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Abstract

This paper presents the feasibility of the implementation of
a Multichannel IDFT/DFT transceiver for crosstalk limited
Carrier Serving Area (CSA) subscriber loops. This trans-
ceiver can provide reliable T1 transmission in the presence
of crosstalk noise on most CSA loops. We examine the
complexity of the transceiver design in terms of speed or
computing power. We also note several advantages of build-
ing this system in practice: channel response is estimated
during call initialization, simple transmitter, short-length
equalizer, and absence of error propagation. We conclude
that, without a Viterbi decoder or an echo canceller, we
can implement the complete receiver with under 40 MIPS
of computing power, using a fairly high signaling rate of 640
kHz, on conventional DSP chips. A similar performing De-
cision Feedback QAM system (or Tomlinson Precoded sys-
tem) is found to require around 100 MIPS, even after signif-
icant complexity reduction. The Viterbi detector, however,
requires custom design with either multichannel or QAM
system, which is not discussed here.

1 Introduction

In [1] we present a computationally efficient multichannel
transceiver design which is based on the Inverse Discrete
Fourier Transform (IDFT) and the Discrete Fourier Trans-
form (DFT) vectors, and is the extension of the work of
[2]. The performance of this system is analyzed in [1], and
is found to be close to the performance of several optimal
systems [3] - [6].

In this paper, we look at the implementation issues of
this design. We first describe the carrier serving area (CSA)
loops in Section 2. Then in Section 3 we focus on the
complexity of the actual implementation. Due to the non-
minimum phase nature of some of the channels that we stud-
ied, a variation of the original transceiver design of [1] is
used, and this transceiver works regardless where the chan-
nel zeros are located. Complexity in terms of Million In-
structions Per Second (MIPS) are presented in detail for
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each block of our transceiver design, and an efficient adapt-
ing algorithm is presented to reduce the computations re-
quired.

We take advantage of the well-known Fast Fourier Trans-
form (FFT) algorithm, which results in the system complex-
ity being proportional to Nlog, N, where N is the block-
length of the IDFT/DFT vectors used for multichannel
transmission. We are able to separate two tasks: optimizing
throughput in the presence of crosstalk noise, and convert-
ing the channel to partial response, by using multichannel
approach. Thus we can use a relatively short equalizer to
reduce the computations required compared to a scalar De-
cision Feedback Equalizer (DFE), as discussed in Section 4.

In addition, we compensate for slow variation of the chan-
nel response adaptively, and we do not suffer from the error
propagation of a DFE system that can significantly reduce
performance. We conclude that this IDFT/DFT multichan-
nel transceiver, without considering coding and decoding,
can be implemented and operated economically with cur-
rent technology. However, the cost of the Viterbi decoder
in the receiver is significant, and methods for reducing this
complexity is under current investigation [7].

2 CSA Loop Parameters

The CSA is a subset of local loops between the telephone
company end office and the subscriber. The CSA presently
constitutes 75-80% of all twisted-pair subscriber loops and
excludes loops with excessive lengths and small wire gauges
[3]. This subset of local loops is characterized by very long
post-cursor intersymbol interference (ISI). The dominant
noise impairment is crosstalk noise from other twisted-pair
loops within the bundle.

A set of hypothetical local loops are provided by Bell
Communications Research!. These loops are described
briefly in [1].

With a sampling rate of 640 kHz, we obtained pole-zero
models of the pulse responses of different channels using
system identification tools. We showed in [1] that all the
pole-zero models closely match the channel pulse responses,
and thus use of the models for further study is justified. We
found that with about eight zeros and ten poles, we have

1We would like to thank Pedro Crespo and Russell Hsing of
Bell Communications Research for the data on CSA subscriber loop
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a good model for each of the channels at a sampling rate
of 640 kHz. In addition, we also noted that most channels
are non-minimum phase, i.e., at least some of the zeros are
outside the unit circle.

3 Complexity of IDFT/DFT Sig-
naling

The block diagram of the IDFT/DFT Multichannel
transceiver is shown in Figure 1. This structure is based
on the work of [2], which uses cyclic extension to construct
I1SI-free parallel subchannels using vectors of IDFT/DFT,
except that we implement an adaptive equalizer at the re-
ceiver so as to convert the IIR channel to a partial response
(FIR) channel. We could avoid performing cyclic extension
by equalizing the channel response to a flat (Nyquist) shape.
However, as mentioned in Section 2, some of the channels
are non-minimum phase. Inverting the zeros using an IIR
filter results in unstable system. An alternative would be to
use an FIR filter to cancel the zeros, but the length of the
filter and the delay involved become excessive for high rate
data transmission. As a result, we accept the rate loss by
using cyclic extension and optimize the throughput on the
resulting partial response channel.

