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Abstract— Time domain equalizer (TEQ) is used in the
discrete multitone (DMT) transceivers in order to reduce
the duration of the overall response of the transmission sys-
tem. The optimum TEQ is the one that results in maximum
bit allocation to each block of DMT. However, the optimum
design of TEQ turns out to be a very difficult task. In an
earlier work, we noted that there are some general guide-
lines that one should follow in the design of TEQ for achiev-
ing a near-optimum performance. There, we proposed an
eigen-approach which could result in TEQs with compara-
ble performance to those of a previously reported method,
but at a much lower computational cost. In this paper, we
propose a second design method which is even simpler than
our first method, but still results in designs comparable to
the best available methods.

Keywords— Equalizers, Data Communications, Subscriber
loops, Discrete multitone

I. INTRODUCTION

The discrete multitone (DMT) has attracted consider-
ablc attention as a practical and viable technology for
high-speed data transmission over spectrally shaped noisy
channcls [1]. Modems employing this technology are al-
ready available in the market. The DMT bascd modems
have, in particular, been found very uscful in transmitting
high-speed data over digital subscriber lines (DSL). DMT
is a special multicarrier data transmission technique which
uses the propertics of the discrete Fourier transform (DFT)
in an clegant way so as to achicve a computationally offi-
cient realization. Fig. 1 depicts a block diagram of a DMT
modem. In the transmitter, the data scquence is parti-
tioned into a number of parallel strecams. Each strcam of
data is modulated via a particular subcarricr. The modu-
lated subcarricrs arc summed to obtain the transmit signal.
The use of DFT in DMT allows an cfficient realization of
the subcarricr modulators in a parallel processing structure
which benefits from the computational cfficiency of the fast
Fouricr transform (FFT). A similar DFT-based structurc is
uscd for cfficient realization of the subcarricr demodulators
in the receiver part of the DMT modem.

In DMT, channec! distortion is taken carc of by cyclically
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Fig. 1. Block diagram of a DMT transceiver

extending the output of the inverse FET (IFFT) modulator
so that the input scquence looks periodic to the channcl.
This is reforred to as eyclic prefiz method [1} (sce Fig. 1).
The length of the cyclic prefix should be at least cqual to
the duration of the channcl impulse responsce minus onc.
Howcever, we note that the addition of the cyclic prefix
reduces the throughput of the channcl as it carrics redun-
dant data. To minimize this reduction of the throughput,
a channcl cqualizer whose goal is to reduce the overall du-
ration of the system (channcl plus equalizer) impulse re-
sponsc to a predefined length is used. In the DMT litera-
ture, this type of cqualizers arc called time-domain equal-
izer (TEQ).

The problem of TEQ design in the DMT transccivers
may be formulated as follows. Given a channcel with the
impulsc response samples hg, by, -+, hy_1 and corrupted
with some additive noisc, we wish to find the cocflicionts
wg, w1, '+, wy—1 Of a transversal cqualizer that results
in a combined channcl-cqualizer response which is short-
cned to a duration of Lg samples, where L can be at most
cqual to the length of cyclic prefix plus one. In this de-
sign, the known paramecters arc the channcl response, the
channcl noise (usually its autocorrclation cocfficients), and
the expected duration, Ly, of the cqualized response. In
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the design process, we usunally begin with the sclection of a
proper shorten impulse response known as target impulse
responsce (TIR). The TEQ cocflicients arc then sclected so
that the combined response of the channcel and cqualizer
be as close as possible to the TIR. The criterion used for
the sclection of the TIR and TEQ may vary.

The ultimate goal in the design of the TEQ is to achicve
maximum bit-ratc over the channcl. However, develop-
ment of a practical design method which can achicve this
goal turns out to be very difficult. Most of the studics in
TEQ design have set the goal of mean-squarc error (MSE)
minimization which means the TIR and TEQ arc jointly
optimized so that the difference between the outputs of the
TEQ and TIR is minimized in the MSE sense. This leads to
an analytically tractable problem with a unique close-form
solution.

Recently there has been some cfforts which aim at the
goal of bit-rate maximization [3], [4] and [10]. In [3], [4], the
authors have proposed a rather complexptimization proce-
dure. Convergence of this procedure to the corresponding
optimum global solution is not guarantced. However, nu-
merical cxamples of actual digital subscriber line (DSL)
channels have shown that the results obtained are supcerior
to those of the minimum MSE (MMSE) TEQ. In [10], we
have proposed an approach which is much simpler than the
method of [3] and [4], but achicves about the same perfor-
mance. The method proposed in [10] chooses the TIR as a
lincar combination of the cigenvectors of a positive definite
matrix which is related to the correlation cocfficients of the
channcl responsc.

