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(57) ABSTRACT 

An adaptive equalizer capable of tracking rapid channel 
variations While maintaining high stability and loW jitter, 
and a receiver constructed therefrom. A novel feature of the 
invention is that is that the equalizer is sectioned, that is 
constructed from a plurality of feed-forward sections and 
decision-feedback sections, Where these sections comprise a 
cascade of an adaptive linear ?lter and an adaptive multi 
plier. This structure is effective at combating rapid channel 
variations, Which are a result of delay variations of the 
re?ections of the signal, e.g., airplane ?utter, Without sac 
ri?cing the stability and the accuracy of the equalizer even 
in cases Where the equalizer has a large number of taps. The 
different equalizer sections may have different step size 
parameters. Acontroller monitors the channel variations and 
adjusts the step size parameters of each section accordingly. 
The controller increases the step sizes of the equalizer 
sections that are able to compensate for the variation of the 
channel and does not increase the step sizes of the other 
sections. This alloWs the equalizer to combat rapid channel 
variations Without sacri?cing stability and accuracy. The 

1998_ present invention is particularly suitable to high speed 
Wireless RF digital communications applications, e.g., to 

Publication Classi?cation DTV broadcast applications, Where the equalizer is charac 
terized by a large number of taps and the signal is subject to 

(51) Int. Cl.7 ..................................................... .. H03H 7/30 rapid time varying re?ections due to movement of objects 
(52) US. Cl. .......................................... .. 375/232; 370/286 such as cars and airplanes. 
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HIGH STABILITY FAST TRACKING ADAPTIVE 
EQUALIZER FOR USE WITH TIME VARYING 

COMMUNICATION CHANNELS 

FIELD OF THE INVENTION 

[0001] The present invention relates generally to digital 
communications systems and more particularly relates to a 
highly stable, fast tracking equalizer suitable for use in 
combating time varying channels Within a digital commu 
nications system. 

BACKGROUND OF THE INVENTION 

[0002] Channel Re?ections and Digital Television Signals 

[0003] In the coming years digital television broadcasting 
Will take on more and more of a dominant role in television 
broadcasting. Public broadcasting of digital television sig 
nals has already begun the United States. Some time in the 
early 2000s, it is forecasted that the broadcasting of most 
analog television signals Will cease and Will be replaced by 
TV signals that are digital in nature, Whether over terrestrial 
links, i.e., over the air, cable or satellite. 

[0004] A problem associated With the transmission of 
terrestrial digital TV signals is signal re?ections. Signal 
re?ections can be caused by many factors including station 
ary objects such as buildings and moving objects such as 
airplanes. 
[0005] Weak re?ections that are generated relatively close 
to the receiver do not pose as nearly as much of a problem 
as strong re?ections that are generated relatively far aWay 
from the receiver. The latter type of re?ections being very 
problematic to the reception of digital signals such as digital 
TV signals. 

[0006] Channel re?ections are another common form of 
linear distortion ISI Which constitute a common impairment 
in digital communications channels. They can, hoWever, be 
negated by employing an equalizer in the receiver. 

[0007] In many cases the amplitude level and the time 
delay of the re?ections are time varying. These amplitude 
level and the time delay variations are associated typically 
With Wireless transmission, Where they may result from 
movement of objects Which re?ect the transmitted signals. 
In order to compensate for this type of noise, the receiver 
must track the channel variations and adapt the parameters 
of the equalizer accordingly. 

[0008] Decision Feedback Equalizers 

[0009] A problem frequently encountered in full dupleX 
digital data communication systems that employ a limited 
bandWidth channel is the presence of linear distortion intro 
duced into the signal propagation path. The linear distortion 
commonly manifests itself as intersymbol interference (ISI) 
in the received symbol sequence. In order to reduce the 
effects of this distortion, it is common practice in the signal 
processing art to process the received signals by some form 
of linear and non-linear ?lter mechanism, such as a decision 
feedback equalizer 

[0010] The samples are then fed to a feed forWard linear 
?lter section. The feed forWard linear ?lter comprises a 
delay line, i.e., z_1, and each stage of Which stores a 
respective symbol sample. The contents of the respective 
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stages of the delay line are multiplied by respective Weight 
ing coefficients Wiand then summed in an adder, to yield a 
combined output. This output can be applied to a doWn 
stream decision feedback section, from Which output data 
decisions are derived. 

[0011] The output of the adder is adjusted by subtracting 
the output of the decision feedback section from the output 
of the adder. The effect of subtracting the output of the 
decision feedback section from the linear ?ltered section is 
to remove intersymbol interference due to previously 
detected symbols. 

[0012] Note that data decision estimates are derived on a 
symbol by symbol basis by means of a symbol decision 
mechanism, such as a symbol slicer. The symbol slicer 
functions to slice the signal at equally spaced levels betWeen 
reference levels for the received symbols. These output data 
decisions are then fed back to a linear delay line to remove 
intersymbol interference from future symbols. The contents 
of the respectivez'1 stages of the delay line are multiplied by 
respective Weighting coef?cients and then summed in an 
adder to produce a combined output to be subtracted from 
the output of feed forWard section. 

[0013] A residual error signal for adjusting the Weighting 
coef?cients of the linear section and the decision feedback 
section of the ?lter may be obtained by differentially com 
bining data decision estimates at the output With the output 
of the summation block. In the ideal conventional DFE 
equalizer architecture the Weighting coef?cients Wi for the 
feed forWard ?lter section are assumed to be one-sided. i.e., 
anticausal, and the last, or most delayed, tap Z-1 of the delay 
line is typically the largest and is commonly referred to as 
the main tap, reference tap or the cursor tap. The current 
decision on the value of a received symbol is customarily 
considered to have its dominant energy contribution derived 
through this tap. 

[0014] The Weighting taps of the feedback section take on 
values equal to samples of the postcursor or ‘tail’ of the 
received symbol Which folloWs as the symbol energy 
decays. 

[0015] Since the classical DFE structure assumes that the 
number of taps or stages is in?nite, practical realization 
requires truncating the lengths of the respective feed forWard 
and feed back delay lines at some practical number of taps 
per ?lter. In order to prevent signi?cant degradation of the 
signal, the number of taps selected for the feedback stage 
must be sufficient to span all signi?cant samples of the signal 
at the point of ISI cancellation. The number of taps of the 
upstream stage is not as readily apparent. 

[0016] Although this number is related to the precursors, 
it is not necessarily equal to the signi?cant energy span of 
the precursors. One method to establish the length of the 
?lter is to either compute the coef?cients or simulate the 
?lter With a large number of coef?cients and determine hoW 
many are signi?cant. This approach, hoWever, is heavily 
channel dependent since, in practice, the signal processing 
circuit designer does not have the freedom to implement a 
‘Whitened’ matched ?lter in the analog domain prior to 
sampling, Which Would be different for every line shape and 
noise spectrum. Ultimately, some prescribed ?Xed shaped is 
employed, or a simple anti aliasing ?lter may be used 
upstream of the sampling point. 



US 2001/0043650 A1 

[0017] In order to train the adaptive equalizer, data values 
or symbols corresponding to the transmitted data are used. 
Training is normally carried out using a predetermined 
training sequence. Alternatively, if the data decisions are 
sufficiently reliable prior to convergence, these data deci 
sions can be used for training. When a training sequence is 
employed it is common practice to derive a rough approxi 
mation of the amount of delay and alloW the taps to groW 
until the largest tap is identi?ed. Then the amount of delay 
is adjusted so as to place the cursor tap at the desired location 
that is the last stage of the feed forWard delay line. 