Transmitier

Figure 1: Block Diagram of the IDFT/DFT Transceiver

During the initial startup, a pole-zero estimation (such
as an ARMA estimation) of the channel is performed. We
then set the number of cyclically extended samples to be
v, the number of estimated channel zeros, and set the ini-
tial tap values of the adaptive equalizer to be the same as
the estimated channel pole polynomial. The signal-to-noise-
ratio (SNR) is obtained for each frequency bin and sent back
to the transmitter to allocate the power and bits strategi-
cally. The performance of this transceiver is evaluated using
computer simulations, and is found to be close to the per-
formance of the slightly different multichannel transceiver
in [1].

Several assumptions are made in computing the total com-
plexity:

o Complexity is measured in terms of Million Instructions

Per Second (MIPS).
o Signaling rate is equal to 640 k symbol/sec.

o A real add, a real multiply, or a real multiply followed
by a real add (multiply-accumulate) is counted as one

instruction; a complex multiply/divide is counted as
four instructions.

o The number of instructions is assumed to be Nlog, N
for an N-point real input FFT (or equivalently N-point
real output IFFT), where N is less than or equal to
128, otherwise, the number of instructions is equal to
1.5Nlog, N. (N is a power of 2.) 2.

o Computations required in timing recovery and decision
block, which are not significant, are not included.

e The echo canceller, whose complexity (or even exis-
tence) depends largely on whether full duplex or half
duplex is desired, is not addressed here.

o Complexity results in coding/decoding is not included,
but is significant if a trellis code is used.

3.1 Transmitter Complexity

Channel
mput | s N Cyclic-Exended|  IPUt
to v Samples
P DFT at the beginning

Figure 2: Block Diagram of the Transmitter

One of the main advantages of the IDFT/DFT Multichan-
nel transceiver is the simplicity of the transmitter, as shown
in Figure 2. Regardless of the channel response, fixed IDFT
vectors are used to modulate the input signal, and this mod-
ulation is implemented using an N-point IFFT. The result-
ing data is then cyclically extended by v. Without consid-
ering coding, the complexity of the transmitter is shown in
Table 1, where bit mapping from input bits to modulator
input is negligible in comparison, and thus is not included.

Note that because of the cyclic extension, we suffer a rate
loss of v/(N +v) for a fixed sampling rate of 640 kHz. How-
ever, if we increase the signaling rate so that we have the
same amount of data transmitted in a fixed period of time as
is transmitted without any cyclic extension, then the num-
bers given in Table 1 (and also in Table 2 and Table 3) are
the complexity counts including the effects of ». These num-
bers are invariant to different values of v. In practice, sig-
naling rate is rarely changed, so instead we take the penalty
of a rate loss of v/(N+v). A typical value of v, as described
in Section 2, is approximately between 5 and 12, and from
[1] we know that a good blocklength N would be in the order
of 512. This translates to a rate loss of at most about 2.3%,
and thus is negligible. In return, slightly lower complexity
results because the data are processed in a time frame of
N + v samples, instead of N.

2Using Motorola’s DSP96002, the instruction count is about
2.4Nlog, N, and this is the best currently available, but we presup-
pose yet better efficiency in implementing the FFT with 1.5Nlog, N.
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3.2 Receiver Complexity

Apart from decoding, the main complexity of the receiver
arises at the equalizer. The equalizer is implemented adap-
tively so that exact a priori knowledge of the channel is not
necessary. In addition, by introducing an adaptive equalizer,
we can maintain the performance even when the channel re-
sponse is slowly changing due to temperature variation for
instance.