In this paper, we note that in the design of TEQ a good
choice of the TIR weakly depends on the channcl responsc,
Noting this, we proposc a sccond approach for the design
of TEQs. This approach involves classification of the class
of channcls into a few subclasses and usc of a common TIR
for all the channcls in cach subclass. This method which
involves the use of some look-up tables is even simpler than
our first method, thus is more useful for practical imple-
mentation of the DMT transccivers in real time.

11. PrEvVIOUS WORKS

In the MMSE TEQ, the optimum TIR, cararsg, which
results in the MMSE is obtained according to the following
optimization procedure {2]:

CrMMSE = argmin {CTRAC} (1)
subject to the constraint cﬂ mspevmmse = 1. Here,

Ra =1y, - HAR 'Hp (2)

where R is the N X N corrclation matrix of the TEQ input,
Ha=Hx[0r,xa I, 0p,x1,]7 is an N x Ls matrix,

ho ha hp—1 0 -+ 0
0 hy by hoo1 0

H=1 . . . (3)
0 Tt 0 h/O h/l h/L_,l

isan N X (N+L—1) matrix, Op,xx is the o xn null matrix,
I, is the identity matrix of size 1n, A is the cqualizer delay,
and L, = N+ L—A — L, — 1. The solution to the above
optimization is well understood [11]. The optimum solu-
tion, cyarse, is the cigenvector that corresponds to the
minimum cigenvaluc of the matrix Ra. Once the optimum
TIR is obtained, the TEQ coctlicients can be calculated by
solving the corresponding Wicner-Hopf cquation or using
an adaptive algorithm. We also note that for a given TIR,
¢, the MSE at the TIR output is given by
¢ =cTRac. (4)

In [10], bascd on a thorough study of the MMSE TEQ,
it is conclude that to be sure of no loss of any of subcar-
ricrs, onc shall choose a TEQ whose frequency response
docs not experience any null over the uscful portion of the
received signal band. It has also been noted that the TEQ
responsc is dircetly related to the TIR, ¢, and accordingly
the following gencral guidelines have been suggested:
« The amplitude responsc associated with the TIR, ¢, shall
not have any null.
o At the samec time, ¢ should be chosen so that the MSE
given by (4) remains relatively low.

Using the above guidelines the following sclection of ¢ is
found to be a good choice [10]:

L1 4 L=1 4
= Z s Z 32 (5)
i=0 As =0 Aj

where the column vectors qg, q1, - -+, Qr,—1 and the scalars
Ao, M1, o0y AL,_1, arc the unit-norm cigenvectors and the
corresponding cigenvalucs of Ra, respectively. This choice
of ¢ has been found to result in TEQs comparable with
those designed by the much more complexrocedure of [3]
and [4].

I11I. THE NEW DESIGN

An obscrvation in [10] is that in choosing TIR, we nced
only to comply with the design guidelines that were men-
tionced in the previous section. Morcover, there are many
choices of TIR which satisfy the design guidelines and thus
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result in TEQs which all perform about the same and prob-
ably close to the optimum design (which is not known).

Another obscrvation that we may have here is that the
matrix Ra whose cigenvalues and cigenvectors could be
used to sclect a well behaved TIR according to (5), is
dircctly related to the autocorrclation cocfficionts of the
channcl output. Furthermore, we note that the autocorre-
lation cocflicients arc related to the power spectral density
of the underlying signal which, in turn, is directly related
to the channel magnitude response and, for large signal-to-
noisc ratios, to a lesser extent to the noisc power spectral
density.

Considering these obscrvations, in a recent patent [9)],
filed by the first author of this paper, a novel scheme
has been proposed for design of TEQ in the DMT bascd
transceivers. In [9], only a gencral over-view of the pro-
posed scheme is given. Our aim in this scction is adopt the
general scheme of [9] and give a detailed evaluation of that
when applicd to the particular casc of asymmetric digital
subscriber line (ADSL) channcls.

The scheme proposed in [9] consists of two scparate
phascs; namcly, off-linc and on-linc.

The off-linc phasce consists of the following steps:

1. A larpe sct of the members of the class of channels of
interest arc obtained, through measurements and/or simu-
lations, whichever appropriate.

2. The channcls with close magnitude responses arc
groupcd together to make a number of subclasses.

3. A moembor of cach subclass with a magnitude responsc
close to the mean of all members of the subclass is chosen
as typlical (average) responsc for that subclass. The mag-
nitude responses of these typical channcls arc normalized
to the length of unity and stored in a look-up table. The
time indices of the peak-points! of these impulse responsces
arc also stored in the same look-up table. These will be
later used for identification of the subclass of the measured
channel in the on-line phase of the design.