[0018] Prior art solutions, such as that described above, 
are limited in their ability to track fast time variations in 
channels having re?ections With large delays. To compen 
sate for the linear distortion in such channels, an equaliZer 
With a large number of parameters is needed, making fast 
tracking of channel variations dif?cult (and sometimes even 
not feasible). For example, a terrestrial digital television 
(DTV) signal may have re?ections of up to 20 micro 
seconds. If a linear equaliZer or a decision feedback equal 
iZer (DFE) is used to combat such re?ections, then at least 
200 taps Will be required. These re?ections may originate 
from a moving airplane, in Which case they can vary 
signi?cantly Within a period of 10000 symbols, and thus be 
very dif?cult to track When using a prior art equaliZer 
architecture. 

SUMMARY OF THE INVENTION 

[0019] This present invention is an adaptive equaliZer 
structure and an equaliZation method that permits fast track 
ing of time varying re?ections Without sacri?cing the sta 
bility of the equaliZer. The ability to track fast variations in 
due in part to the sectioning of the equaliZer into small 
?ltering sections. The equaliZer identi?es sections of the 
equaliZer that need to be adjusted rapidly due to channel 
variations and, consequently, the adaptation rate of the 
parameters of these sections is then increased. 

[0020] Each equaliZer section has an adaptive phase rota 
tor (in QAM receivers) or an adaptive gain (in VSB or PAM 
receivers). One can shoW that the effect of re?ection-delay 
variation When the signal is transmitted at a high RF 
frequency can essentially be compensated for by rapid 
adaptation of only the phase (or gain) parameter in the 
relevant sections, While all the other parameters of the 
equaliZer do not need to be adjusted rapidly. This is also 
exploited by the equaliZer to alloW tracking fast channel 
variations using a relatively small number of parameters. 

[0021] The adaptive equaliZer is also used to construct a 
RF receiver. The equaliZer is constructed from a plurality of 
feed forWard equaliZer sections and a plurality of 
decision feedback equaliZer (DFE) sections. Anovel feature 
of the invention is that the equaliZer is divided into a 
plurality of sections Wherein separate taps and gain param 
eters are associated each section that can be set indepen 
dently from the other equaliZer sections. A controller moni 
tors each equaliZer section and in response thereto, adjusts 
the equaliZer section parameters accordingly. This permits 
the equaliZer to very quickly track re?ections and other 
linear noise sources Without sacri?cing stability and jitter. 

[0022] The outputs of the FFE and DFE sections are 
summed and input to an error calculator and a symbol slicer. 
The output of the symbol slicer is fed back into the ?rst DFE 
section. The output of the error calculator is input to each 
FFE and DFE section and used in generating each respective 
output. 
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[0023] In operation, When re?ections are detected, the 
parameters of only the section corresponding to the time 
span of the re?ections are modi?ed. The step siZe for the 
equaliZer section corresponding to the re?ection is made 
larger thus achieving faster tracking While the other equal 
iZer sections remain unchanged or adapted at a sloWer rate. 

[0024] An equaliZer controller function determines the 
step siZe for each equaliZer section. The controller assigns a 
large step siZe only to some of the equaliZer sections While 
assigning the other sections a small step siZe. This provides 
a fast tracking rate for the sections associated With the 
re?ection While maintaining stability and loW noise thus 
optimiZing the performance of the equaliZer. 

[0025] Each equaliZer section is comprised of a plurality 
of delay line cells and a plurality of adaptive multipliers. 
Each delay line cell is associated With one adaptive multi 
plier. The outputs of the adaptive multipliers are summed 
and input to an adaptive multiplier that generates the data 
output of each equaliZer section. 

[0026] There is provided in accordance With the present 
invention an adaptive equaliZer having an input and an 
output, the equaliZer for equaliZing a receiver signal input 
thereto comprising a plurality of feed forWard equaliZer 
(FFE) sections, at least one feed forWard equaliZer section 
having tap coef?cients and step siZe parameters that are 
adjustable separately for each the feed forWard equaliZer 
section independent of the tap coef?cients and step siZe 
parameters of other feed forWard equaliZer sections, a plu 
rality of decision feedback equaliZer (DFE) sections, at least 
one decision feedback equaliZer section having tap coef? 
cients and step siZe parameters that are adjustable separately 
for each the decision feedback equaliZer section independent 
of the tap coef?cients and step siZe parameters of other 
decision feedback equaliZer sections, a summation unit 
operatively coupled to the outputs of the plurality of FFE 
sections and the plurality of DFE sections, the summation 
unit adapted to add the outputs so as to generate a soft 
decision output, a symbol slicer operatively coupled to the 
output of the summation unit and adapted to generate 
estimated symbols yielding a hard decision output, an error 
calculation unit operatively coupled to the output of the 
summation unit adapted to generate an estimated error signal 
and a controller operatively coupled to the plurality of FFE 
sections and the plurality of DFE sections, the controller 
adapted to generate the step siZe parameters for each FFE 
section and DFE section in response to sensing variations in 
the linear distortion of the receiver signal Which can be 
compensated for by the FFE and the DFE sections. 

[0027] The feed forWard equaliZer section comprises a 
linear adaptive digital ?lter operating on the input of the 
equaliZer delayed in time and generating an output there 
from, the linear adaptive digital ?lter including a plurality of 
coef?cients, an adaptive gain multiplier operating on the 
output of the linear adaptive digital ?lter, the adaptive gain 
multiplier including a gain coef?cient, a ?rst step siZe 
parameter for adapting the plurality of coef?cients of the 
linear adaptive digital ?lter, a second step siZe parameter for 
adapting the gain coef?cient of the adaptive gain multiplier 
and Wherein the ?rst step siZe parameter and the second step 
siZe parameter are set independently for each the FFE 
section. 

[0028] The decision feedback equaliZer section comprises 
a linear adaptive digital ?lter operating on the estimated 
symbols delayed in time and generating an output therefrom, 
the linear adaptive digital ?lter including a plurality of 
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coef?cients, an adaptive gain multiplier operating on the 
output of the linear adaptive digital ?lter, the adaptive gain 
multiplier including a gain coef?cient, a ?rst step siZe 
parameter for adapting the plurality of coef?cients of the 
linear adaptive digital ?lter, a second step siZe parameter for 
adapting the gain coef?cient of the adaptive gain multiplier 
and Wherein the ?rst step siZe parameter and the second step 
siZe parameter are set independently for each the DFE 
section. 

[0029] The controller comprises processing means pro 
grammed to sense the magnitudes of gradient outputs gen 
erated by each the FFE section and each the DFE section and 
adjust the step siZe parameters Within those FFE and DFE 
sections having high gradient magnitudes so as to alloW fast 
adjustment of tap coef?cients. 

[0030] The controller comprises processing means pro 
grammed to monitors the tap coef?cients associated With 
each the FFE section and each the DFE section, detect the 
time variation of the coef?cients, normaliZe the time varia 
tion With the step siZe parameters for a section, adjust the 
step siZe parameters Within those FFE and DFE sections 
having large time variations so as to alloW fast adjustment of 
tap coef?cients. 

[0031] The controller comprises processing means pro 
grammed to set large values for the step siZe parameters in 
a FFE or DFE section that is eXpected to have large or fast 
time varying tap coef?cients and set small values for the step 
siZe parameters in a FFE or DFE section that is eXpected to 
have small or sloW time varying tap coefficients. 

