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AN EQUALIZATION TECHNIQUE FOR COMPENSATING FOR DEGRADATION 
TO TUE TRANSMISSION OF DIGIT ALLY MODULATED SIGNALS 

Background of the Invention 

1. Technical Field 

This invention relates to equali:zation systems for use in digital 

communications and more specifically to an equalization system for compensating 

for undesirable degradations that occur to signals in communication channels. 

2. Description of the Prior Art 
Digital communication systems which employ digitally modulated 

10 signals are increasingly being used in wireless and cellular applications. While 
propagating through a communkation channel. these digitally modulaced !dgnals 

incur degradations in the form of intersymboJ interference, fading and noise. These 

undesirable degradations on the signal are generally compensated for through use of 

equalization provided by equalizers in receivers employed in the digital 

IS communication systems. 

The operation of conventional equalizers is well known and described. 

for example, by S. U. Quereshi in an article entitled Adaptive Equalization, 
Proceedings of the IEEE, Vol. 73, pages 1349·1387, September 198S. Two types of 

equalizer 8tructures are most often used, trdnsversal filters and Viterbi structures. 

20 Transversal filters consist of tap delay lines through which the received digitally 

modulated signals are shifted and the output of every tap is multiplied by a different 

coefficient The output of the transversal filter based equalizer is the summation of 

all of the outputs. f'rom the taps multiplied by the coefficients. A pan of transversal 

equalizers is a coefficient adaptation process which adjusts the coefficients such that 

25 the ourput of the equalizer is a signal widlout inrersymbol interference degradation. 

Viterbi equalizers are fundamentally different from transversal 

equalizers. Viterbi equalizers detect the sequence of the received signaJ for 
obtaining the maximum likelihood estimate of the sequence of the transmitted 
signal The trellis, which i1 used for Viterbi equalization. represents all possible 

30 sequences of the transmitted signal. In operation, the Viterbi equalizer identifies a 

path through the trellis, this path representing the most likely sequence of the 

transmitted signal. 
· The properties of radio propagation through multipath fading channelS, 

and the limitations of receiver technology impose a number of requirements on 
35 equalizers which attempt to compensate for degradations that occur to digitally 

modulated signals while in these channels. Tr~itiona) eqµalization Strucnl!CS _an<!__ ____ .... 
. ; _.,. ____ ,,,.,,_,._, __ ___. . .-..... -· 
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coefficient adaptation methods have disadvantages. By way of illustrative example. 
a numeration of the most often used equalizers and some particular disadvantages of 
these equalizers is provided. Linear transversal equalizer structures have noise 

inversion problems. Decision feedback equalizer (DFE) structures with least mean 

5 squares (LMS) coefficient adaptation have slow coefficient convergence. DFE 

structures with recursive least squares (RLS) adaptation have high computational 

complexity and are numerically unstable. Lattice equalizer structures are 

computationally complex. Tap-jamming based transversal equalizers are 

characteriud by memory inefficient block processing and high computational 

10 complexity. And maximum likellhood sequence escimation (Ml.SE) equalization 

techniques have a high computational complexity and a need to have good channel 

estimates. Also, these MLSE equalization techniques are sensitive to phase errors 
and have high memory requirements. 

As apparent from the above, various techniques of equalization are 

15 known and have been used to date. These techniques are. however. either 

computationally complex or arc limited in performance in some manner. It is 

therefore desirable that equalization techniques not only be capable of satisfacrory 
performance but also be computationally simple. With an increased need for 

portable communication tenninals, such as digital cellular telephones and cordless 

20 telephones, there is an increa.~d need for thi~ type of equali7..ation technique. The 

availability of such a technique advantageously would alJO~'t for example, power 

consumption to be conserved in these portable communication terminals which, 
while in lheir normal operating environment, receive all operating power from a 

battery usually contained within the terminal. 

