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RLS-Based Initialization for Per-Tone Equalizers in DMT Receivers

Katleen Van Acker, Geert Leus, Marc Moonen, and Thierry Pollet

Abstract—Per-tone equalization has recently been proposed An initialization formula has been derived in [6] which is ap-
as an alternative receiver structure for discrete multitone-based plicable when a channel model is available, as well as signal
systems improving upon the well-known structure based on 5.4 noise covariance matrices. This direct initialization is com-

time-domain equalization. Fast initialization of all the equalizer tati IV intensi H th . t df |
coefficients has been identified as an open problem. In this letter, putationally Intensive. Hence, there IS a strong need for a less

a recursive initialization scheme based on recursive least squares COmplex initialization algorithm.
with inverse updating is presented for the per-tone equalizers.  In this letter, a recursive initialization scheme based on

Simulation results show convergence with an acceptably small so-called recursive least squares (RLS) with inverse updating
number of training symbols. Complexity calculations are made for is presented. It is demonstrated that this scheme achieves

per-tone equalization and for the case where tones are grouped. . itializati ith tabl I b f traini
It is demonstrated with an example that in the latter case, initial- iniialization with an acceptably small number ot training

ization complexity becomes sufficiently low and comparable to Symbols. As a significant part of the RLS computations can
complexity during data transmission. be “shared” among the different tones, this is achieved at an

Index Terms—Asymmetric digital subscriber line (ADSL), acceptable computational cost.

discrete multitone (DMT), equalization, recursive least squares
(RLS). Il. PTEQIN A DMT MODEM

The concepts of PTEQ are briefly reviewed. For more de-
|. INTRODUCTION tails, we refer readers to [6], where it is also shown that such

ISCRETE MULTITONE (DMT) has become an impor-2" approach clearly outperforms the well-known TEQ (channel

tant transmission method, for instance, for asymmetr®{1rtening) approach. _
digital subscriber lines (ADSLSs) [1]. A conventional equaliza- The per-tone approach is based on transferring the TEQ oper-

tion scheme for such a DMT modem consists of a time-doma‘ﬂons to the frequency domain (i.e., after. the fast Fourier trans-
equalizer (TEQ) which shortens the channel impulse resporﬁgﬁm (FFT) demodulation) V_Vh'Ch results |rﬂatap§ '_DTEQ for
such that the total impulse response is shorter than the cy&fEh tone separately, fed with the outputs of a sliding FFT oper-

prefix, followed by a one-taps frequency-domain equalizer f&I‘O’?-_At first sight, mul_tiple FFTs are needed for each symbol.
each tone [3], [5], [8]. But it is demonstrated in [6] that, for eveyrtaps PTEQ, there

exists a modified -taps PTEQ which has as its inputs the corre-
n;ponding output of only one FFT afid- 1 real difference terms.
Jﬂﬁe modified equalizers then have two functions: they equalize

tone separately. This scheme enables performing true signal & c?g_nnel impulse resp;onse, and atthe sam(;time, inﬁorpo_rate
noise ratio (SNR)-optimization per tone, in contrast with th€ Sliding Fourier transform computations, whereas the orig-
TEQ-based scheme, while complexity during data transmissibil €dualizers only equalize the channel impulse response. Let
is kept at the same level. Moreover, PTEQ has been Sho%descnbe this in more detail. Sup_pdges the FFT size and

to have a significantly reduced sensitivity to the so-callefj 'S the length of the PTEQ. Collecting thé+ T — 1 received

synchronization delay. This delay determines which receivéamples(kr)elated to symbol pen@dm the(N +7 —1) x 1
samples belong to the same received symbol. vectory'®), the PTEQ for_theth tohe, denoted by th& x 1
vectorv;, then has as its inputs thith output of the FFT, de-
noted by[0,  (r_1), Fn (i, )]-y*), andl'—1 difference terms,
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Fig. 1. SFG for inverse updating RLS-based equalization.

wherev; is obtained by reversing the entrieswgf anXm.(k) is matrix of the filter mputZ(k) = Z'? (J)* (J) , together

the subsymbol on toneat symbol period:. with the least-squares estimate " 9 at |terat|onk The fol-
lowing formulas, with the tone index omitted for compact
1. RLS-BASED INITIALIZATION notation, describe the RLS algorithm.

