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Abstract

In this thesié, an adaptive method for eliminating intersymbol interference (ISI) us-
ing multirate techniques, is presented. This is inspired by the work of Chevillat and
Ungerboeck on the design-of finite impulse response (FIR) ‘multirate zero ISI filters’ for
data transmission over a band-limited ideal channel. Their analyéis is extended to the
case when the channel is non-ideal. It is shown that @here are infinitely many multi-
rate filters (dependent of the upsampling /downsampling facfor M°) that can eliminate
ISI. As an illustration, two simple adaptive algorithms for computing the zero ISI fil-
ters are presented and applied to discrete multitone transmission (DMT) and discrete
wavelet multitone transmission (DWMT) systems. It is found that even the minimum
length, multirate zero ISI filters compare favourably (in terms of reduced compléxity

and performance) with other techniques, such as the cyclic prefix method.
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Chapter 1

Introduction

1.1 Preliminaries

A digital filter is simi)ly a linear time-invariant operator. An analysis ﬁltc;r bank is a
structure composed of filters that decompose a signal into a collection of subsignals. The
important feature of these subsignals (called subband signals) is that they are sufficient
to reconstruct the original signal by means of a synthesis filter bank. The analysis
and synthesis filter banks together constitute a perfect reconstruction (PR) filter
bank. Such PR filter banks are useful because the signal decomposition by a synthesis
filter bank may help to emphasize some aspects of the original signal. Alternatively, the

subband signals may be more convenient to work with than the original signal.
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Filter banks have proven to be versatile in applications to communication systems.
For instance, they have found applications in image and video compression. They ha&e
also been used in speech coding (using subband coding), denoising, and feature detection.
There are several good references on the topic, some of them are listed in thé bibliography

(see for instance, [2], 3], [4], [5], [6] )-

Here an important application of the dual system, I?amely transmultiplexers, will
be considered. In filter banks, the synthesis filter bank follows the analysis filter bank.
In transmultiplexers it is the other way around— it is the anélysis filter bank that fol-
lows the synthesis filter bank. Transmultiplexers ha\}e found application in multicarrier
modulation for high-speed data transmission over the twisted pair channel of a digital

subscriber line. i

1.2 Motivation

Multicarrier modulation 7] can be viewed as a class of orthogonal frequency modula-
tions, or simply as a transmultiplexer. In discrete multitone transmission (DMT},
the synthesis and analysis filter banks are simply the inverse Fourier transform and the
Fourier transform respectively [8]. Thus, digital data is passed through the synthesis
fiter bank, i.e., an inverse Fcurier transform is performed on each data block of length

M. The output is then converted to an analog signal (so that it is suitable for trans-
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mission over channel) by the D/A converter. At the receiver end, the analog signal is
converted back to the digital domain by the A/D converter. This digital signal is then
~ passed through the analysis ﬁlj:er bank, i.e., a Fourier transform is performed on this
digital signal in blocks of length M. In other words, the inverse Fourier transform is
used for modulation while the Fourier transform is used for demodulation. Multicarrier
modulation aiso includes a bit-loading algorithm that enables efficient data transmission

by taking channel characteristics into account.

Instead of the Fourier transform and its inverse, it is possible to utilize other sets
of PR filter banks. A reason for considering other filter banks is to investigate the
possibility of achieving superior spectral containment without losing the PR property.
Thus, M-band filter banks are used in discrete v{vaveletv, multitone transmission
(DWMT) ‘systems [9], [10]. It should be noted that for DWMT systems, the pulse

waveforms for different symbols overlap in time.

The above discussion has been under the assumption that the channel is ideal and
the noise can be neglected. The issues become more complicated when the channel is
not ideal. A non-ideal channel introduces amplitude as well as phase distortion and the
latter results in intersymbol interference (ISI) [11]. It is thus desirable to eliminate ISI

so that the (unavoidable) detection errors are only due to additive noise.