25 Summary of the Invention · 
An improved technique for equalizing a received signal which is 

degraded by propa,atin; through a muJripach fading communication channel is 

provided, in accordance with lhc invention. In the operation of the technique. a 

separate equation i .. generated from the combination of each sample in the received 
30 signal, a desired signal value (or estimated signal value) and a measured signal· 

estimation error. Each equation is examined for generating an increasingly 
improved approximation of a common value solutlon for use in determining the 
values of c~fficients employed in an equaliur. 

In one aspect of the invention, equalization of the degraded rccci vcd 

35 signal is achieved in the equalizer through use of a look-back depth parameter. This 
selectable parameter determines the number of previously examined equations which 

arc reexamined prior to examining an equation generated using.the most recently 
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received signal sample. Since only those equations lhat musl be reexamined are 

stored in memory, the memory requirements for this technique are significantly less 

than those required by other equalization techniques. 

In another aspect 6£ the invention, flexibility in selecting and adaptively 

5 varying the value of the look·back depth parameter is provided. Through use of the 

measured signal estimation error, the technique variably adapts the value of the 

look-back depth parameter. Optimal equalizer complexity and performance in 

compensating for channel degradation effects are thus achieved through the selection 

of an optimum value for che look-back depth parameter. Being able to configure the 

10 equalizer in this manner results in significant savings in power consumption and 

memory requirements while being able to achieve the desired con"ergence speed for 

the selected application. 

Brief Description of the Drawing 
This invention and its mode of operation will be more clearly 

lS understood from the following detailed description when read with the appended 

drawing in which: 

FIG. 1 is a block diagram representation of functions performed in a 

digital receiver such as a cellular telephone; 

FIG. 2 is a flow-chart representation of the basic POCS equalization 

20 operation; 

25 

30 

FIG. 3 is a- Hyperplane representation of equalizer equations for the 2-

dimcnsional case: 

FIG. 4 is a illustration of the LMS based iterative solution of the set of 

equations; 
FIG. S is an illustration of the Doheny (RAP) based iterative solution of 

the set of equations; 

FIG. 6 is an illustration of the POCS based iterative solution of the set 

of equations; 

FIO. 7 is a fractionally spaced decision feedback equalizer, 

FIGs. 8, 9and10 show performance comparisons in tenns of 

convergence speed between various equalization techniques; and 

FIG. 11 is a table which summarizes a comparison between the POCS 

technique and other equalization techniques. 

Detailed Description . 

3S With reference to FIO. 1 rberc is shown a high level block diagr.1m 

representation of functions perfonned, for example, in a digital cellular telephone 

terminal. The equalization technique of this invention may be readily employed in 
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such a digital cellular telephone. A signal received over antenna 101 is received in an 

lF/RF componenrs block 102. In rhis block 102, a conversion from radio frequencies 
to basehand frequencies of the received signals is perfonned. Also since this block 

contains a transmitter, which provides signals for transmission over the antenna, a 

S conversion from baseband frequencies to radio frequencies is performed as well in 

this block 102. 

· Receive signals from the block 102 are coupled to a modem 110 in 

which a number of digital signal processing functions illustrated by blocks 111 
through 118 are perfonned. Each of these processing functions are well known and 

10 found as parts of traditional modems. 

One panicular imponant funcrion in the modem 110 is the 

equalizer 115, which performs compensation of channel degradations that occur 
during the transmission of digitally modulated signals. Although rhis equalizer 
function is known, improving its performance in terms of reducing its complexity, 

15 power consumprjon, code size (ROM size requirement) and storage memory size 

(RAM size requirements) is desirable and has been achieved in accordance with the 

present invention. An equalizer suitable for use as equalizer 11' is shown in FIG. 7 

and described in detail later herein. 

Connected to the modem 110 .is a speech codec 121 that performs a 

20 conversion which changes the digitally encoded speech received from the 

modem 110 into an analog speech wavefottn and vice versa. Connected to the 

speech codec 121 is a user interface 122 which enables a user to control and use the 

cellular telephone temtlnal. 

