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The process of the present invention computes the
update (403) to the least mean square channel estimator
taps. The update coefficient for each tap is computed inde-
pendently based on the power of each tap (402) relative to
the main tap power.
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METHOD FOR CHANNEL ESTIMATION USING
INDIVIDUAL ADAPTATION

Field of the Invention
5
The present invention relates generally to the field of
communications and particularly to digital cellular commu-
nications.
10 Background of the Invention

U.S. digital cellular (USDC) communications uses digi-
tized voice and data signals for communication between a mo-
bile telephone and a base station. These signals are

15 transmitted in the form of short data bursts. When the mobile
moves, it may encounter degraded communication channels
due to noise and multipath distortion; both noise and
distortion varying with time. The multipath distortion is due
to a signal being received by the mobile at different times when

20 it bounces off buildings and terrain. Multipath channels can
cause intersymbol interference that can be removed with an
adaptive equalizer, a specific type of an adaptive filter.

A typical equalizer for USDC uses an adaptive channel
estimator. An adaptive channel estimator (ACE) is a linear

25 transversal adaptive filter that attempts to model the impulse
response of the communication channel. Since the ACE is a
discrete time filter, it accurately attempts to model the
sampled impulse response of the communication channel.
Typically, the spacing of the channel estimator taps is Ts,

30 where T; is defined to be the inverse of the transmission
symbol (baud) rate. This choice of spacing is very useful be-
cause it allows the detector to view the entire communication
system as a discrete symbol source followed by a finite impulse
response (FIR) filter and an additive noise source. This

35 discrete time system model is illustrated in FIG. 1.

The FIR filter is represented by the equation:
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2
H(n) = {(hj(n))

where n denotes time, i denotes the FIR filter coefficient in-
dex, and hj(n) are the tap values of the FIR filter. The refer-
ence signal for the ACE, which is illustrated in FIG. 2, is the
baseband T-sampled signal at the receiver:

y() = 3, a(k)hyy(n) + r(n)
k

where a(n) are the training or detected symbols that are input
to the ACE from the discrete symbol source and r(n) is the
additive noise.

The ACE estimates the (possibly time varying) vector
H(n), representing the FIR filter coefficients. The ACE uses
an adaptive algorithm, such as a recursive least square (RLS)
or least mean square (LMS) algorithm, to minimize the mean
square error between the reference signal and the ACE output
signal, y(n). The ACE output signal, therefore, is ideally
equal to the signal at point A in FIG. 1.

In many adaptive filtering problems, the RLS algorithm
provides faster convergence and better tracking capability
than the LMS process. However, in the case of an adaptive
channel estimator, the simpler and more robust LMS process
tracks channel variations as well as the RLS process. This is
true because the input to the filter is random data symbols
that tend to be uncorrelated. The convergence rate of the LMS
process is dependent on the autocorrelation of the input sig-
nal, and since this correlation is virtually zero, the LMS con-
verges just as rapidly as the RLS process. The configuration
of the ACE is illustrated in FIG. 2. The values of the ACE taps
are updated by the equation:

L
H(n) = Hn- 1)+ GemX (n)
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where:

e(n) = y(n) - XT(m)H(n - 1)

XT(n) = [a(m)am - 1)...a(m - L + 1)]

HT() = [hi(n)hg(n) ... hy(n)]

L = Number of taps in ACE

02 = Variance of o(n)

i = Normalized LMS update coefficient; 0 sp < 1.
Note that in a QPSK type modulation scheme, such as is used
in USDC, the variance of a(n) is 1, or can be normalized to a
value of 1 because the amplitude of all transmitted symbols is
identical.