[0032] The tap coef?cients of each FFE section are 
adapted in accordance With the cross correlation betWeen the 
input to the FFE section and the estimated error signal. The 
gain coef?cient of each FFE section is adapted in accordance 
With the cross correlation betWeen the input to the adaptive 
gain multiplier and the estimated error signal. The tap 
coef?cients of each DFE section are adapted in accordance 
With the cross correlation betWeen the input to the DFE 
section and the estimated error signal. The gain coef?cient of 
each DFE section is adapted in accordance With the cross 
correlation betWeen the input to the adaptive gain multiplier 
and the estimated error signal. The tap coef?cients in each 
FFE section are adapted such that they converge to a 
solution Wherein the magnitudes of the tap coef?cients are 
close to a predetermined value. 

[0033] There is also provided in accordance With the 
present invention a communications receiver for receiving 
transmissions that are transmitted Within a communications 
system comprising a sensor for receiving the transmitted 
signals, a front end unit adapted to receive the output of the 
sensor, the front end unit operative to doWnconvert, ?lter 
and amplify the transmitted signal so as to generate an 
baseband signal, an adaptive equaliZer having an input and 
an output and adapted to receive the baseband signal, the 
adaptive equaliZer comprising a plurality of feed forWard 
equaliZer sections, at least one feed forWard equaliZer 
section having tap coefficients and step siZe parameters that 
are adjustable separately for each the feed forWard equaliZer 
section independent of the tap coef?cients and step siZe 
parameters of other feed forWard equaliZer sections, a plu 
rality of decision feedback equaliZer (DFE) sections, at least 
one decision feedback equaliZer section having tap coef? 
cients and step siZe parameters that are adjustable separately 
for each the decision feedback equaliZer section independent 
of the tap coefficients and step siZe parameters of other 
decision feedback equaliZer sections, a summation unit 
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operatively coupled to the outputs of the plurality of FFE 
sections and the plurality of DFE sections, the summation 
unit adapted to add the outputs so as to generate a soft 
decision output, a symbol slicer operatively coupled to the 
output of the summation unit and adapted to generate 
estimated symbols yielding a hard decision output, an error 
calculation unit operatively coupled to the output of the 
summation unit adapted to generate an estimated error 
signal, a controller operatively coupled to the plurality of 
FFE sections and the plurality of DFE sections, the control 
ler adapted to generate the step siZe parameters for each FFE 
section and DFE section in response to sensing variations in 
the linear distortion of the receiver signal Which can be 
compensated for by the FFE and the DFE sections, a 
demodulator operative coupled to the output of the adaptive 
equaliZer and a detector operatively coupled to the output of 
the demodulator and adapted to generate binary output data. 

[0034] There is further provided in accordance With the 
present invention an adaptive ?lter having an input and an 
output, the ?lter for ?ltering an input signal comprising a 
plurality of ?lter sections, at least one ?lter section having 
tap coef?cients and step siZe parameters that are adjustable 
separately for each the ?lter section independent of the tap 
coef?cients and step siZe parameters of other ?lter sections, 
a summation unit operatively coupled to the outputs of the 
plurality of ?lter sections, the summation unit adapted to add 
the outputs so as to generate a soft decision output, an error 
calculation unit operatively coupled to the output of the 
summation unit adapted to generate an estimated error signal 
and a controller operatively coupled to the plurality of ?lter 
sections, the controller adapted to generate the step siZe 
parameters for each ?lter section in response to sensing 
variations in the linear distortion of the input signal Which 
can be compensated for by the ?lter sections. 

[0035] The ?lter section comprises a linear adaptive digi 
tal ?lter operating on the input of the adaptive ?lter delayed 
in time and generating an output therefrom, the linear 
adaptive digital ?lter including a plurality of coef?cients, an 
adaptive gain multiplier operating on the output of the linear 
adaptive digital ?lter, the adaptive gain multiplier including 
a gain coef?cient, a ?rst step siZe parameter for adapting the 
plurality of coef?cients of the linear adaptive digital ?lter, a 
second step siZe parameter for adapting the gain coef?cient 
of the adaptive gain multiplier and Wherein the ?rst step siZe 
parameter and the second step siZe parameter are set inde 
pendently for each the ?lter section. 

[0036] Still further, there is provided in accordance With 
the present invention an echo canceling device comprising 
an adaptive ?lter having an output, and an input adapted to 
receive an outgoing signal, the adaptive ?lter adapted to 
generate an estimated echo signal, the adaptive ?lter com 
prising a plurality of ?lter sections, at least one ?lter section 
having tap coef?cients and step siZe parameters that are 
adjustable separately for each the ?lter section independent 
of the tap coef?cients and step siZe parameters of other ?lter 
sections, a summation unit operatively coupled to the out 
puts of the plurality of ?lter sections, the summation unit 
adapted to add the outputs so as to generate a soft decision 
output, an error calculation unit operatively coupled to the 
output of the summation unit adapted to generate an esti 
mated error signal, a controller operatively coupled to the 
plurality of ?lter sections, the controller adapted to generate 
the step siZe parameters for each ?lter section in response to 
sensing variations in the linear distortion of the input signal 
Which can be compensated for by the ?lter sections and a 
summer adapted to sum together a ?rst signal and a second 
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signal so as to generate an echo free signal, the ?rst signal 
comprising the sum of an echo generated by time varying 
re?ections and an incoming signal source, the second signal 
comprising the output of the adaptive ?lter. 

BRIEF DESCRIPTION OF TEE DRAWINGS 

[0037] The invention is herein described, by Way of 
example only, With reference to the accompanying draWings, 
Wherein: 

[0038] FIG. 1 is a block diagram illustrating the architec 
ture of a typical receiver that includes an equaliZer and is 
used to generate a data output signal from an input RF 
signal; 
[0039] FIG. 2 is a block diagram illustrating an equaliZer 
constructed in accordance With the present invention capable 
of fast tracking of signal containing time varying re?ections; 

[0040] FIG. 3 is a block diagram illustrating the feed 
forWard equaliZer section of the present invention in more 
detail; 
[0041] FIG. 4 is a block diagram illustrating the decision 
feedback equaliZer section of the present invention in more 
detail; 
[0042] FIG. 5 is a block diagram illustrating the adaptive 
multiplier used to construct the equaliZer of the present 
invention in more detail; 

[0043] FIG. 6 is a logical ?oW diagram illustrating the 
method of monitoring the gradient output of each equaliZer 
section and determining the step siZe for each one therefrom; 

[0044] FIG. 7 is a block diagram illustrating a sectioned 
adaptive ?lter constructed in accordance With the present 
invention capable of fast tracking of signal containing time 
varying re?ections; and 

[0045] FIG. 8 is a block diagram illustrating the architec 
ture of a typical echo canceler that includes a sectioned 
adaptive ?lter of the present invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0046] Notation Used Throughout 

The following notation is used throughout this document. 

Term De?nition 

ATSC Advanced Television Systems Committee 
ATV Advanced Television 
CAP Carrierless Amplitude/Phase Modulation 
DFE Decision Feedback Equalizer 
DTV Digital Television 
FFE Feed ForWard Equalizer 
ISI Intersymbol Interference 
PAM Pulse Amplitude Modulation 
PSK Phase Shift Keying 
QAM Quadrature Amplitude Modulation 
RE Radio Frequency 
UHF Ultra High Frequency 
VHF Very High Frequency 
VSB Vestigial Sideband Modulation 

[0047] General Description 
[0048] A block diagram illustrating the architecture of a 
typical receiver that includes an equaliZer and is used to 

Nov. 22, 2001 

generate a data output signal from an input RF signal is 
shoWn in FIG. 1. The receiver, generally referenced 10, may 
be used to receive digital television (DTV) signals. The 
invention, hoWever, is not limited to use With DTV signals. 
The invention has application in any communication system 
that utiliZes equaliZation, either FFE or DFE, in the receiver, 
such as systems using QAM, PAM, CAP and PSK modu 
lations. 

