@d AREPSIEsR R ASTUIER PEBRARERERFBEADC for
detectinfjeanGokneiseduyembe] 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 1o obtain an FIR-type digital fiker configuration.
[Claim 7]

A computer program 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
comprising:

program code for generating a plurality of polyphased (polyphase-resolved) received symbol
sequences (corresponding to the number of polyphases) by shifting (delaying with a latch) the
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);

program code for shifting (delaying with af ieast one latch) 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 {two-tap configuration);

providing tap coefficient sequences with at least two variables for at least two of the
received symbol sequences that have been obtained {one series being W0, W2 for an even
phase, and another series being W1, W3 for an odd phase);

program code for applying feedback from an adaptive algorithm to subsequent down-
sampied symbol rates in order o input a described relationship according fo the size of the tap
cosfficients and the received symbol sequences as the size of the tap coefficients changes;

program code 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

program code for shifting the positions of all fap coefficients and simultaneously skipping or

overlapping any one of the oversampied received symbol sequences when the position of the
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wherein a preamble is detected by detecting a Golay sequence, and frame synchronization and
symbol synchronization are performed to find the beginning position of the header.

monitored tap coefficient indicating the maximum size has moved to a different (adjacent) tap

coefficient position.
[Claim 8]

The computer program executed in a receiver according to claim 7 further comprising:

program code for shifting (delaying with two or more latches) by at least two steps the timing
of at ieast two of the received symbol sequences that have been polyphased to obtain at least
three received symbol sequences (three-tap configuration); and

program code for providing tap coefficient sequences with at least three variables for at least
two of the received symbol sequences that have been obtained (one series being W0, W2, W4
for an even phase, and another series being W1, W3, W5 for an odd phase).

[Claim 9]

The program according to claim 7 or claim 8, wherein the initial value of the tap coefficient is
established as follows:

X(z) = 1/H(Z)Y(z)
(Here, 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.
[Claim 10]

The receiver according to claim 4 further comprising:
an analog-to-digital converter (ADC) for oversampling transmitted symbol sequences,
a synchronization circuit connected to the ADC for defecting the beginning of a frame, and

a Golay correlator connected to the ADC for detecting a Golay sequence;
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wherein a preamble is detected by detecting a Golay sequence, and frame synchronization and

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