The ACE used with a maximum likelihood sequence
equalizer (MLSE) detector in the USDC receiver has more
than one tap (L 2 2). When receiving static or flat Rayleigh
faded signals, only one tap should be non-zero because the
signal has not undergone delay spread. The non-zero tap,
typically referred to as the main tap, should have a magnitude
proportional to the level of the reference signal. In reality,
however, noise corrupts the reference signal, and the non-
main taps also have some non-zero amplitude. This degrades
the output of the channel estimator and causes the MLSE
detector to perform poorly compared to a coherent detector in
a static or flat Rayleigh faded channel. There is a resulting
need for a method to allow the detector to perform as well as a
coherent detector in a flat, Rayleigh faded channel.

Summary of the Invention

The process of the present invention encompasses a
method for improving channel estimator performance using a
plurality of adaptive filters in a time varying environment.
Each adaptive filter has a plurality of taps and a reference
update coefficient. The process begins by varying the update
coefficient of each tap, individually, according to a function of
the tap’s size and the reference update coefficient. Next, the
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4
reference update coefficient is varied in response to the

relative performance of at least two of the adaptive filters that
have different reference update coefficients.

Brief Description of the Drawings

FIG. 1 shows a prior art block diagram of a discrete
time system model. ,

FIG. 2 shows a prior art block diagram of an adaptive
channel estimator.

FIG. 3 shows a block diagram of a process to generate
an optimum reference update coefficient in accordance with
the present invention. -

FIG. 4 shows a flowchart of the individual adaptation
process of the present invention.

FIG. 5 shows a plot of the update coefficient scale factor
function in accordance with the process of the present inven-
tion.

FIG. 6 shows a plot of signal power versus bit error rate
in a Rayleigh fading environment, comparing the prior art
fixed update coefficient to the individually adapted process of
the present invention.

Detailed Description of the Preferred Embodiment

The individual adaptation process of the present inven-
tion, illustrated in FIG. 4, enables an MLSE detector to per-
form similar to a coherent detector in a flat fading channel.
The improved performance is achieved by varying the update
coefficient for each tap of the adaptive filter according to the
power contained in that tap relative to the power contained in
the main tap, which is the largest tap.

The process of the present invention is based on the
variation of update coefficient with input signal power.
Signals with lower power contain more noise and require a
smaller update coefficient for optimal operation. Signals with
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higher power are optimal at a larger update coefficient since
they contain a smaller amount of noise. A curve fit of optimal
update coefficients in a fading channel, as illustrated in FIG.
5, suggests the relationship:

Update coefficient = Power level0-27,

This relationship is extended to vary each individual tap with
respect to its power level. The update coefficient for each tap is
10 based on the following relationship:

Hi = Hopt(Power Level;)0-27

where: Hopt = optimal reference update coefficient;
15 Hi = update coefficient for the ith tap;
Power Level; = power level of the ith tap.

_ Referring to FIG. 4, the process begins by computing
the size of each tap (402). This can be accomplished in a
20 number of ways; the preferred embodiment uses a relative
measure and an alternate embodiment uses an absolute
measure.
The relative measure computes a ratio of the absolute
measures of two of the taps. In the preferred embodiment,
25 one of these two taps is the tap with the largest absolute mea-
sure and the other is the tap currently being updated. To per-
form the relative measure the power in each tap is computed
by adding the square of the tap’s real and imaginary parts.
This can be illustrated by the following equation:
30
PT(n) = [p1(n)pz(n) ... pL(n)],

wheze: pi(n) = |hy(n)[? is the power in the ith tap.

35 The tap found to have the maximum power is divided into
each of the tap powers yielding the set of relative power levels:
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6

pi(n)
Pmax(n)

The absolute measure, used in the alternate embodi-
ment, measures each tap’s size by the magnitude of the taps.
Other ways of performing the absolute measure is by squaring
the magnitude of the tap, using the average tap size, or squar-
ing the magnitude of the average tap size.

Whether the relative measure or the absolute measure
is used, the results are used by the next step in the process.
FIG. 5 illustrates a function that is suitable for determining
the relative tap power versus an update coefficient scale
factor, Scale Factor;. As indicated previously, the curve is
determined by y = x0-27 with a floor at y = 0.4. The floor was
established to prevent the update coefficients from going to
zero. This avoids problems where an improper channel
estimate yields a tap with a magnitude of zero. The tap is
allowed to change because it has a non-zero update coefficient.