[0049] The DTV receiver 10 is constructed to receive 
Vestigial Side Band (VSB) modulated signals in accordance 
With the terrestrial TV standard speci?ed in Digital Televi 
sion Standard, AnneX D, Advanced Television Systems 
Committee (ATSC) Sep. 16, 1995, incorporated herein by 
reference. 

[0050] The receiver 10 comprises a sensor 12, such as an 
antenna, suitable for receiving television RF frequencies and 
a front end unit 14, i.e., a tuner, Which ampli?es the signal 
received from the antenna, doWnconverts it from VHF or 
UHF band to baseband, ?lters the out-of-band signals, 
performs analog to digital conversion (ADC), performs gain 
control and estimates and compensates for carrier and sym 
bol clock phase and frequency errors. 

[0051] The output of the front-end unit 14 is sampled at 
the symbol rate of 10.76 MHZ. The sampled output is then 
equaliZed by the adaptive equaliZer unit 16 that functions to 
compensate for re?ections, linear distortions and colored 
noise. The adaptive equaliZer unit 16 also functions to track 
variations in the channel distortion and is capable of tracking 
quickly varying re?ections. 

[0052] The output of the equaliZer 16 is fed into a phase 
recovery unit 18 Which is capable of tracking and recovering 
carrier phase rotations due to various factors such as tuner 
phase noise. The output of the phase recovery unit 18 is then 
input to a detection unit 20 Which functions to detect 
utiliZing a decoder for the Trellis channel code and the 
Reed-Solomon error correction code as de?ned in the Digi 
tal Television Standard, AnneX D, speci?ed above. 

[0053] A block diagram illustrating an equaliZer con 
structed in accordance With the present invention capable of 
fast tracking of signal containing time varying re?ections is 
shoWn in FIG. 2. The equaliZer 16 of the present invention 
is based on the Well-knoWn decision feedback equaliZer 
architecture. Details of the construction and operation of 
decision feedback equaliZers and adaptive equaliZation tech 
niques can be found in Sections 10.3 and 11.1 of J. Proakis, 
“Digital Communications,” McGraW Hill, Third Edition, 
1995, and in Sections 10.1.5 through 10.1.8 of R. Gitlin, J. 
Hayes, S. Weinstein, “Data Communications Principles,” 
Plenum Press, 1992, both of Which are incorporated herein 
by reference. 

[0054] The equaliZer 16 comprises a plurality of feedfor 
Ward equaliZer sections 32 and a plurality of decision 
feedback equaliZer (DFE) sections 36. In the eXample equal 
iZer shoWn in FIG. 2, four FFE and four DFE sections are 
used. Input data yt is input to the ?rst FFE section. The input 
data passes through multiple delay registers in each section 
32. 

[0055] In accordance With the present invention any num 
ber of FFE and DFE sections may be used Without departing 
from the spirit of the invention. In addition, the number of 
FFE and DFE section may be different and are not related to 
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each other. Equalizers can be constructed that have no FFE 
or DFE sections at all, but may suffer from reduced perfor 
mance. 

[0056] The data outputs from each FFE and DFE section 
are input to a summer 34 Whose sum output Zt forms the soft 
decision output of the equaliZer. The output of the summer 
34 is also input to an error calculator 38 Whose output et is 
fed to each FFE and DFE section. The output of the summer 
34 is also input to a slicer 40 that functions to make decisions 
about each symbol. The output at of the slicer forms the hard 
decision output and is input to the ?rst DFE section. An 
equaliZer controller 30 coordinates and controls the opera 
tion of the individual components of the equaliZer 16. 

[0057] In operation the equaliZer 16 generates a sequence 
Zt Which is an approximation of the transmitted symbols. The 
sequence Zt is a linear combination of the equaliZer input 
sequence yt and a sequence of estimated symbols at gener 
ated by the symbol slicer 40 using a Zero-delay detection 
algorithm such as the memoryless nearest neighbor decision 
rule taught by Proakis. The linear combination is generated 
by the feed forWard equaliZer sections 32, decision 
feedback equaliZer (DFE) sections 36 and the summation 
unit 34. The sequence Zt is used by the error calculator 38 to 
generate an error sequence et that is used by the FFE sections 
32 and the DFE sections 36 for parameter adaptation chan 
nel variation tracking. 

[0058] The equaliZer controller 30 functions to sense the 
rate of change of the coef?cients in each of the sections and 
increase or decrease the step siZe parameters of the section 
accordingly. If the controller senses high gradient magni 
tudes from one or more FFE and DFE sections, it adjusts the 
step siZes of those sections accordingly in order to alloW fast 
adjustment of those sections. In addition, the controller 
functions to monitor the tap coef?cients of each FFE and 
DFE section, detect the time variation of the tap coef?cients, 
normaliZe the time variations by the step siZe of the par 
ticular section and adjust the step siZes of sections With large 
time variations so as to permit fast adjustment of the tap 
coef?cients. Further, the controller sets large step siZes for 
any FFE or DFE section that is eXpected to have large or fast 
time varying ?lter coef?cients. Conversely, the controller 
sets small step siZes for any FFE or DFE section that is 
eXpected to have small or sloWly time varying ?lter coeffi 
cients. 

[0059] The FFE sections are useful for canceling non 
causal signals such as re?ections that occur before the main 
signal. Although infrequent, this situation may occur in areas 
such as croWded cities With tall buildings and in areas With 
particular geological arrangements. The DFE sections are 
useful for canceling causal signal such as re?ections that 
occur after the main signal. As described above, this may be 
caused by re?ections off airplanes particularly at receiver 
locations Within a feW miles of an airport. Note that a 
transmitted signal may be re?ected more than once resulting 
in reception of a main signal and multiple re?ected signals 
each delayed in time and having different amplitudes. In the 
case of DTV signals, re?ections may occur up to 40 micro 
seconds that correspond to a feW miles. At a data rate of 10 
Msps, this time delay represents 400 symbols. 

[0060] The function of the equaliZer 16 is to remove as 
best as possible the re?ections from the received signal. 
Since it is not knoWn beforehand Where the re?ections Will 
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be in time, the equaliZer 16 is operable to learn the channel, 
i.e., the locations of the re?ections, from the signal. 

[0061] In order to be able to cancel the re?ections in the 
received signal, the equaliZer must be constructed to have a 
suf?cient length. Thus, there must be a suf?cient number of 
taps in the equaliZer to encompass a time span long enough 
to include potential re?ections. 

[0062] In the case of DTV signals, the length of the 
equaliZer may be relatively long having a large number of 
taps. Typical prior art adaptive equaliZers control the taps 
and the step siZe of each tap on an equaliZer Wide basis. In 
other Words, there is no individual control of each tap and its 
step siZe, the step siZe of all taps are controlled as a group. 
Note that the step siZe controls the speed of tracking. In this 
case, a tradeoff must be made betWeen larger step siZe and 
faster tracking Which leads to increased noise and loW 
stability versus smaller step siZe and sloWer tracking Which 
leads to loWer noise. Further, it is Wasteful to train an entire 
equaliZer When only a feW of the taps need to be adjusted. 