Referring next to FIG. 2, there is shown a simplified ftow diagram 

25 illustrating die operation of equalizer 11 S in providing equalization to a channel 

degraded receive signal. in accordance with the invention. Coefficient adaptation i.~ 
achieved through a process which is based on the Method of Projection onto Convex 

Sets realized iteratively using the least mean squares procedure. The process is 
initialized at step 201 where the initializing parameter, me value for the equation K 

30 in memory, is set to zero. from this step 201, the process advances to step 202. 

where a new sample along with a new desired s1gnal. ~a new computed estimate of 

the signal is entered and used for the subsequent processing steps. From step 2~ the 

process advances to step 203 where the r.quation formed by previously entered 
values is put into memory. In steps 204, 205, 206, as well as in any additional 

35 intermediate 8teps (noi illustrated), previously stored equations are recomputed with 

new estimates of coefficients. In dr.cision 206 the process detennines if all input 
samples have been used. If not, then the equation indexed with k·B is mmoved from 
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memory in step 208, the value for the equation k is incremented by one in step I 209, 

and the process is restarted at with step 202. Tf in decision 207, it is detennined that 

all inputs have been used the process is exited. 

An equalization problem can be expressed by the following 

5 vector/matrix equation 

d =Xe+ e, 

where 

(1) 

dis the vector of desired symbols/estimated symbols (training mode I decision 

directed mode), Xis the matrix of received symbols, cit the vector of equalizer 

10 coefficients, ande is the error vector. F.quivalently this equation can be written as 

dk xf! Ck 

d1c-1 
H CO,k Ct-l 

Xk-t 

= + (2) 

•• 
I CN-1,k 
H 

dt-L+l 
Xt-L+l CJc-L+l 

where 

xi is conjugated and transposed vector YJl. In the case of the Jinear ttansversal 

equalizer vector x k represents the set or symbols present in the transversal filter at 

lS thne k. Paramcrer L denores the processing siu of the filcer and N stands for the 

number of the taps in the filter. Any two adjacent vectors Xk and Xt+l in rhc 

equalization problem are obtained by shifting the data through the filter, feeding new 

data point and discarding the oldest data point. The equation (1) can be 

geometrically repre~ented a.c; a ~t nf intersecting hyperpJanes. 

20 With reference to FIG. 3. there is shown a gnlphic:al illustration of 

intersecting hyperplanes for a two-dimensional case. This graphical illustradon 

tepresents a set of ten equations for a simple two coefficient (tap) equa1izer; 
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di 
xu Xt2 

C1 

d2 X21 X22, [~~] e2 (3) = + 
d3 X31 X32 C3 
d4 

X41 X42 
C4 

The task of equalization is to find c so as to minimize some error 

criterion. The least-square solution which minimizes lie II is given by 

c=cx"xr1 xT cL (4) 

5 The inverse of the matrix X H X does not necessarily exist or it can be 

unstable because of the properties of the data. It is therefore desirable to find some 

other regularized inversion c=Xt d which does exists and is stable at the same time. 

It is observed that the POCS based iterative procedure satisfies these requirements. 

Each one of the set of ten equations shown in PIG. 3 is built from one 

10 desired sample value and two input signal values. Ideally all the equations should 

intersect in a single point, but due to distortion and noise that is not the case. The 

goal of any equalization method is to obtain a common solution to all the equations 

which is represenred in the figure by a generally common intersection. A process of 

examining or solving the set of equations may be represented by a trajectory which 

15 starts at an initial signal estimate marked by 0, in FIG. 4, S and 6, and ends when all 

equations have been solved Different equalization methods use different coefficient 

adaptation procedures and their solution trajectories differ. 

With reference next to both FIGs. 4 and 5. there are shown solution 

trajectories for two known equalization techniques. In AG. 4, a trajectory for LMS 

20 or RLS coefficient based adaptations is shown. Each equation in these FIGs. is 

represented by a single line. 