In DMT, this is tackled by employing a cyclic prefix [8]. The cyclic prefix is inserted

at the start of each transmission segment. This compensates for the high degree of
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spectral overlap among DMT subchannels, if the channel impulse responée is shorter
than the length of the cyclic prefix. However, employment of a cyclic prefix leads to
significant overhead when the channel impulse response length is long relative to the
block length. Of course, there are algorithms that adapt the taps of a receiver pre-
detection equalization filter to shorten the channel impulse response. However, such
systems suﬁm significant performance degradations due to non-ideal tap settings in pre-

detection equalizers and also increase the complexity of the receiver.

The cyclic prefix solution is not relevant for DWMT due to overlapping.natu're of the
M-band wavelet filter bank. Thefe is a solution proposed for the the DWMT systems
proposed by Sandberg and Tzannes [10]. It does not require pre-detection equalization,
but the complexity of the post-detection equalization schemes is greater than that of
DMT systems. It is thus desirable to develop adaptive algorithms to combat ISI in

DWMT systems which are relatively simple to design and implement.

The motivation for the analysis in the thesis is as follows: an adaptive method for
tackling the ISI problem is sought that does not significantly increase receiver complexity,

perhaps by transferring most of the processing for ISI elimination to the transmitter.
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1.3 Ob jectives

In this thesis, a novel adaptive method for eliminating ISI is presented. A multirate sys-
tem that can be used to combat ISI for an a;bitrary non-ideal channel that is applicable
to a wide variety of sysfems, such as multicarrier systems like DMT and DWMT, is
presented. This is based on the Work of Chevillat and Uhge;‘boeck [1] on the design of
optimum, multirate FIR filters for data transmission over ideal band—iimited channels.
The transmitter and receiver filters are designed in the time domain directly. This is
in contrast to the traditional designs (such as raised cosine filters) where the filters are
designed in the frequency domain and then converted to time domain filters for digital

implementation.

-

In the Chevillaf-Ungerboeck multirate system, the data is ﬁrst upsampled by some
integer M, where M° > 1. This upsampled data is convolved with a transmitter filter.

| After passing through an ideal channel, it is convolved with a receiver filter and then
downsampled by M° The convolution of the transmitter and receiver ﬁltérs, when
downsampled by M¢, is required to satisfy the zero ISI condition. The authors go on to
describe an algorithm to design such ‘zero ISI filters’ which also have excellent spectral

containment properties.

The solution proposed in ‘he thesis generalizes the above to the case when the chen-

nel is non-ideal. As above, the data is first upsampled by M°. The condition that
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convolution of the transmitter and receiver filters and the channel satisfy the ‘multi-
| rat';e zero ISI condition’ is imposed. This enables design of zero ISI FIR filters for any
Me¢ > 1. The m1mma1 length of such multirate zero ISI filters for a given length of
the channel impulse response is also stated and proved. As an illustration, ‘two simple,
adaptive algorithms for computing minimal length zero ISI filters. One algorithm re-
quires the computation of only one column of the inverse of an (M° + 1) x (M ©+1)
matrix formed from the channel taps when the channel impulse response is of length
(M°)2. The other algorithm is applicable when M° = 2 and the channel impulse re-
sponse is of arbitrary length (c) and requires the computation of one column of inverse
of a sparse (¢ — 1) x (¢ — 1) matrix. Similar algorithms can be written for arbitrary M®
and fbr non-minimal channel impulse response lengths. Note that if the channel is know

ks

precisely, this method guarantees zero ISI.

The method is quite general and has a wide area of applicability. In particular, it
is shown that it can be used in multicarrier systems to combat ISI. If the channel is
known precisely in DMT systems, there is no ‘ISI and no cycﬁc prefix is needed. If the
channel is known with less precision, the multirate system proposed in the thesis caﬁ
reduce the complexity of the equalizers in the receiver, by reducing the ISI. It is shown
that our technique can be applied to DWMT transmission—the overlapped nature of

M-band filter banks is no obstacle and introduces no additional complications.

It must be emphasized that the proposed method yields a considerably simpler pre-
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coder design as compared to those proposed in the literature. The receiver design is
simplified considerably and there is a large flexibility in the design of such filters. The
increase in transmitter power depends on the channel, but is not found to be excessive

in realistic examples.