Referring again to FIG. 4, the next step of the individual
adaptation process of the present invention is to determine the
appropriate update coefficients for each tap (403). This is ac-
complished by the equation:

uT(n) = [pa(n)pen) ... pr(n)]
where: Hi(n) = popt(Scale Factor;).
The update for the adaptive filter is now computed (404)
by replacing the fixed update coefficient of the prior art equa-
tion with the vector y(n). The identity matrix, I, is included to

map the elements of u(n) to the appropriate tap. The resulting
equation is as follows:

B = Hon - 1)+ 28 g )
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When the end of the current data burst is reached (405),
the reference coefficient qpt is updated (401) based on the
process shown in FIG. 3 and described in copending
application S/N 07/722,825 (docket no. CE00473R), having the
same assignee as the present invention. This process uses
two auxiliary adaptive channel estimators, each with a
different reference update coefficient and each using the
previously described individual adaptation process, to
optimize the reference update coefficient pops. The process
estimates the mean square error value E1; and E13 of the
auxiliary adaptive filters over the data burst. Er3 is
subtracted (309) from ET; to generate a difference signal, Eg.
Eq is then used to generate (310) an update signal, p delta
signal, that is fed back to modify the reference update
coefficients.

The process of the present invention for channel estima-
tion using individual adaptation of the update coefficients
yields significant performance gains. FIG. 6 illustrates this
gain by plotting the signal power versus the bit error rate. The
upper plot shows flat fading using a fixed update coefficient
while the lower plot shows flat fading using the individual
adaptation process of the present invention. The lower plot
shows a significantly lower bit error rate under the same con-
ditions.
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Claims

1. A method for improving channel estimator performance
for a plurality of adaptive filters in a time varying environ-
ment, each adaptive filter having a plurality of taps, each tap
having an update coefficient, the method comprising the steps
of:

varying the update coefficient of each tap according to a
function of the tap’s size and a reference update coefficient;
and

varying the reference update coefficient in response to
the relative performance of at least two adaptive filters having
different reference update coefficients.

2. A method for improving channel estimator performance
for an adaptive filter in a time varying environment, the adap-
tive filter having a reference update coefficient and a plurality
of taps, each tap having an update coefficient, the method
comprising the steps of:

determining a power value for each tap, thus producing
a plurality of power values;

determining a maximum power value from the plural-
ity of power values;

dividing each power value by the maximum power
value, thus producing a set of relative power levels;

determining the update coefficient for each tap in re-
sponse to the set of relative power levels; and

updating the adaptive filter using the just determined
update coefficients. '

3. The method of claim 2 wherein the step of determining a
power value for each tap includes squaring the real and imag-
inary parts of the tap and summing these parts.
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4. The method of claim 2 wherein the step of determining the

update coefficient includes multiplying an appropriate scale
factor with the reference update coefficient.

5 5..A method for improving channel estimator performance
for an adaptive filter in a time varying environment, the adap-
tive filter having a reference update coefficient and a plurality
of taps, each tap having an update coefficient, the method
comprising the steps of:

10 determining an absolute power value for each tap, thus
producing a plurality of absolute power values;
determining the update coefficient for each tap in re-
sponse to the plurality of absolute power values; and
updating the adaptive filter using the just determined
15 update coefficients.