4. For cach of the typical responscs, a set of optimim
(ncar-optimum) choices of the TIR and the delay parame-
ter, A, arc obtained and stored in another look-up table.

The on-line phasc of the proposed scheme consists of the
following steps:

1. The channcl responsc and the power spectral density of
the channel noise arc measured.?

In [9] only the magnitude responses were considered for channel
classification. However, futher tests revealed that the peak-points of
the channel responses also play some role in the classification and
thus their use helps in improving the results.

2In most of the application standards, including the ADSL standard
[8], provision for such measurements during the system initialization
is provided.

2. The magnitude response and the location (time index)
of peak-point of the impulse response of the measured chan-
nel are calculated and compared with the tabulated pa-
ramctors provided in Step 3 of the off-line phase, and ac-
cordingly the subclass of channcl is identified, as explained
below.

3. Once the subclass of the channcl is identified, the corre-
sponding TIR and delay paramcter, A, arc obtained from
the look-up table gencrated in Step 4 of the off-line phasc.
4. The TIR and dclay paramcter along with the channcl
response and the noise power spectral density are used to
gencerate and solve the Wiener-Hopf equation leading to the
cqualizer cocfficients.

The identification of the subclass of the measured chan-
ncl is done according to a simple signature analysis as cx-
plained next. We assume that there are P subclasses. Lot
a1, ag, -, ap denote the column vectors representing the
magnitude responses of the averaged channcls obtained in
Step 3 of the off-line phase. Also, let 4 denote the column
veetor consisting of the samples of the magnitude response
of the measured channel. We assume that the vectors ag,
az, -+, ap and & arc of the the same dimenssion, M. The
closeness of & to a;, i = 1,2,---, P is mcasurcd by mini-
mizing the cost function

M~1

yile) = ) wk)(ad(k) - ai(k))® (6)
k=0

where a(k) and a;(k) arc the kth clements of & and a;,
respectively, and w(k) is a weighting function. Through
a large number of numecrical tests on typical ADSL chan-
nels, we found that to get a better signature and thus a
good TEQ, we should give a higher weight to the points
where a(4) is relatively small. Considering this point and
noting that for ADSL channcls, generally, the magnitude
response decrcases over higher range of frequecics, we de-
cided on a number of weighting functions which grow with
frequency. After a number of trial and errors we found the
following weighting function as a good compromise choice
for the CSA loops which we were experimenting on (see
next scetion for the details of the examined loops).

wk) = (14 (k/M)*)?,k=0,1, (7)

Solving dry;(er)/der = 0 for o, and using the result in (6),
we obtain

M =1

2
(afwa) @®)
aTWa

where W is the diagonal matrix consisting of w(0), w(1),
-+, w(M —1). The subclass of the measured channel is

’Y'Enin= '{Wai,_ f01'7'/=1727""P
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then determined by finding the index 7 which satisfics the
following cquation:

haeh min

in __ : min
Yo = min{y; YR (9)
To have a fair comparison of these responscs, as was
noted carlicr, the prestored vectors ag, ag, -+, ap arc all
normalized to the unity norm. That is these have been
normalized such that

min
,"YQ 9..

ala; =1, fori=1,2,---,P. (10)

Although the above signature results in satisfactory TEQ
designs for most of the channcls, it fails to given good re-
sults for about 5% of the channcls we tosted. Through
experiments, we found the use of a sccond signature, along
with the above signature, could improve the results signif-
icantly. For the clarity of the discussions that follow, we
refer to the signature introduced above as signature 1 and
the one intoduced below as signature 2.

Numerical tests reveal that a good measure of distin-
guishing between channels which have similar amplitude
responses, but their attachment te a particular subclass is
not very strong, is the position of the peak of their time-
domain impulse response. We quantify the peak positions,
and thus implement the proposed signature 2, as follows.
Supposc ’y;rl‘in and fyj“;‘i“ be two extracts of Signature 1 with
the smallest and the sccond smallest value of all the s,
respoctively. We form the following ratios:

min(7, 7;) min(7,7;,)

Il

and IRy = (11)

Py ] ~ ) )7
max(7, 7;,) max(f, 7;,
and choosc j1 as the subclass of the measured channel if
Ry > Ry, and js, otherwisc.