1.4 Contents

In Chapter 2, the fundamentals of DMT and DWMT are reviewed and the multirate
method of Chevillat and Ungerboeck for eliminating ISI is discussed. In Chapter 3, a
generalization of the multirate solution to the case of a non-ideal channel is presented. As
an illustration, two simple, adaptive algorithms for the design of the multirate zero ISI
filters are also presented. In Chapter 4, the formalism is applied to the transmultiplexer
problem, particularly t§ the DMT and DWMT systems. In Chapter 5 some simulation
results for multicarrier systems using the zero ISI filters are presented and compared
with the conventional DMT systems that employ a cyclic prefix. The results in Chapters

3, 4 and 5 are the original contributions in this thesis
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Chapter 2

Orthogonal Frequency Division
Multiplexing and Intersymbol

Interference

2.1 Filter Banks and Transmultiplexers

It is often useful to resolve band-limited analog signals into frequency subband compo-
nents using a set of (frequency-selective) filters that cover the frequency region. This is
useful since one can, for instance, allocate the appropriate number of bits based on its

relative importance (perceptual or energy-wise) when digitizing the analog signal. One
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then attempts to combine the resolved signals appropriately and transmit them after
conversion to an analog signal using a digital;to-analog (D/A) converter. Upon recep-
tion, the received signal is converted back to a digital signal via an analog-to-digital
(A/D) converter. The aim is to recover the input signal by appropriate digital signal
processing, in the absence of channel distortions and ﬁoise and qué,ntization errors. This

leads us to the notion of a perfect reconstruction (PR) filter bank.

A PR filter bank consists of two parts: analysis and synthesis filter banks. The M-
band analysis ﬁlter‘bank analyses a digital signal into M orthogonal subba.nds.. These
set of M signals (which are produced by filtering the signal with M filters) are critically
downsampled (i.e., by M) so that the total filtered signal length is the same as that of
the input signal. The set of analysis filters and the critical downsampling constitute the
analysis filter bank. These analysed signals are then subjected to digital processing,
such as quantization and appropriate bit allocation in the various frequency bands. In
the synthesis filter bank, this output is first critically upsampled (i.e., by M) and then
passed through M synthesis filters and then combined. The analysis and synthesis filters
are designed so that (in the absence of any quantization error and noise) the signal is

resynthesized perfectly; hence the name PR filter bank. It is illustated in Figure 77.

There are several choices for the analysis and synthesis filters in PR filter banks. For
instance, the analysis and synthesis filter banks could be: chosen to be the Fourier trans-

form and its inverse. Other popular alternatives are the filters in the lapped orthogonal
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Figure 2-1: M-Band Perfect Reconstruction Filter Bank.

transforms and the cosine-modulated filter banks. In other words, an essential condition
demanded of the (causal and FIR) analysis and synthesis filters is that they satisfy the
perfect reconstruction condition. Further constraints are then imposed, such as good

stopband attenuation.

A transmultiplexer filter bank (or simply a transmultiplexer) is the dual of a filter
bank va,nd is shown in Figure 2-2. In other words, in the transmultiplexer, the synthesis
filter bank is followed by the analysis filter bank. The synthesis bénk combines a collec-
tion of critically upsampled and filtered signals into a single signal at a higher rate and
converts time-domain-multiplexed (TDM) signals into frequency domain multiplexed
(FDM) signals. The analysis filter bank analyses this output using the analysis filters

and recovers the input signal (in the absence of any errors) after critical downsampling.
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Figure 2-2: Transmultiplexer

2.2 Discrete Multitone Transmission (DMT)

2.2.1 Imtroduction

Multicarrier modulation provides an excellent solution in terms of efficient bandwidth
utilization, approaching the capacity stated in the water-pouring theorem as the number
of subchannels is increased [7]. In orthogonal frequency division multiplexing (OFDM),
the transmission channel is partitioned into several subchannels, each with its own car-

rier. In other words, the transmultiplexer forms the core of multicarrier systems.

Another important feature in OFDM is a bit allocation a.lgorif:hm. In OFDM a

channel is divided into a set of parallel independent subchannels by the synthesis filter
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bank. The signal-to-noise ratio (SNR) of each subchannel is determined and then an
appropriate number of bits is assigned to each subchannel to minimize the probability
of error. An adaptive bit allocation algorithm optimizes fhe performance of an OFDM

system.