WO 94/02991 PCT/US93/05730

(/3

NOISE SOURCE

DETECTOR

DISCRETE § a(n)
SYMBOL SOURCE

E

INPUT ADAPTIVE
FILTER

FIG.2 ' -PRIOR ART-
((START )
402
COMPUTE POWER
IN EACH TAP 1
o
/»403 S _~
2 09 =
DETERMINE APPROPRIATE = 1T
UPDATE COEFFICIENT o P
FOR EACH TAP = 08 <
, 3 d
404 2 07 4
UPDATE ACE USING = //
NEW UPDATE S 0.6
COEFFICTENTS = /
5 0.5/
8
END o| 04
OF BURST g 03
YES 0 010203040506 070809 1
[ WODIFY OR DETERMINE TAP POWER/ MAX TAP POWER
OPTIMUM REFERENCE
UPDATE COEFFICIENT FIGS



PCT/US93/05730

WO 94/02991

2/3

TVNIIS
vinaar

€1y

& A

ju

ENLELEREN
+

\

TWNOIS Vi13d o

40 4

1
7| (wowia)| {  Ituouss
U4y

80s—

o v._-H €1nd1N0
£

43114
JAILdVAY

£08

JONRI343Y

INISS3I04d
43HLANS
0L 1ndLNO

1d0=C43y

od

L E

L+

]
7| (vaousa)] {
U+

1H0YY3

L08—"

Z1nd1no

LEINIE

INTLAVOV
/1 z0e

[ 1

TVNOIS Vi3I0 o
TVNOIS V1T o

FET®

JONFYI43
+
-+

von“vxx

{1Nd1N0

LEINIE
JATLAVQY




WO 94/02991

2x10~!

w10~

X102

BIT ERROR RATE(BER)

X103

104

PCT/US93/05730
3/3
84 Hz FLAT FADING
FOUR STATE MLSE DETECTOR
TA PERFORMANCE IMPROVEMENT
N
. I—
\
AN
\\k \\
N
\\:\
N\ AN
AN -
AN N\
N\ .
\ N~
[ -

—| —O-FLAT FADING MLSE
—+—FLAT FADING MLSE w/IA

i l
-115 -110 -105 -100 -95 -90 -85
SIGNAL POWER(dBm)

FIG6E



INTERNATIONAL SEARCH REPORT International application No.
PCT/US93/05730

A.  CLASSIFICATION OF SUBJECT MATTER
IPC(5) :HO3H 7/30, 7/40; HO3K 5/159; HO4B 1/10.
US CL :375/14, 102, 103
According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)

U.s. : 375/11, 12, 13, 14, 15, 101, 102, 103.

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

APS - Equalizer and power detection

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.

Y,P US, A, 5,175,745, (KAKU ET AL) 29 December 1992, see( 2,3,5
figures 3A and 5 and col. 1, line 55 to col. 2 line 7.

A US, A, 5,230,007, (BAUM) 20 July 1993, see figure 3 and| 1
col. 2, line 52 to col. 3, line 27.

D Further documents are listed in the continuation of Box C. D See patent family annex.

. Special categories of cited documents: T later document published after the international filing date or priority
"A"  documentdefining the gencral siate of the art which is not considered dete and nat i conflict with the spplication but cited to understaad the
1o be part of part gy principle or theory underlying the invention
ape . . N . . X* document of particular relevance; the claimed invention cannot be
E carlier document published on or afler the international filing date considered novel or cannot be considered to involve an inventive step
L document which may throw doubts on priority claim(s) or which is when the document is taken alone
cited to establish the publication date of another citation or other ye d of pasticul . e olaimed & 3 be
special (as specified) considered to involve an mventive step when the document is
0" document referring to an oral disclosure, use, exhibition or other combined with one or more other such documents, such combination
means being obvious to a person skilled in the art
“p* document published prior to the international filing date but later than g+ document member of the same patent family
the priority date claimed
Date of the actual completion of the international search Date of mailing of the intcmationél §e§mh report
03 SEPTEMBER 1993 0 1 N 0 \
Name and mailing address of the ISA/US Autharized r
Commissioner of Patents and Trademarks
Box PCT S RUN
Washington, D.C. 20231 -
Facsimile No. NOT APPLICABLE Telephose No.  (703) 3054714

Form PCT/ISA/210 (second sheet)(July 1992)%



	Abstract
	Bibliographic
	Description
	Claims
	Drawings
	Search_Report