IV. STATISTICAL EVALUATION OF THE PROPOSED
DEsIGN

In this scction, we present a statistical evaluation of the
TEQ design method of the previous scetion when it is ap-
plicd to ADSL channcls. For this, we start with a study of
magnitude responses of digital subscriber lines. Our study
has shown that a choice of 20 subclasses gives a good vari-
ety of responses which match well with typical DSL loops
that arc cncountered in practice. This choice has been
based on a study of a wide range of channels which we
generated in simulation using the channcl paramcters pro-
vided in the ADSL standard (T1.413-1998) for 24 and 26
gauge lincs [8], and some compromised considcrations in
terms of system performance and complexity. In generat-
ing the frequency responses of the channcls, we have used
the method discussed in [6].

Fig. 2 presents the details of the 20 loops which we con-
sider as typical channcls characterizing various subclasscs.
For cach of these channels we found the best TIR that we
could get through a random scarch based on the equation

where s are a sct of independent random numbers taking
values of +1 and —1. We considered 1000 attempts for
cach loop and sclected the one which results in maximum
bit allocation. The TIRs obtained in this way and their
corresponding delay paramecters, A, which were optimized
by scarching over all possible valucs that they could take,
were then stored in a table. Clearly, all these opcrations
correspond to the off-linc phase of TEQ design.

(k x 200)/26

3500/26 ' 3000/26

channel series I

k=0,1,2,3,4
{k x 400)/2¢

[

channel series 5000/26 | 3500/26

k=0,1,2,3,4

(k x 400} /26

channel series 3
6000/26 l 4500/26
k=0,1,2,3,4

channel series 4 X/24

X=6000, 7500, 8500, 10500, 11500
Fig. 2. The CSA loops chosen for channel classification.

To ¢valuate the on-line performance of the proposed de-
sign, we study the results of a large number of randomly
gencrated carricr-serving-arca (CSA) loops. Fig. 3 presents
the details of the randomly gencrated loops. The parame-
ters which are indicated in Fig. 3 arc chosen randomly in
the following order:

o Principal line length, l: a constantly distributed random
variable in the range 5000-12000 fect.

o Number of bridged taps K: takes values of 0, 1, 2, 3 or 4
with cqual probability of occurrence.

o Principal line segments, l1, lo, -++, lg+1: a sct of ran-
dom variables with similar distribution which satisfy the
following conditions:

Lh+lo+- +lgpr = 1
1/10.

(13)

ll) 127 Ty ZK+1 Z (14)

s Length of the bridged tap loops, ly1, lya, -+ -, lex: a sct of
random variables with constant distribution in thc range
of zero to onc tenth of the principal line length, 1.
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Al] the lines arc assumed to be 24 or 26 gauge. The power
spectral density of the channcl noise is assumed to be fixed
and chosen according to the cquations provided in Ap-
pendix B of [8].

! ! t
! | |

-] a1 —> - 1,

Fig. 3. The model of randomly generated CSA loops. The vertical
lines are bridged taps. All lines are either 24 or 26 gauge.

For cach loop two TEQs arc designed. One based on
the cigen-approach method proposed in [10] and another
onc based on the proposed channel classification method,
using the tabulated subclasses. For cach case, we calculate
the maximum number of bits which could be allocated to
cach block of DMT bascd on crror probability of 10~7 for
uncoded data, subject to the maximum of 3000 bits per
block.
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Fig. 4. The cumulative disribution function comparing the proposed
method against the eigen-approach of [10]. The horizontal axis
shows the ratio of the number of bits per DMT data symbol
obtained from the design based on channel classification over the
one obtained from the eigen-approach.

Fig. 4 presents a summary of the results that we obtained
for 5000 randomly generated CSA loops. The channel iden-
tification uses both Signatures 1 and 2, to obtain the best
choice of the TIR. This figure presents the cumulative dis-
tribution function (CDF) of the ratio of the number of bits
per DMT data symbol obtained from the design based on
channcl classification over the one obtained from the cigen-

approach. The results show that in most of the cases the
proposed scheme performs satisfactorily and gives results
which arc comparable with thosc obtained from the cigen-
approach.

V. CONCLUSIONS

In this paper, we studied the problem of designing near-
optimum time domain cqualizers (TEQ) in the application
of ADSL. We explored the possibility of storing a number
of TIRs in a look-up tablc and choosing onc of these TIRs
for the design of TEQ, based on a signature analysis of the
measured magnitude response of the channcl. A statistical
cvaluation of this method showed that it works quite well
for most of the simulated CSA loops and cven about 50%
of the cases outperform the cigen-approach [10] which was
carlicr found to be comparable with the method of [3] and
[4]. This look-up table approach which was referred to as
channel clagsification mothod is in particular a uscful engi-
neering approach to the design of TEQ in ADSL modcems
in rcal time as it greatly simplifics the design procedurce by
just using look-up table instcad of an cigen-analysis of the
correlation matrix of the reccived signal.
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