Multicarrier modulation has important advantages over single-carrier systems. It has
found use in high-speed copper wire communications. The following are some of the

reasons for its usefulness.

e It provides an efficient way to access and distribute several multiplexed data

streams. .

e It has much better immunity to ISI than single carrier systems due to its longer

symbol times.

e It also provides an effective way for combating narrowband interference; the data

rate in the subchannel affected by the narrowband interference can be reduced

appropriately.

In particular, in discrete multitone transmission (DMT), the orthogonal transforma-
tion used is the Fourier transform. Thus, the modulation and demodulation are per-

formed by the inverse Fourier transform and the Fourier transform respectively. DMT
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has been chosen as the signalling standard for asymmetﬁc digital subscriber lines (ADSL)

[12].

2.2.2 Combating ISI: Cyclic Prefix and Precoder

The simple picture above has to be modified in real applications. This is because any
non-ideal channel necessarily introduces ISI. Reéa.ll that ISI is a consequence of phase
distortion by any non-ideal channel. In general, ISI is a measure of the interference in
a particular symbol by preceding symbols. Thus, it follows that the longer the symbol
duration (i.e., the longer the time span the symbol used during modulation), the less
bharmful are the effects of channel—induced ISI. Another way is to introduce a guard
time; then the impulse response from one symbol in the subchannel dies out before the
beginning of the next symbol. In DMT, the length of the symbol is determined by the
size of the FFT. System latency and computational complexity limit the size of the

FFT used in practice.

In DMT systems, the ISI is eliminated using a cyclic prefix. The subchannels then
become independent. This is because in discrete time (and for finite number of subchan-
nels V) the property that time domain convolution corresponds to Fourier transform
multiplication if at least one of the input sequences convolved is periodic with period N.

A cyclic prefix simply prefixes a time-domain block of samples (zi, 2 =1,..N) of size N
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by the last v samples of the block, v being the channel impulse response length. This

makes it appear as if the data were periodic with period NNV so that
Y: = HX; (1)

where H; is the channel frequency response at subchannel i. Thus, data can be recovered

using one-tap equalizers 1/H; known as the frequency.domain equalizers (FEQ).

However, the channel impulse response length can be lar'ge. Then the required over-
head with respect to data rate is v/ (N + v) can be significant and leads to a sigﬁiﬁca.nt
loss in data rate. Increasing N does not help matters since this.implies large mem-
ory requirements. Further, larger N leads to longer latency in processing. Hence, it is

desirable to reduce overhead due to cyclic prefix, so that throughput is not decreased

substantially.

One solution is to use a combination of short-length equalization and the DMT.
The equalizer used is known as a time-domain equalizer (TEQ). This TEQ shortens the
channel response so that the combined reéponse of the channel and the TEQ taps is
limited' to being equal to or less than the length of the cyclic prefix. A DMT transceiver

block diagram is shown in Figure 2-3.

There are several algorithms for the design of sich (pre-detection adaptive receiver)

TEQ filters to shorten the channel impulse response; see for instance, [13], [14], [15]. Un-
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Figure 2-3: DMT transceiver block diagram.

fortunately, it has been shown that the performance of a DMT‘system can be degraded
severely by intersymbol interference (IST) wilen the taps of the channel—shortening equal-
ization filter deviate from their ideal settings [10]. Also, the TEQ only partially equalizes
the channel. This is because full equalization leads to noise enhancement at the receiver.
Another problem is that the optimization criterion to obtain the TEQ taps is usually
non-convex [16]. Such non-convex optimization problems are difficult to solve and are

not guaranteed to reach the global minimum.

A method to alleviate this involves the use of a precoder. The proposed precoder
for DMT by Cheong and Cioffi [17] eliminates the distértion due to insufﬁciént cyclic
prefix length by processing the signals at the transmitter so that the signals appear to
be undistorted at the receiver with an increase in transmitted power. It uses a decision

feedback equalizer (DFE) at the transmitter to tackle the IBI. The precoder does cause
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a power increase, but produces improvement over when nothing is done to mitigate the

distortion.