A simple approximation to die stochasric gradient solution of the set of 

equations is given by a LMS adaptive expression 

25 The major problem of this method ls its slow convergence. In the LMS 

technique every data vector x k and the corresponding equation or hyperplane is used 

only once in aniving at the solution. 
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In a paper by J. F. Doherty et al.t entitled A.fast method/or Regularized 
Adaptive Filtering, in Digital Signal Processing, Vol. No. 2. pp. 14M26, 1992, an 
iterative procedure based on the normalized LMS was investigated. Doherty 

proposed using the LMS adaptation repetitively on the same set of equations, in a 

5 block processing fashion which can be represented by 

when proper indexing is specified. Here j = (mod) i, and the sequence in which 

indices change is specified by (i,j) for i; l, ... ,Lxl where I is the number of times 

that one equation is reused. The way in which the equations are reused is illustrared 
10 in FIG. 5. This FIG. thus shows an equalization technique which visits every 

equation line more than once. It is observed that every equation (line) is revisited for 

the next time only after that all equations have been visited once. By way of 

comparison to the equalization technique shown in FIG. 4, a better solution to the set 

of equations is obtained through the equalization technique shown in FIO. S. (The 

15 closer the last solution is to the intersection point, the better lhe overall solution). 

Refemng next to FCG. 6t there is shown a graphical illustration of an 

equalization technique which operates in an iterative routine and requires low 
computational complexity coefficient adaption, in accordance with the invention. 

The equalization technique specifies when and how many particular equations are 

20 reused in the process. The analytical expression for the POCS based iterative 

process is 

(7) 

andMAXis 

MAX= (B + l)[(L - 1) - (B + 1)) + :t:;;;o k, 

25 j = w + i. li- ~u kJ 
W - k11:0 - ' 

U+l 

z = ( w + 1 )(U + 1) + I ~-o k - 1 - i. 



. -··-··---·--···-·-····--···-·-···-·-··--·······---------·---·-····-·-····----------------------· 

-8-

B i 2 t:=O k 

U= 
B - 1 ~B k > i ~ 'l"'B-t k 

""'k;O "'"'i~o 

B-2 T'B-lk>i~'l"'B-2k 
""'k~O "°'l=O 

(8) 

In this process a parameter Bis introduced which defines a look-back 

depth. More specifically, it specifies ho:w many previous equations are revisited and 

used for the iterative coefficient computation prior to using a new equation (data 

5 point). The solution trajectories for this process are shown in the graphical 

illustration provided in FIG. 6. And this process may be performed by the routine 

described by the flow chart shown in FIG 2. 

The equalization technique disclosed herein is a recursive and adaptive 

improvement over the block processing technique described by Doherty et al., in 

10 Digital Signal Processing Vol. No. 2, pp.14-26, 1992. Other relevant work 

addressing cyclical equalization has been reponed by X. H. Mueller et al. in an 
article entided Cyclic EqualizatifJn - A new Rapidly Converging Equalization 

Technique for Synchronous Data Communication, The Bell System Technical 

Journal, Vol. S34, pp.369-406, Feb. 1975. 

15 In solving the equalization equation, in accordance with the invention. 

the POCS based technique effectively performs regularized inversion, and avoids the 
problem of least-square solutions related to inverting rank deficient and ill­

conditioned matrices. D. C. Youla et al, in an article entitled Image Restoration by 

the Method of Convex Projlctions Part J. Tlieory, IFFF Trans. Medical Imaging. 
20 Vol. MI, pp. 81-94 October 1982. shows that POCS-based equalization can be 

represented in a fonn of regularized iterative pseudo inversion. 