Direct equalizer coefficient computation, based on the Algorithm Inverse Updating
knowledge of the channel impulse response as well as thdork =1--- K
signal and noise characteristics, has an excessively high comGlVen Lk~ y , new observation vectaf*), desired response
putational cost. However, (1) may also be used for a tramm?é
sequence-based initialization of the PTEQs. If a training Step 1Form the matrix-vector product
sequenceka),...,X](Vk), k = 1,...,K, is transmitted, the a—= Lk . m*
optimalv; is computed as [compare to (1)] B ’

Step 2Forj = 1,...,T determine unitary transformations
mln JLS (v;) = mln Z ‘_ (k X(k)‘ (2) Q; so that
O(r-1)x1 a
. K _ o) . s . . T <QrQr1---Q1- |- |-
with z;"/ = F; - y'*). This least-squares estimation problem o 1

may be solved recursively.

Least mean squares (LMS)-based schemes [2] for the PTEQ
have a low computational complexity. However, they have poor
convergence properties and have been shown to require an ex-
cessively large number of training symbols.

Here, an initialization based on an RLS scheme [2] for eachStep 4.Updatev(*)
tone is presented. Such a scheme has optimal convergence T

X k) _ g(k) .v(k—l)] [ o k(k)T} H

Step 3UpdateL*)
L(k)
s kT

] <= QrQr—1---Qq -

L(k—l) ‘|

O1x(7-1)

properties, and hence, achieves initialization with an acceptally:) _ (k—1) n
small number of training symbols. More specifically, we use 0
RLS with so-called inverse updating [4]. This scheme is based
: . . (k) end
on storing and updating a lower triangular mafng“ , which

-1
is such thatLEk)H : Lgk) = ng) , With ng) the covariance

<l
I
<l
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Fig. 2. SFG for inverse updating RLS-based PTEQ.

In Step 2Q; performs a complex Givens rotatioacting upon By applying this algorithm to PTEQ, one obtains Fig. 2.

the jth and the last component of An important aspect in view of the overall computational
complexity, is that theT' — 1 common real inputs (the

a difference terms) give rise to a real triangular part in the

Qj-1---Q1- [—] SFG which is common to all the used tones, i.e., matrix

1 L*(1 : T —1,1:T-1). The complex FFT output is taken

h that theith . furth i as theT'th input to the adaptive filter. This input makes the
such that thejth component is zeroed. For further details, w w L") (T, :) complex, and different for different tones. Also

refer to [4_]' Fig._l gives the sigr_1a| flow graph_(SFG) .fgr theﬁote that the filter coefficients are updated in the following
RLS algorithm with inverse updating. Note thdt] is a decision order:[v; 1--- v 7_1 vi.o], Whereu; o, the tap with complex

dev!ce. The outpu_t of this device may t?e u_sed as t.he SQ'Ca'Iﬁ ut, is the right-most coefficient in the SFG. The update of
desired response Input, fo_r fgrther training in decision-direct e filter coefficients is also executed separately for each tone.
mode, during data transmission. In conclusion, the overall structure contains one real triangular

1Represented by a hexagon in the SFG. 2Matlab notation.
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part, the output of which is used for further processing for eaclt *'°
tone separately. For each tone, additional computations al
executed corresponding to the last two “rows” in Fig. 1. 7

IV. COMPLEXITY °

The complexity numbers given in the sequel are measure s
in number ofreal multiplications? Initialization complexity of
PTEQ based on an RLS scheme for each tone then becomes