[0063] The equaliZer of the present invention, on the other 
hand, is divided into a plurality of sections (both FFE and 
DFE sections) Whereby each section has a plurality of taps 
that are controlled as a separate entity. The step siZe for each 
section can be set independently from all other sections. 
Thus, if it is determined that only a feW taps need to be 
adjusted rapidly, the parameters for only the equaliZer sec 
tions containing those particular taps needs to be updated. 
The remaining equaliZer sections are not changed rapidly 
and remain substantially unchanged. 

[0064] In accordance With the present invention, When 
re?ections are detected, only the section corresponding to 
the time span of the re?ections needs to be modi?ed. In this 
case, the step siZe for the equaliZer section corresponding to 
the re?ection can be made larger thus achieving faster 
tracking. The remaining equaliZer sections can be set to have 
small step siZes While only the equaliZer section associated 
With the re?ection has a larger step siZe. 

[0065] It is the function of the equaliZer controller 30 to 
determine the step siZe for each equaliZer section. Prefer 
ably, the controller 30 assigns only a large step siZe to a feW 
equaliZer sections While assigning the other sections a small 
step siZe. This provides a fast tracking rate for the sections 
associated With the re?ection While maintaining stability and 
loW noise since the remaining sections have a small step 
siZe. This serves to optimiZe the performance of the equal 
men 

[0066] The equaliZer controller 30 monitors the average 
rate of change of the parameters of each section in order to 
determine Which section requires a larger step siZe. Equal 
iZer sections With high magnitude of the gradient terms, i.e., 
large amounts of activity due to re?ections for eXample, are 
given higherstep siZe. If an equaliZer section is not experi 
encing time variations, then its gradient terms are minimal, 
i.e., ~0. 

[0067] A block diagram illustrating the feed forWard 
equaliZer section of the present invention in more detail is 
shoWn in FIG. 3. The data input yt to the FFE section 32 is 
fed into the ?rst of a plurality of delay line registers or cells 
50. In the eXample FFE shoWn in FIG. 3, ?ve delay line cells 
50 are shoWn. Note, hoWever, that the FFE section 32 may 



US 2001/0043650 A1 

be constructed having any number of delay line cells. For 
example, the number of delay line cells ranges from 4 to 64 
With 8 taps being typical. 

[0068] At each symbol clock the data in the delay line 
formed by the plurality of delay line cells 50 is shifted to the 
right. The output of the rightmost delay line cell may be 
connected to the data input of the ?rst delay line cell in 
another FFE section. 

[0069] The content of each of the delay line cells is input 
to one of adaptive multipliers 52. The output of each 
adaptive multiplier is summed in summer 54. The output of 
the summer 54 is input to an adaptive multiplier 58 Where it 
is multiplied by the gain associated With that particular FFE 
section. The output of the adaptive multiplier 58 is input to 
the summer 34 (FIG. 2). The coef?cients of the adaptive 
multipliers 52 are adapted using the product of the error 
sequence et and the complex conjugate of the coef?cient of 
the adaptive multiplier 58 as output by multiplier 62. This 
product is then multiplied With a step siZe factor 66 via 
multiplier 60 to generate a scaled error 61. 

[0070] The coef?cient of the adaptive multiplier 58 is 
adapted using the product of the error sequence et and a step 
siZe factor 6g via multiplier 64. The gradient averaging unit 
56 functions to average the norm of the gradient indications 
53 received from the adaptive multipliers 52 and 58 and to 
generate a gradient output signal Which is input to the 
equalizer controller 30 (FIG. 2). Note that the gradient 
averaging unit 56 averages the norm of the gradient indica 
tions 53 both in time and over all the adaptive multipliers 52 
and 58 in a particular equaliZer section. 

[0071] A block diagram illustrating the decision feedback 
equaliZer section of the present invention in more detail is 
shoWn in FIG. 4. The data input at to the DFE section 36 is 
fed into the ?rst of a plurality of delay line registers or cells 
70. In the example DFE shoWn in FIG. 4, ?ve delay line 
cells 70 are shoWn. Note, hoWever, that the DFE section 36 
may be constructed having any number of delay line cells. 
For example, the number of delay line cells ranges from 4 
to 64 With 8 taps being typical. 

[0072] At each symbol clock the data in the delay line 
formed by the plurality of delay line cells 70 is shifted to the 
left. The output of the leftmost delay line cell may be 
connected to the data input of the ?rst delay line cell in a 
doWnstream DFE section. 

[0073] The content of each of the delay line cells is input 
to one of adaptive multipliers 72. The output of each 
adaptive multiplier is summed in summer 74. The output of 
the summer 74 is input to an adaptive multiplier 78 Where it 
is multiplied by the gain associated With that particular DFE 
section. The output of the adaptive multiplier 78 is input to 
the summer 34 (FIG. 2). The coef?cients of the adaptive 
multipliers 72 are adapted using the product of the error 
sequence et and the complex conjugate of the coef?cient of 
the adaptive multiplier 78 as output by multiplier 82. This 
product is then multiplied With a step siZe factor c via 
multiplier 80 to generate a scaled error 81. 

[0074] The coef?cient of the adaptive multiplier 78 is 
adapted using the product of the error sequence et and a step 
siZe factor 6g via multiplier 84. The gradient averaging unit 
76 functions to average the norm of the gradient indications 
73 received from the adaptive multipliers 72 and 78 and to 
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generate a gradient output signal Which is input to the 
equaliZer controller 30 (FIG. 2). Note that the gradient 
averaging unit 76 averages the norm of the gradient indica 
tions 73 both in time and over all the adaptive multipliers 72 
and 78 in a particular equaliZer section. 

[0075] Note that the gradient averaging unit in both FFE 
and DFE equaliZer sections (56FIG. 3, 76FIG. 4) functions 
to generate an indication of hoW much the equaliZer param 
eters (either yt or a) need to be changed. If the gradient 
output, as monitored by the equaliZer controller 30 (FIG. 2), 
is large over time, it is an indication that the coef?cients and 
gain parameters should be modi?ed. In response, a bigger 
step siZe is given only to the equaliZer section Whose 
gradient output has increased. The remaining sections are 
substantially unchanged. 

[0076] Note that in both FFE and DFE sections, the 
plurality of delay line cells and adaptive multipliers function 
as a linear adaptive digital ?lter. The tap coef?cients (Within 
each adaptive multiplier) are adapted in accordance With the 
cross correlation betWeen the ?lter input and the estimated 
error signal generated by the error calculation unit 38 (FIG. 
2). In addition, the gain coef?cient of the adaptive multiplier 
that receives the output of the summation unit in each FFE 
and DFE section is adapted in accordance With the cross 
correlation betWeen the input to the gain multiplier and the 
estimated error signal generated by the error calculation unit 
38. 

[0077] Note that in accordance With an alternative 
embodiment, not all the FFE and DFE sections are required 
to have independently adjustable tap coef?cients, gain coef 
?cients and step siZes. One or more of the equaliZer sections 
may be constructed using standard prior art techniques. 

[0078] Ablock diagram illustrating the adaptive multiplier 
used to construct the equaliZer of the present invention in 
more detail is shoWn in FIG. 5. Note that the adaptive 
multipliers 52 and 58 (FIG. 3) of the FFE and 72 and 78 
(FIG. 4) of the DFE are substantially the same in construc 
tion and operation, thus only one of them Will be described 
here. The adaptive multiplier 52 comprises a delay register 
96 Which functions to store the coef?cient of the adaptive 
multiplier 52, leakage function 92, summer 94 and multi 
pliers 98, 90. 