This can be shown by the following 

.. 
c1 = He1-1 +d (9) 

where 

2S H = P,Pll-1 ""Pk-LV+l, .. 
d - :E !=:1L><1-L> P\.LPVL-1 PvL-1···Po+o>V+<v+n<Po+B>V+<V> ... Pu+B-t>v+cv>x 
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and 

Here V=B+l. 
Further manipulation leads to the representation oC these equations in a 

pseudo·inverse fonn as set forth in K. Tanabe in an article entitled Projection 

Method/or Solving a Singular System of Linear Equations and its Application in 

Numer. Math., Vol 17, pp.203·214. 1971. This form is 

10 with singular values a gl = :. [ 1- [ 1--i "~ r 1 The roes process ls 

rcgulari2ed through the ireration index 1, Small singular values are invened with the 

raper, zero singular values are inverted to zeros. The smaller the singular values, the 

more they are attenuated. Data structures do not influence convergence properties. 

FIG. 7 is an equalizer operably in accordance with the principles of the 

15 present invention. The equalizer structure is of the decision feedback rype. The 

object of the adaptation technique di.~closed herein is to adapt coefficientS so that an 

input digital signal (x) provided at the input of the equalizer on line 701 is 

compensated for channel degradations before being provided as an output digital 

signal (y) over an output line 702. With every time step the input signal propagates 

20 through taps 703, 704, 705 one at a time. Taps 703, 704, 70!5 delay the signal for a 

fractional amount of symbol time T, which is equal to T/f (By having T/f the 

equaliz.er becomes a fractionally spaced decision fr.cdback equalizer). At every time 

instance signal samples present at nodes 706, 7f17, 708 and 709 are respectively 

multiplied at multipliers 710, 711. 712 and 713 with coefficient values Ct. C2, C3 

25 and C4, and summed in adder 714. Simultaneously. the signal nt the output 702 (in 

the decision directed mode) or signal d (in the tt"dining mode) as chosen by switch 

729 and denoted by r is multiplied by coefficient value CS in multiplier 723 or 

propagates through the tap 721 and is multiplied with coefficient value C6 in 
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multiplier 722. These two signals are rhen summed up in the summer 724. Outputs 

of the summers 714 and 724 are summed up in summer 72S once per signal sample 

period T. In detector 726, the signal is detected by being appropriately thresholded. 

The output of the detector provides the output signal. y. 

5 'lbe coefficients are computed in a coefficient adaptation processor 

block 728. This processor block 728 may be implemented through the use of a 

microcomputer containing ROM, RAM and chrough use of the proper coding. Such 

a m.icrocompute.r is know in the art and is readily available from semiconductor 

manufactures such as Signetics, Intel. AMD and AT&T. 

10 The inputs to processor block 728 are a measured estimation error signal 

e which is obtained from the block 727; vecror x generated by the set· of x signals 

currently present at nodes 706 707, 708, 709, 731and732; and the signal While 

operating in the training mode of equalization. signal r is equal to die known training 

signal d. which is provided as an input to the equalizer for a predetennined number 

15 of symbols. In the American Digital Cellular Communication System (IS-S4}, for 

example, the 1J'8ining period is 14 symbols long. While operating in the decision 

directed mode of equalization, signal r is equal to the estimated signal y at the output 

of the equalfaer. In processor block 728, the coefficient values are computed as 

specified in the simplified flow diagram shown in FIG. 2 and as specified in greater 

20 detail using the POCS procedure defined in equation (7). After the coefficient values 

are computed, these values are used in multipliers 710, 711, 712, 713, 722 and 723. 

This procedure is repeated for each new input sample x appearing on line 701. 