1) For the real part of. (common for all used tones):

a) (T — 1)T'/2 for the matrix vector product;
b)4(((T —1)T/2) 4+ T — 1) for the real rotations (four

Rate in bits/s
S

w

multiplications per rotation). ' T omeiem
2) For the complex part df and filter update (per tone): WL T e |

a) (T — 1)2 + 4 for the matrix vector product;

b) 9(T + 1) for the complex rotations (nine multiplica- o = = = - = = A

tions per rotation with one real and one complex input); number of training symbols
C) (T — 1)2 + 4 + 4 + T4 for the filter update. (@)
The real part is quadratic i but shared by all used tones, . , : : :
while the complex part is linear ifil and executed for each s —— 16 training symbols

~ -=- 42 training symbols
—-—-- 68 training symbols| |
optimum

tone separately. The latter part will mostly dominate the tote sof- SN
complexity, e.g., for ADSL downstream transmission, wher: i
N, > T, with N,, the total number of used tones. By assumin(¢ “f
N, = N/2 and the symbol duratiotV/F;, we have as total
complexity8.5F - (T + 1) + (Fs/N)(1/2)(5T? + 3T - 8). or

While performance is almost the same for both per tone ar®

oo

perM tones equalization if/ is nottoo large (see [6] and [7] for 2
more details), it can be shown that the overall complexity drof
significantly when tones are grouped. The first term reduces
(8.5/M)F,-(T+1) when tones are combined into groups\éf ok
tones. As an example, we také = 512 (ADSL downstream)
and M = 11 (see Section V), which leads to a complexity of -1
roughly0.8-F,-T+0.005-F,-T?. Itis seen that, in this case, ini-

tialization complexity is comparable to complexity during date -2, 5 To0 15 200 250 300
transmission, namely - 1" [6]. Tones

10K

(b)

V. SIMULATION RESULTS Fig. 3. Simulation results for RLS with inverse updating. (a) Bit rate for per
tone and per 11 tones equalization. (b) SNR for PTEQ.

Fig. 3 gives some ADSL simulation results for the down-

stream standard channel T1.601-#9 with additive white noise S )
of —140 dBm/Hz. The symbol siz& is 512, the prefix length Fig. 3(b), SNR distributions are plotted for PTEQ for different

is 32, and the used tones are from tone 38 up to tone 256 V\jﬁﬁ]gths of the training sequence. Itis seen that convergence to
power spectral density equal t040 dBm/Hz. The sample rate OPtimal performance may be achieved with an acceptably short

Fy is 2.208 MHz. The equalizer siZE is 16 and the initial training sequence.

values are setto!” = [0, ..., 0, 1,0, ..., 0]T with “1” in

the (I'/2)th position, andL{” = 10° - Iy. PTEQ is compared VI. CONCLUSIONS

with per 11 tones equalization for the RLS algorithm with in- A recursive initialization procedure based on RLS with in-
verse updating. verse updating is presented for PTEQ initialization. It is demon-

Fig. 3(a) shows the bitrate as a function of the numbefrated that part of the signal flow graph is common to all used
of training symbols for per tone (in dashed-dotted line) an@dnes, leading to a significant complexity reduction. Complexity
per 11 tones (in solid line) equalization. Also the optimungalculations are presented and simulation results show conver-
bitrate, computed with direct initialization, is plotted for bottyence with an acceptable number of training symbols.
schemes. The obtained bitrates are seen to be almost the same:
7.1882 Mbit/s (for per tone equalization, in dotted line) and

7.1719 Mbit/s (for per 11 tones equalization, in dashed line). In
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3A multiplication of a real number with a complex number is counted as two May 1990.
real multiplications and a multiplication of two complex numbers is counted as [2] S. Haykin, Adaptive Filter Theory2nd ed. Englewood Cliffs, NJ:
four real multiplications. Prentice-Hall, 1991.
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