[0079] The output data produced by the adaptive multi 
plier 52 is formed from the product of the data input and the 
coef?cient of the adaptive multiplier, i.e., the output of delay 
register 96, via multiplier 98. The adaptive multiplier coef 
?cient stored in delay register 96 is adapted by summing (1) 
the coef?cient itself, (2) the product of the scaled error and 
the input data, via multiplier 90, and (3) a leakage factor 
generated by the leakage function 92. The leakage factor is 
a function of the coefficient stored in the delay register 96. 
The leakage function 92 is adapted to penaliZe values of the 
coef?cient Which are far from a desirable value and thus 
avoid cases such as the folloWing: 

[0080] 1. The coef?cients of the adaptive multipliers 
52 (FIG. 3) become very large and the coef?cient of 
the adaptive multiplier 58 becomes very small While 
their product does not change by much. 

[0081] 2. The coefficients of the FFE and DFE equal 
iZer sections become very large While the sum of 
their outputs does not change by much. 
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[0082] Utilizing the leakage function is a Well-knoWn 
technique in gradient searching that is equivalent to adding 
noise to the system, i.e., dithering. Note that the leakage 
factor is not used for data output purposes, but only for tap 
coef?cient adaptation purposes. If no leakage factor is used, 
the system may potentially converge to an incorrect solution. 

[0083] It is desirable to limit the range of the operands of 
the processing device. There is thus a high penalty for 
operands that approach values that are not implementable by 
the processing device, i.e., the signal processor (DSP). Thus, 
the leakage factor maintains the coef?cients and gain factors 
at proper levels for signal processing and calculation pur 
poses. 

[0084] The operation of the equaliZer Will noW be 
described in more detail and a mathematical model Will be 
presented. The equaliZer of the present invention can be 
described mathematically by the equations that folloW. 

(1) 

[0085] 
[0086] Z(t) is the soft decision output by the summer 
34 (FIG. 2); 

[0087] y(t) is the data input to the equaliZer; 

Wherein 

[0088] grn is the gain factor of the mth section of the 
FFE; 

[0089] clan)+1 . . . cKmH) are the taps of the mth 
section of the FFE; 

[0090] k1 is the gain factor of the 1th section of the 
DFE; 

[0091] dm)+1 . . . cmml) are the taps of the 1th section 
of the DFE; 

[0092] a(t) is the hard decision sequence output of the 
equaliZer generated by the symbol slicer 40 (FIG. 2); 

[0093] M is the number of FFE sections and is greater 
than or equal to Zero; 

[0094] L is the number of DFE sections and is greater 
than of equal to Zero; 

[0095] Note that the case of L=0 is the case of feed 
forWard equaliZation, i.e., Without decision feedback-equal 
iZation. 

[0096] The parameters of the mth section of the FFE and 
the 1th section of the DFE are adjusted in accordance With 
the folloWing equations. 
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-continued 
* (5) 

+ 901(0) 

[0097] Where 

[0099] denotes complex conjugate; 

[0100] X(t) denotes the value of the entity X after the 
equaliZer processes the tth symbol; 

6m). 67(1). 65.0). ?lm 

[0101] 
[0102] (I>(~), are tap leakage functions for 

the FEE taps, DFE taps, and gain factors respec 
tively; 

are adaptive step siZes; 

[0103] gi and in Equations 2 and 4 represent the 
gain factors in the equaliZer sections that contain ci 
and dj, respectively. Adjustment of the gain factors is 
equivalent to adjusting the step siZe of the equaliZer 
section. 

[0104] Note that for the case of the FEE sections the 
leakage function in the adaptive multiplier is represented by 
the III function in Equation 2. For the case of the DFE 
sections the leakage function is represented by the Q func 
tion in Equation 3. 

[0105] It is important to note that the equaliZer of the 
present invention has applications in a Vestigial Side Band 
(VSB) receiver, in Which case all the signals and the 
coef?cients are real valued, and in a QAM, PSK, or CAP 
receiver, in Which case the signals and the coef?cients of the 
equaliZer are complex valued. 

[0106] As described hereinabove, the equaliZer of the 
present invention has several advantages over prior art DFE 
equaliZers. The main advantages Will noW be described. 

[0107] First, the equaliZer of the present invention is 
divided into a plurality of sections. Second, each section of 
the equaliZer has its oWn gain coef?cient and tap coef? 
cients, Wherein prior art DFEs have only taps. This permits 
rapid tracking of the delay variation of signal re?ections that 
can be compensated for by modifying the gain of the 
corresponding sections only, the taps are changed in a 
relatively sloW manner. 

[0108] Third, each equaliZer section has its oWn step siZes 
that are independent of the step siZes of other sections. This 
permits the equaliZer controller 30 (FIG. 2) to increase the 
step siZes associated With a particular equaliZer section that 
need to be adjusted in order to quickly track channel 
variations. Thus, the step siZes associated With a particular 
equaliZer section are increased but Without increasing the 
step siZes in other sections and Without sacri?cing equaliZer 
stability and jitter. 
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[0109] A logical ?oW diagram illustrating the method of 
monitoring the gradient output of each equalizer section and 
determining the step siZe for each one therefrom is shoWn in 
FIG. 6. As describe hereinabove, one of the Ways in Which 
the FFE and DFE equaliZer sections can be adjusted is by 
monitoring the gradient outputs of all the equaliZer sections 
in the equaliZer controller 30 (FIG. 2). The gradient outputs 
are received from each FFE and DFE section by periodically 
polling each section or by each section periodically trans 
mitted its gradient output data to the controller (step 100). 
Each gradient output is then compared to a predetermined 
threshold (step 102). Note that the threshold may be dynami 
cally changing in accordance With some criteria. 

[0110] If the gradient output from a section exceeds the 
threshold, than the step siZes for that particular equaliZer 
section are increased (step 104) While if the gradient output 
did not exceed the threshold, the step siZes of that particular 
section are decreased (step 106). 

[0111] Note that other controller method may be used to 
adjust the step siZe of the equaliZer sections Without depart 
ing from the scope of the present invention. 

[0112] An example application of the equaliZer of the 
present invention Will noW be presented. Consider the case 
of a VSB signal transmitted at a RIF frequency of 600 MHZ 
by a transmitter that is compliant With the Digital Television 
Standard of the ATSC. The RF signal propagates through a 
channel With a single re?ection from a ?ying airplane. The 
signal can be represented as described beloW in Equation 7. 

6(t)+A6(t-1:)(t) (7) 
[0113] Where 

[0114] A is the amplitude of the re?ections; 

[0115] is the time delay of the re?ection; 

[0116] X0 is the initial position of the airplane; 

[0117] v is the Doppler-speed of the airplane toWards 
the receiver and the transmitter; 

[0118] c is the speed of light (approximately 3><108 
meters/sec). 

[0119] The signal is doWnconverted to baseband and loW 
pass ?ltered. The baseband signal can be approximated by 
the folloWing equation. 

n 

[0120] Where 

[0121] T is the period of a symbol; 

[0122] r(t) is the convolution of the impulse 
responses of the transmission pulse at the transmitter 
With the loW pass ?lter at the receiver; 
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[0123] Wherein it is assumed the channel is noiseless and 
perfect carrier phase synchroniZation exists betWeen the 
receiver and the transmitter. 

[0124] Assuming a RF frequency fRF of 600 MHZ and a 
Doppler speed of v=150 m/sec, the second term in Equation 
8 oscillates at a rate of about 600 HZ, i.e., changes sign every 
8,500 symbols at an ATV symbol rate of 10.76 Msps. A 
standard prior art equaliZer for an ATV signal Would typi 
cally require hundreds of coef?cients thus making it very 
dif?cult to track such a fast change because so many 
coef?cients must be adjusted. 