The differences between the RAP technique proposed by Doheny and 

the technique disclosed herein, in accordance with the invention, may be visualized 

25 simply by comparing FIGs. S and 6. The beneficial differences are numerous. 

however, and are set fonh for highlighting the advantageous features of this 

improved equalization technique. First, the POCS technique docs not require that all 

of the equations be revisited in every step of the iterative procedure. Second, since 

only a few previous equations have to be revisited by the POCS technique. it is not 

30 required that all equations be stored in memory. The number of equations that have 

to be stored in the memory for the POCS technique is determined by the look-back 

depth B. The significance of this operation is that the memory required for storing 

the equatio~s that need to be reused is equal to ~ in the general case. In the 

particular case of A ~rican Digital Cellular IS-54, the number of equations that need 

35 to be stored for POCS procedure is approximately two times smaller than the 

memory needed for the RAP technique. Third. the POCS technique provides 

flexibility in choosing and adaptively varying the look-back depth parameter. The 



.~ ............ _ ___...............,;;~-~·· ··===·· ···==····--==··· .................................... ..;;;,;c,;;c~~...-----··· ... -.,_--.. -..... ..., .. ........_ _______ _ 

r 

-11-

POCS technique can adapt the value of the look-back depth parameter based on the 

measurement of the system's signal estimation error and accomplish convergence in 

approximately rhe same time needed by the frame structure of the protocol. This 

assures that there are no computations wasted. In the particular case of the American 

5 Digital Cellular lS·54, the convergence with roes can be accomplished in 

approximately 14 symbols used for the training mode ot the equalizer. 

Properties of the equalizer disclosed herein are: 

Rapid equalizer coefficient convergence (comparable to RLS convergence); 

Low computational complexity coefficient adapcation (comparable or linearly 

10 increased from LMS methods); 

Low power consumption in digical processing or ASIC implementations; 

Numerical stability for fixed-point implementations; 

Minimal program-code size (the same as LMS methods); 

Minimal RAM-memory size; and 

15 Controllability of the equalizer computational comple}(ity. 

One application of the technique is in the American Digital Cellular 

Communication System (IS-54) in which the performance has been verified. The 

results of the perfonnancc when operating in this system are shown in FIGs. 81 9 

and 10. The modulation used in this system is : DQPSK, bit rate is 48.6 kb/s, and 

20 symbol rate is 24.3 kbaud. The multipath Rayleigh fading channel has been used 

where allowed Doppler. spread was up to 80 Hz, the separation between multipath 

components was up to one symbol time, and equal to 41 microseconds. Automatic 

gain control and when necessary baseband canier recovery were used in the receiver. 

FIO. 8 presents a comparative performance in terms of convergence 

2S speed between an equalizer based on the RLS coefficient adaptation technique and 

the equalizer based on the POCS coefficient adaptation technique disclosed herein. 

The value presented at the abscissa is the time and the values presented at the 

ordinate are the magnitude of the error signal e. The maximal error values are 

different for the RLS and POCS techniques illustrated in this figure. This figure has 

30 been obtained by simulating the communications channel and relevant modem 

blocks. Jn this simulation the Doppler spread of the channel is equal to 10 Hz and the 

multiparh characteristics are such that the second path is 1/8 symbol away from the 

first multipath component and it has the same average power. It should be observed 

that the duration of the peaks, during which the. e.qualizers based on the RI .S and 

35 POCS are in the 14 symbol long training mode (where the coefficients are 

converging). are about the same. 'Ibis verifies that fOCS based equalization achieves 

tbe desired convergence speed. 
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FIG. 9 presents a comparison between the convergence speed of an 
equalizer based on the RLS coefficient adaptation technique and the convergence 

speed of the equaliz.er based on the POCS coefficient adaptation technique disclosed 
herein. The value presented at the abscissa is the time and the values presented at 

5 the ordinate are the magnitude of the error signal e. The figure has been obtained by 
simulating the communications channel and relevant modem blocks. In this 

simulation the Doppler spread of the channel is equal to 15 Hz and the multipath 
characteristics are such that the second path is 1/4 symbol away from the first 

multipath component and it has the same average power. It can be seen that the 
10 dunltion of the peaks during which equalizers are converging are about the same. 

This verifies that POCS based equalization achieves the desired convergence speed 

under described channel conditions. It can also be seen that POCS converges as fast 
as RLS, and that POCS does not have an occurrence of extremely low values of the 
errors as shown in this Figure. This appears to suggests that the POCS technique is 

15 more stable. 