Many adaptive algorithms are available for use during
the data mode. Here, we focus on one particular algorithm
which is known as the time-domain block least mean-square
(LMS) algorithm, studied extensively in [8]. The block dia-
gram of the receiver using this scheme is shown in Figure 3.
The block labeled DFT(B) is the N-point FFT of the chan-
nel zeros polynomial. This block is computed and stored
during the initial startup.
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Figure 3: Block Diagram of the Receiver

Assuming we have an L-Tap FIR adaptive filter, W, and
the blocklength that we use is equal to N, (so after cyclic
extension, we have a block of N + v samples) then:

Wi={ weo w1 Wk, L1 ]T 1)
where k is the time index.
The input to this FIR filter is:
> T
V= w1 Yk—L+1 ] (2

and the output during the k** iteration is:

3 =W @)

(Note that there is no need to compute the first ¥ output

points for each block of N + v input points, since we need

to remove the redundant samples before taking the DFT of
the equalizer output.)

The error vector is generated every N + v samples of y;:

" T
Gy = | erar  rpipr kquiN-1 ] (4)

The weight updating equation is then:

N-1
Wian4r = Wi +208 > erqwgi¥oqusi 5
i=0

For a block of N + v received data, NL instructions are
required for computing the output zi, N instructions are

needed for obtaining the error vector, (N+1)L instructions
are necessary for updating the weights, and 8N instructions
are needed for multiplying and dividing by the DFT of the
channel zeros polynomial. In addition, one N-point real in-
put FFT and one N-point real output IFFT are required.
The complexity of the receiver is shown in Table 2 with the
stated assumptions.

As mentioned earlier, a fairly accurate channel response
can be modeled with about 8 zeros and 10 poles, and a
blocklength on the order of 512 would be sufficient; so N >
L, which means that we use too much input information to
estimate the gradient. As a result, instead of using all the N
error data in the summation in Equation 5 for each block, we
use only M out of N for each block. We call this Block LMS
with efficient updating. Now only M instructions are needed
for obtaining the errors, and only (M+1)L instructions are
required for updating. With this improvement and using
M=L, the complexity of the receiver, again assuming v is
equal to zero , is shown in Table 3.

It is easy to show that this algorithm, similar to the reg-
ular Block LMS, converges to minimum mean-square error
with a slower rate of convergence. Note that there is only
a slight increase (or even decrease as for L=64) in complex-
ity when we increase the blocklength, because as we fix M
and increase N, the reduction of complexity for updating
the weight offsets the increase of complexity for computing
a longer FFT/IFFT.

We now assume the blocklength N is equal to 512, and
we also assume that the signaling rate is fixed at 640 kHz.
The effect of v is now shown in Table 4. A typical CSA loop
(modeled with 8 zeros and 10 poles) thus requires less than
40 MIPS of computing power, which is easy to implement
in a few commerically available DSP chips.

4 Comparison and Discussions

The advantage of using multichannel signaling is the rela-
tive ease of combating crosstalk noise, by allocating power
based on the water-filling theorem [3], [9] or some other ap-
propriate criteria. However, these schemes usually require
perfect knowledge of the channel, which is impractical in
most cases. In addition, [9] uses a set of eigenvectors of the
channel covariance matrix, which results in an N? increase
in complexity as N increases, thus it becomes impractical for
a long blocklength, which is often needed in order to provide
good performance. In our system, as evident in Section 3,
doubling the blocklength only results in a slight increase in
complexity, and we can even keep the complexity on the
same level by reducing M, the number of errors used per
block in the adaptive equalizer update.

A practical alternative transceiver design would be a
single-tone transceiver with a scalar decision feedback equal-
izer (DFE), which can also achieve T1 rate in the pres-
ence of crosstalk [3]. While the IDFT/DFT Multichannel
transceiver addresses the crosstalk noise by allocating dif-
ferent energy in different frequency bins, and thus allows
the adaptive equalizer to invert the channel poles, a scalar
DFE can not separate these two tasks. Instead, a scalar
DFE typically trys to convert a channel into a minimum
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phase one, and thus the number of feedforward taps and
the number of feedback taps are much larger in order to get
good performance. Results in [3] show that approximately
128 taps are needed for the CSA loops we studied. The
transmitter, without encoding complexity, would have low
complexity. However, the scalar DFE on the receiver re-
quires about 165 MIPS of computing power. Even if we do
not update the weight every time, the complexity of the re-
ceiver, without considering decoding, would still be close to
100 MIPS. Another practical drawback of using scalar DFE
is the problem of error propagation of the feedback taps. Er-
ror propagation degrades the achievable throughput of the
system, although an equivalent Tomlinson Precoder can be
used to address this problem; complexity remains the same.
We should also note that the use of FFT’s in DFE systems
does not appear to be attractive [10].