[0125] With the equaliZer of the present invention, hoW 
ever, it is possible to track this magnitude channel variation 
by only adjusting the gain parameter of the appropriate 
equaliZer section or sections, i.e., only one or tWo coef? 
cients, and thus it is possible to achieve much better tracking 
capability Without sacri?cing stability. 

[0126] Beyond equaliZation of communications signals, 
the present invention is also applicable as an adaptive ?lter 
that is capable of tracking relatively fast variations in the 
linear distortion of the signal Without sacri?cing stability 
and accuracy. Such a ?lter can be adapted to function as an 
echo canceler, With particular application to acoustic echo 
cancellation. Such a ?lter can also be applied as a predicting 
and smoothing ?lter, such as in noise cancellation applica 
tions. 

[0127] A block diagram illustrating a sectioned adaptive 
?lter constructed in accordance With the present invention 
capable of fast tracking of signal containing time varying 
re?ections is shoWn in FIG. 7. The ?lter, generally refer 
enced 110, differs from the equaliZer of FIG. 2 in that it does 
not include any DFE sections or a slicer. In addition, the FFE 
sections of the equaliZer are replaced With adaptive ?lter 
sections 114. The ?lter also comprises an error calculator 
116, summer 118 and a ?lter controller 112. 

[0128] A block diagram illustrating the architecture of a 
typical echo canceler that includes a sectioned adaptive ?lter 
of the present invention is shoWn in FIG. 8. The echo 
canceler, generally referenced 120, comprises a sectioned 
adaptive ?lter, summers 126, 128 and a block 124 repre 
senting time varying re?ections. 

[0129] The inputs to the echo canceling device 120 are the 
outgoing signal and the sum of the desired incoming signal 
and an echo signal that comprises the time varying re?ec 
tions of the outgoing signal (block 124). The echo canceling 
device 120 is adapted to process the outgoing signal and 
generate an estimated echo Which is added to the incoming 
signal to generate an echo free signal. The adaptive ?lter 122 
?lters the outgoing signal using an adaptive ?lter that may 
have a large number of taps, e.g., 1000 taps in acoustic echo 
canceling applications. In addition, the adaptive ?lter 122 
functions to track relatively fast time variations in the 
re?ections. 

[0130] In order to achieve fast tracking Without sacri?cing 
stability, the echo-canceling device 120 employs a sectioned 
adaptive ?lter 122. The error calculator 116 (FIG. 7) func 
tions to generate an error signal that is the difference 
betWeen the echo free signal and en estimate of the incoming 
signal, e.g., Zero When there is assumed to be no incoming 
signal. 
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[0131] While the invention has been described With 
respect to a limited number of embodiments, it Will be 
appreciated that many variations, modi?cations and other 
applications of the invention may be made. 

1. An adaptive equalizer having an input and an output, 
said equalizer for equalizing a receiver signal input thereto, 
comprising: 

a plurality of feed forWard equalizer sections, at 
least one feed forWard equalizer section having tap 
coef?cients and step size parameters that are adjustable 
separately for each said feed forWard equalizer section 
independent of the tap coef?cients and step size param 
eters of other feed forWard equalizer sections; 

a plurality of decision feedback equalizer (DFE) sections, 
at least one decision feedback equalizer section having 
tap coef?cients and step size parameters that are adjust 
able separately for each said decision feedback equal 
izer section independent of the tap coef?cients and step 
size parameters of other decision feedback equalizer 
sections; 

a summation unit operatively coupled to the outputs of 
said plurality of FFE sections and said plurality of DFE 
sections, said summation unit adapted to add said 
outputs so as to generate a soft decision output; 

a symbol slicer operatively coupled to the output of said 
summation unit and adapted to generate estimated 
symbols yielding a hard decision output; 

an error calculation unit operatively coupled to the output 
of said summation unit adapted to generate an esti 
mated error signal; and 

a controller operatively coupled to said plurality of FFE 
sections and said plurality of DFE sections, said con 
troller adapted to generate said step size parameters for 
each FFE section and DFE section in response to 
sensing variations in the linear distortion of said 
receiver signal Which can be compensated for by said 
FFE and said DFE sections. 

2. The adaptive equalizer according to claim 1, Wherein 
said feed forWard equalizer section comprises: 

a linear adaptive digital ?lter operating on said input of 
said equalizer delayed in time and generating an output 
therefrom, said linear adaptive digital ?lter including a 
plurality of coef?cients; 

an adaptive gain multiplier operating on said output of 
said linear adaptive digital ?lter, said adaptive gain 
multiplier including a gain coef?cient; 

a ?rst step size parameter for adapting said plurality of 
coef?cients of said linear adaptive digital ?lter; 

a second step size parameter for adapting said gain 
coef?cient of said adaptive gain multiplier; and 

Wherein said ?rst step size parameter and said second step 
size parameter are set independently for each said FFE 
section. 

3. The adaptive equalizer according to claim 2, Wherein 
said linear adaptive digital ?lter comprises a plurality of 
tapped delay line cells. 

4. The adaptive equalizer according to claim 1, Wherein 
said decision feedback equalizer section comprises: 
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a linear adaptive digital ?lter operating on said estimated 
symbols delayed in time and generating an output 
therefrom, said linear adaptive digital ?lter including a 
plurality of coef?cients; 

an adaptive gain multiplier operating on said output of 
said linear adaptive digital ?lter, said adaptive gain 
multiplier including a gain coef?cient; 

a ?rst step size parameter for adapting said plurality of 
coef?cients of said linear adaptive digital ?lter; 

a second step size parameter for adapting said gain 
coef?cient of said adaptive gain multiplier; and 

Wherein said ?rst step size parameter and said second step 
size parameter are set independently for each said DFE 
section. 

5. The adaptive equalizer according to claim 4, Wherein 
said linear adaptive digital ?lter comprises a plurality of 
tapped delay line cells. 

6. The adaptive equalizer according to claim 1, Wherein 
said controller comprises processing means programmed to: 

sense the magnitudes of gradient outputs generated by 
each said FFE section and each said DFE section; and 

adjust the step size parameters Within those FFE and DFE 
sections having high gradient magnitudes so as to alloW 
fast adjustment of tap coef?cients. 

7. The adaptive equalizer according to claim 1, Wherein 
said controller comprises processing means programmed to: 

monitors the tap coef?cients associated With each said 
FFE section and each said DFE section; 

detect the time variation of said coef?cients; 

normalize the time variation With the step size parameters 
for a section; 

adjust the step size parameters Within those FFE and DFE 
sections having large time variations so as to alloW fast 
adjustment of tap coef?cients. 

8. The adaptive equalizer according to claim 1, Wherein 
said controller comprises processing means programmed to: 

set large values for the step size parameters in a FFE or 
DFE section that is expected to have large or fast time 
varying tap coef?cients; and 

set small values for the step size parameters in a FFE or 
DFE section that is expected to have small or sloW time 
varying tap coef?cients. 

9. The adaptive equalizer according to claim 1, Wherein 
the tap coefficients of each FFE section are adapted in 
accordance With the cross correlation betWeen the input to 
said FFE section and said estimated error signal. 

10. The adaptive equalizer according to claim 2, Wherein 
said gain coef?cient of each FFE section is adapted in 
accordance With the cross correlation betWeen the input to 
said adaptive gain multiplier and said estimated error signal. 