Their paper pregented the general formalism for the case when the length of the
channel impulse response is less than block size of the DMT system (typically 512) so
that the interblock interference is caused by only one Of. the preceding block. Even for
this case, where a simple closed form solution is avaliable, several matrix multiplications
and inversions are needed. In the more general case the channel impulse response is

much larger so that a more complicated precoder will be required.

Furthermore, a time-domain equalizer is still required at the receiver. Further, since
perfect equalization is undesirable due to noise enha.ncexﬁent, a cyclic prefix is also
necessary. Although there is some performance gain in the use of the proposed DMT

precoder by Cheong and Cioffi, there is also an increase in complexity due to the use of

a DFE.

2.3 Discrete Wavelet Multitone Transmission (DWMT)

The inverse Fourier transform and the Fourier transform used.in the transmultiplexer
may be replaced with the synthesis and analysis filters of any perfect reconstruction filter

bank system. Thus, in Discrete Wavelet Multitone Transmission (DWMT) systems the
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Figure 2-4: Block diagram of a DWMT transceiver.

synthesis and analysis filters of any PR M-band filter bank, such as the lapped orthogonal
transforms [18], the cosine-modulated filter banks [6] or the M-band wavelet filter banks
(see [19], [2]) are used. A block-level diagram for a DWMT transceiver is shown in

Figure2-4.

Note that DMT schemes use rectangular pulses for data modulation. Thjé is essential
to maintain PR propérty of the set of subchannel waveforms (which follows from the
orthogonality of the transform). However, a given subchannel has significant spectral
-overlap with a large number of its neighbouring subchannels, and subchannel isolation
is retained only for channels which have virtually no distortion. The DWMT system
achieves excellent spectral containment (by PR filter design) while maintaining perfect

reconstruction at the expense of longer filters [10].

As discussed above, an alternative form of multicarrier transmission is overlapped
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discrete multitone or discrete wavelet multitone (DWMT') transmission. The orthonor-
mal set of waveforms used are the generalization of inverse Fourier transform and the
Fourier transform— the synthesis and analysis filter banks. The filter length in M-band
filter banks is usually larger than the number of subchannels; their ratio is called the
overlap factor g. In contrast, for the Fourier transform g = 1. Since ¢ > 1 in a DWMT
system, it provides longer symbol duration and far lower sidelobes (e.g., -25 dB for g = 2
" M-band wavelet filter bank and -45 dB for a g = 8 cosine-modulated filter bank) than
the DMT. In contrast, the adjacent channel sidelobe level in DMT is about -13 dB and
there is no way to lower this sidelobe level using a Fourier transform. However, note

that a symbol buffer of size gM must be maintained by the DWMT modulator.

There are three types of ISI (as defined in [10]): inter<channel interference (ICI),
inter-block interference (IBI), and inter-channel-inter-block interference (ICBI). In ICI
, the interfering symbols are from the same data block but different subchannels, while
in IBI the interfering symbols are same subchannel but different blocks. Symbols con-
tributing nonzero energy, but sharing neither block nor subchannel with a particular
data symbol introduce ICBI. Thus, low sidelobes and long symbol duration are key to

reducing ISI in multicarrier systems.

The DWMT system proposed ( as in [9], [10] ) potentially has several advantages

over DMT systems:.

e It incorporates careful pulse design to achieve excellent spectral containment, with-
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out sacrificing the Nyquist properties of the set of subchannel waveforms.

o It does not suffer significant performance degradations due to non-ideal tap settings
in pre-detection equalizers; in fact no pfe—detection equalizer or a cyclic prefix is

needed.

e It is better able to lessen the effects of narrowband interference. This robustness
with rega.fd to narrowband interference and ISI can be directly attributed to the

spectral containment properties of DWMT subchannels.

Unfortunately, the presence of non-ideal channel conditions Iﬁake matters more dif-
ficult for DWMT systems [10]. The post-detection processiﬁg is -significantly more
complicated for DWMT than for DMT transmission. Note’ that the cyclic prefix solu-
tion cannot i)e employed in DWMT transmission due to the overlapped nature of the

filter banks (i.e., g > 1).