One drawback of our system is the extra storage required.
However, in high rate data transmission system, the most
important constraint appears to be the speed, not the stor-
age. Thus by sacrificing extra memory, we should be able
to have a practical, implementable real time system.

5 Conclusions

We have presented the basic structure and the complexity
of implementing the IDFT/DFT multichannel transceiver.
We describe an efficient adaptive equalizer which serves to
convert the channel response to an FIR one, and by using
multitone approach we allocate different energy levels into
different frequency bins to optimize throughput.

The transmitter is very simple to implement since the
modulating vectors are fixed. Without considering decod-
ing, we can implement the complete receiver with less than
40 MIPS of computing power, which is well within the range
of current technology.

With some custom design chips and exploiting the pos-
sibility of parallel processing, we should be able to build a
complete, real-time transceiver system with only a few VLSI
chips. One bottleneck in the receiver is the Viterbi decoder,
which may take around 1000 MIPS using a standard DSP
chip. However, due to the special structure of the Viterbi al-
gorithm, it may be possible to reduce the complexity of the
decoder by a significant amount by switching to a custom
VLSI chip [7].
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Blocklength (N) ! 128 756 E5Y) 1024
Complexity @ (in MIPS) | 3.8 (9.2) | 4.5 (10.8) | 7.7 (12.3) [ 8.6 (13.8) | 9.6 (15.4)
(Note: v 1is assumed to be zero.)

4The number in parenthesis assumes using Motorola’s DSP96002

Table 1: IFFT Transmitter Complexity at 640 kHz sampling rate

[ Complexity ¢ (in MIPS) L=b L=10 L=16 L=32 L=64 |
N=64 19.9 (30.6) | 26.3 (37.1) | 34.1 (44.8) [ 54.7 (65.5) | 96.0 (106.8)
N=128 21.1(33.7) | 27.6 (40.1) | 35.3 (41.8) | 55.8 (68.4) [ 97.0 (109.5)
N=256 275 (36.7) | 33.0 (43.2) | 41.6 (50.9) | 62.2 (71.4) | 103.2 (112.4)
N=512 79.4 (39.8) | 35.0 (46.2) | 43.5 (53.9) | 64.0 (74.4) | 105.0 (115.4)
N=1024 31.4 (42.9) | 37.8 (49.3) | 45.5 (57.0) | 65.9 (77.5) | 106.9 (118.4)

(Note: v is assumed to be zero.)

@The number in parenthesis assumes using Motorola’s DSP96002

Table 2: Receiver Complexity with Full Block LMS

Complexity ¢ (in MIPS) L=5 =10 | L=16 L=32 L=64

N=64 T6.4 (27.1) | 204 (31.2) | 25.9 (36.7) | 44.2 (54.9) | 96.0 (106.8)
N=128 175 (30.0) | 21.1 (33.6) | 25.8 (38.3) | 40.0 (52.5) | 76.2 (88.1)
N=256 338 (33.0) | 27.2 (36.4) | 31.4 (40.7) | 43.7 (52.9) | 72.0 (31.2)
N=512 356 (36.0) | 29.0 (39.3) | 33.0 (43.4) | 44.2 (54.6) | 68.6 (79.0)
N=1024 575 (30.1) | 30.8 (42.3) | 34.7 (46.3) | 455 (57.0) | 679 (194)

(Note: v is assumed to be zero.)

@The number in parenthesis assumes using Motorola's DSP96002

Table 3: Receiver Complexity with Block LMS with efficient updating (M=L)

Complexity ¢ (in MIPS) L=5 L=10 L=16 | L=32 L=64

v=5 35.4 (35.7) | 28.7 (38.9) | 32.7 (42.9) | 43.8 (54.1) | 68.0 (18.2)
v=8 25.2 (35.5) | 28.5 (38.7) | 32.5 (42.7) | 43.6 (53.8) | 67.6 (77.8)
v=12 25.1(35.2) | 28.3 (38.4) | 32.2 (42.4) | 43.2 (53.4) | 67.1(77.2)
v=16 24.9 (34.9) | 28.1 (38.1) | 32.0 (42.1) | 42.9(53.0) | 66.6 (76.6)

aThe number in parenthesis assumes using Motorola's DSP96002

Table 4: Receiver Complexity with Block LMS with efficient updating (N=512, M=L)
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