FlO. 10 presents a comparison between the convergence speed of an 

equalizer based on the RLS coefficient adaptation technique and the convergence 
speed of the equalizer based on the POCS coefficient adaptation technique disclosed 
herein. The value presented at the abscissa is the time and the values presented aI 

20 the ordinate are the magnitude of the error signal e. Note that the maximal error 

values a~ different for RLS and POCS techniques in this figure. The figure has b~n 
obtained by simulating the communications channel and relevant modem blocks. ln 

this simulation the Doppler spread of the channel is equal ro 30 Hz and the multipath 

characteristics are such that the second path is 3n symbol away from the first 
25 multipath component and it has the same average power. It is shown that the 

duration of the pea.ks during which the equalizers are converging are about the same. 
This verifies that POCS based equalization achieves the desired convergence speed 
under described channel conditions. 

A summary of the comparison between POCS technique and other 
30 equalization techniques is provided in the table shown in FIG. 11. In this table, the 

advantages of the POCS in tennS of computational simplicity, power savings and 

memory requiremenu are shown. The [able presents approximate computational 
complexity, RAM memory requirements and co® size (ROM memory) 

requirements. LMS processing requirements are taken as a point of reference for 
35 RAM memory si7.e and code si?.e. Values in parentheses refer to normalized 

versions of RAP and POCS (versions presents herein). 
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Various modifications of this invention arc contemplated and may 

obviously be resorted to by those skilled in the an without departing from the spirit 

and scope of the invention as hereinafter defined by the appended claims. 
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Claims: 
1. l A method of equalizing a channel degraded received s1gna1 to 

compensate for channel degradations in the re.ceived signal. the method comprising 

the steps of: 

sampling the received signal for obtaining a pluralicy of received signal 

5 samples; 
generating a set of equarion lines from the plurality of received signal 

samples, the equation lines being indicative of a common value solution used in 

determining values for coefficients for use in an equalizer; 

iteratively exnminin.g each one in the set of equation lines. the 

10 examining step examining a new equation line only after each one in a subset of 

previously examined equation lines in the set is reexamined; and 
iteratively computing coefficients for achieving adaptive convergence of 

the coefficients in the equalizer wirh the received signal. 

2.1 The method of claim 1 wherein the iteratively examining step funher 

15 includes the step of limiting the equation tines being reexamined in the subset to a 

number N of equation lines in. the subset, the number N identifying N most recently 
examined equation lines in the subset. 

J. I The method of claim 2 wherein the generating step further includes 

the step of providing a training signal, the training signal providing a plurality of 

20 training signal samples for combining_ with the received signal samples. 

25 

\ 

4.1 The method of claim 3 wherein the received signal samples in the 
receive signal are compensated for the channel degradations by being adjusted by the 

coefficients to be equivalent to the training signal samples being provided in the 

training si111al. 

5. 1 The method of claim 2 wherein the generating step further includes 
the step of providing an error signal having a magnitude indicative of a convergence 

speed required for providing a specific level of adaptive convergence for the 

coefficients in compensating for degradations in the received signal. 

6. I The method of claim S further comprising the step of varying the 

3o number N in response to the change in magnitude of the error signal. 
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7.1 The method of claim 6 wherein the number varying step causes the 

number N to increase in magnitude when the convergence speed required fnr 
achieving rhe specific Ieve1 of adaptive convergence of the coefficients is high and 

decrease in magnitude when the convergence speed required for achieving the 

5 specific level of adaptive convergence of the coefficients is low. 