11. The adaptive equalizer according to claim 1, Wherein 
the tap coef?cients of each DFE section are adapted in 
accordance With the cross correlation betWeen the input to 
said DFE section and said estimated error signal. 

12. The adaptive equalizer according to claim 4, Wherein 
said gain coef?cient of each DFE section is adapted in 
accordance With the cross correlation betWeen the input to 
said adaptive gain multiplier and said estimated error signal. 
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13. The adaptive equalizer according to claim 1, Wherein 
the tap coef?cients in each FFE section are adapted such that 
they converge to a solution Wherein the magnitudes of the 
tap coef?cients are close to a predetermined value. 

14. The adaptive equaliZer according to claim 1, Wherein 
the tap coef?cients in each DFE section are adapted such that 
convergence is achieved to a solution Wherein their magni 
tudes are close to a predetermined value. 

15. The adaptive equaliZer according to claim 2, Wherein 
the gain coef?cient of said adaptive gain multiplier is 
adapted such that convergence is achieved to a solution 
Wherein its magnitude is close to a predetermined value. 

16. The adaptive equaliZer according to claim 4, Wherein 
the gain coef?cient of said adaptive gain multiplier is 
adapted such that convergence is achieved to a solution 
Wherein its magnitude is close to a predetermined value. 

17. The adaptive equaliZer according to claim 2, Wherein 
the plurality of coef?cients of said linear adaptive digital 
?lter and said gain coef?cient of said adaptive gain multi 
plier comprise real values. 

18. The adaptive equaliZer according to claim 4, Wherein 
the plurality of coef?cients of said linear adaptive digital 
?lter and said gain coef?cient of said adaptive gain multi 
plier comprise real values. 

19. The adaptive equaliZer according to claim 2, Wherein 
the plurality of coef?cients of said linear adaptive digital 
?lter and said gain coef?cient of said adaptive gain multi 
plier comprise complex values. 

20. The adaptive equaliZer according to claim 4, Wherein 
the plurality of coef?cients of said linear adaptive digital 
?lter and said gain coef?cient of said adaptive gain multi 
plier comprise complex values. 

21. A communications receiver for receiving transmis 
sions that are transmitted Within a communications system, 
comprising: 

a sensor for receiving said transmitted signals; 

a front end unit adapted to receive the output of said 
sensor, said front end unit operative to doWnconvert, 
?lter and amplify said transmitted signal so as to 
generate an baseband signal; 

an adaptive equaliZer having an input and an output and 
adapted to receive said baseband signal, said adaptive 
equaliZer comprising: 

a plurality of feed forWard equaliZer sections, at 
least one feed forWard equaliZer section having tap 
coef?cients and step siZe parameters that are adjustable 
separately for each said feed forWard equaliZer section 
independent of the tap coef?cients and step siZe param 
eters of other feed forWard equaliZer sections; 

a plurality of decision feedback equaliZer (DFE) sections, 
at least one decision feedback equaliZer section having 
tap coef?cients and step siZe parameters that are adjust 
able separately for each said decision feedback equal 
iZer section independent of the tap coef?cients and step 
siZe parameters of other decision feedback equaliZer 
sections; 

a summation unit operatively coupled to the outputs of 
said plurality of FFE sections and said purality of DFE 
sections, said summation unit adapted to add said 
outputs so as to generate a soft decision output; 
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a symbol slicer operatively coupled to the output of said 
summation unit and adapted to generate estimated 
symbols yielding a hard decision output; 

an error calculation unit operatively coupled to the output 
of said summation unit adapted to generate an esti 
mated error signal; 

a controller operatively coupled to said plurality of FFE 
sections and said plurality of DFE sections, said con 
troller adapted to generate the step siZe parameters for 
each FFE section and DFE section in response to 
sensing variations in the linear distortion of said 
receiver signal Which can be compensated for by said 
FFE and said DFE sections; 

a demodulator operative coupled to said output of said 
adaptive equalizer; and 

a detector operatively coupled to the output of said 
demodulator and adapted to generate binary output 
data. 

22. The communications receiver according to claim 21, 
Wherein said transmissions comprise Vestigial Side Band 
(VSB) transmissions. 

23. The communications receiver according to claim 21, 
Wherein said transmissions comprise Pulse Amplitude 
Modulation (PAM) transmissions. 

24. The communications receiver according to claim 21, 
Wherein said transmissions comprise Quadrature Amplitude 
Modulation (QAM) transmissions. 

25. The communications receiver according to claim 21, 
Wherein said transmissions comprise Carrierless Amplitude/ 
Phase Modulation (CAP) transmissions. 

26. The communications receiver according to claim 21, 
Wherein said communication system comprises a digital 
radio communications system. 

27. The communications receiver according to claim 21, 
Wherein said communication system comprises a digital 
television (DTV) terrestrial broadcasting system. 

28. An adaptive ?lter having an input and an output, said 
?lter for ?ltering an input signal, comprising: 

a plurality of ?lter sections, at least one ?lter section 
having tap coef?cients and step siZe parameters that are 
adjustable separately for each said ?lter section inde 
pendent of the tap coef?cients and step siZe parameters 
of other ?lter sections; 

summation unit operatively coupled to the outputs of said 
plurality of ?lter sections, said summation unit adapted 
to add said outputs so as to generate a soft decision 
output; 

an error calculation unit operatively coupled to the output 
of said summation unit adapted to generate an esti 
mated error signal; and 

a controller operatively coupled to said plurality of ?lter 
sections, said controller adapted to generate said step 
siZe parameters for each ?lter section in response to 
sensing variations in the linear distortion of said input 
signal Which can be compensated for by said ?lter 
sections. 

29. The adaptive ?lter according to claim 28, Wherein said 
?lter section comprises: 

a linear adaptive digital ?lter operating on said input of 
said adaptive ?lter delayed in time and generating an 
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output therefrom, said linear adaptive digital ?lter 
including a plurality of coef?cients; 

an adaptive gain multiplier operating on said output of 
said linear adaptive digital ?lter, said adaptive gain 
multiplier including a gain coef?cient; 

a ?rst step siZe parameter for adapting said plurality of 
coef?cients of said linear adaptive digital ?lter; 

a second step siZe parameter for adapting said gain 
coef?cient of said adaptive gain multiplier; and 

Wherein said ?rst step siZe parameter and said second step 
siZe parameter are set independently for each said ?lter 
section. 

30. An echo canceling device, comprising: 

an adaptive ?lter having an output, and an input adapted 
to receive an outgoing signal, said adaptive ?lter 
adapted to generate an estimated echo signal, said 
adaptive ?lter comprising: 

a plurality of ?lter sections, at least one ?lter section 
having tap coefficients and step siZe parameters that are 
adjustable separately for each said ?lter section inde 
pendent of the tap coef?cients and step siZe parameters 
of other ?lter sections; 
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a summation unit operatively coupled to the outputs of 
said plurality of ?lter sections, said summation unit 
adapted to add said outputs so as to generate a soft 

decision output; 

an error calculation unit operatively coupled to the output 
of said summation unit adapted to generate an esti 
mated error signal; 

a controller operatively coupled to said plurality of ?lter 
sections, said controller adapted to generate the step 
siZe parameters for each ?lter section in response to 
sensing variations in the linear distortion of said input 
signal Which can be compensated for by said ?lter 
sections; and 

a summer adapted to sum together a ?rst signal and a 

second signal so as to generate an echo free signal, said 
?rst signal comprising the sum of an echo generated by 
time varying re?ections and an incoming signal source, 
said second signal comprising the output of said adap 
tive ?lter. 