& I An equalizer circuit for perfonning equaJization on a channel 
degraded received signal to compensate for channel degradations in the received 

signal. the circuit comprising: 

means for sampling the received signal for obtaining a plurality of 
10 received signal samples for use in the equalizer circuit; 

means for generating a set of equatio.ii lines from the plurality of 
rcceive.d signal samples, the equation lines being indicative of a common value 
solution used in determining values for coefficients for use in the equalizer; 

means for iteratively examining each one in the set of equation lines, the 

15 examining means examining a new equation line only after each one in a subset of 

previously examined equation lines in the set is reexamined; and 

means responsive to the examining means for iteratively computing 

coefficients for achieving adaptive convergence of the coefficients in the equalizer 
circuit with the received signal. 

20 9. I The circuit of claim 8 wherein the examining means further includes 

means for limiting the equation lines being reexamined in the subset to a number N 

of equation lines in the subset. the number N identifying N most recently examined 
equation lines in the subset. 

10. I The circuit of claim 9 wherein the generating means futther includes 
25 means for providing a training signal, the training signal providing a plurality of 

training signal samples for combining with the received signal samples. 

11. I The circuit of claim 10 wherein the received signal samples in the 
receive signal are compensated for the channel degradations by being adjusted by the 
coefficients_ to be equivalent to the training signal samples being provided in the 

30 trailling signal. 

12. J The circwt of claim 9 wherein the pnerating means funher 
comprises means for providing an error signal having a magnitude indicative of a 
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convergence speed required for providing a specific level of adaptive conveTgcnce 

for the coefficients in compensating for degradations in the received signal. 

13. l The method of claim 1 further comprising the step of selecting an 

initial value for a look-back depth parameter B for use in determining the subset of 

5 previously examined equation lines, the selected value for the parameter B beirig 

indicative of a level sufficient for achieving a selected level of adaptive convergence 

of rhe coefficients wirh the received signal; 

14. I The method of claim 13 funher comprising rhe steps of: 
providing an elTOl' signal indicative of the level of adaptive convergence 

1 Q of the coefficients with the received signal; and 

selecting a subsequent value for the parameter R in response to a change 

in value of the error signal, the change in error signal being indicative of a change is 

the degradations in the received signal and the subsequently sele-eted value for the 

parameter B being indicative of a level sufficient for achieving the selected level of 

15 adaptive convergence of the coefficients with the received signal. 

15.I The method of claim 14 wherein the value for the parameter B 

increases in magnitude when the level of adaptive convergence of the coefficients for 

compensating for degradations in the signal u high and decreases in magnitude when 

the level of adaptive convergence of the coefficients for compensating for 

20 degradations in rhe signal is low. 

t6. I The method or ctaim 1 s wherein the iteratively examining step 

includes the step of limiting the equation lines being reexamined in the subset to a 

number N of equation lines in the subset, the number N being reftective of the 

assigned value B for identifying N mosr recently examined equation lines in the 

25 subscl 

17. I The circuit of claim 8 further comprising means for selecting an 

initial value for a look-back depth parameter B for use in determining the subset of 

previously ~xamined equation lines, the selected value for the parameter B being 
indicative of a level s~cient for achieving a select.ed level of adaptive convergence 

30 of the coefficients with the received signal. 

18. l The circuit of claim 19 further comptjsing: 
·---:=-----~-

Tliis,sli . 
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means for providing an error signal indicative of the level of adaptive 

convergence of the coefficients with the received signal; and 

means for selecting a subsequent value for the parameter B in response 

to a change in value of the error signal, the subsequently selected value being 

5 indicative of a level sufficient for achieving the selected level of adaptive 

convergence of the coefficients with the received signal. 

19. I The circuit of claim 18 wherein the value fnr the parameter B 

increases in magnitude when the level of adaptive convergence of the coefficients for 

compensating for degradations in the signal is high and decreases in magnitude when 

1 o the level of adaptive convergence of the coefficients for compensacing for 

degradations in the signal is low. 

20.l The circuit of claim 19 wherein the iteratively examining means 

includes means for limiting the equation lines being reexamined in the subset to a 

number N of equation Jines in the subset, the number N being reflective of the 

15 assigned value B for identifying N most recently examined equation lines in rhe 

subseL 
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