In summary, attempts to reduce ISI without increasing the complexity of the receiver
are important to study. An example is provided by the precoder for DMT with insuf-
ficient cyclic prefix proposed by Cheong and Cioffi. Any improvement in performance
reéulting with only moderate increase in transmitter power and receiver complexity is
desirable. Similarly, there is a need for a simple and adaptive algorithm thatg can work
for DWMT systems, without need for complicated post-detection equalizers. The hope
is to capitalize on the strength of DWMT over DMT transmiséion: subchannel spectral
containment and bandwidth efficiency.
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2.4 Multirate Zero‘ ISI Filters for Ideal Channel

The problem of combatting ISI arises when transmitting data over a band-limited chan-
nel. When the channel is ideal, the analog solutions are well-known. For insta.née, the
data transmitted using raised-cosine pulses have no ISI.I When the channel is non-ideal,
the channel frequency response influences the choice of the transmitted pulse for zero

ISI transmission.

However, zero ISI is maintained only approximately when raised cosine filters are
implemented digitally using FIR filters. This is due to error introduced by truncation.
It was shown by Chevillat and Ungerboeck that one can design optimum FIR transmitter
and receiver filters (matched in order to maximize signal-to-noise ratio) that ensure that
data transmitted over band-limited channels are ISI-free [1] They use matched filters
along with an upsampler and a downsampler. The filter design can be furt.her optimized
by maximizing the spectral concentration within the desired region. Their work was

based on a paper by Halpern [20] .

The Chevillat-Ungerboeck multirate system for zero ISI transmission is illustrated
in Figure 2-5. The input digital data is first upsampled by some integer M and then
passed through a transmitter filter F*(2). Upon reception, it is passed through the
receiver filter G¢ (z) (which is 1aatched to F*(z)) and then downsampled by M¢. The

following theorem states the condition that the transceiver filters must satisfy for zero
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xin] — | M{—] F@)f{G@) | M x[n]

Figure 2-5: Multirate System of Chevillat and Ungerboeck [1]

ISI transmission in the absense of any channel distortion.

Theorem 1 (Chevillat and Ungerboeck [1])If the transmitter and receiver filters are

such that
F* (Z) G° (Z) IlM"’ =z~ (22)
for some L¢, then there is no ISI in the system illustrated in Figure 2-5.

Proof. Consider the case of data transmission system as shown in the figure 4. Then,
zero ISI requires that the transmitter and receiver filters (F° (z) and G° (z) respectively)

satisfy
X (zM°) F*(2) G (2) e = 22 X (2). (2.3)
This is the case if the transceiver filters satisfy
Fe(2) G° (2) | pge = 27 %5 (2.4)
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This can be restated as a system of linear equations. That was how it was originally
stated by Chevillat and Ungerboeck in [1]. However, they restricted their attention to
the optimum (in SNR) case: matched transmitter and receiver filters. Then, the N-tap

transmitter filter is

N-1
Fo(z2)=) fiz™ ' (2.5)

=0

and is clocked at rate M°/T. The matched receiver filter is then

N-1
G (2) =) fizr ™10 (2.6)

=0
and the zero ISI condition requires

N-1

> fifiema =TS =&, I < [(NV-1)/M°]. (2.7)
i=0 |

Here f is the coefficient row vector corresponding to F*(z), 8, is the Kronecker delta
symbol, and |z] is the integer part of x. The shift matrix (S;)elements are zero except

when sy = 1 for k—i= M°lL

Note that this condition is independent ox the input data. In particular, the data may

be digital, the discretized version of an analog signal or arbitrary complex numbers. For
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instance, this may be used in the transmultiplexer between the synthesis and analysis
filter bank. Héwever, it is not useful since it is derived for an ideal channel. When
the channel is ideal, it is totally unnecessary since the PR filter banks already do the
perfect reconstruction! What is needed is the ability to transmit data ISI-free over a
dispersive channel. it would be useful to design a modification of the Chevillat and
Ungerboeck systeﬁn for ISI-free digital transmission over a non-ideal channel. In other
words, a perfect reconstruction system between the synthesis and analysis filter banks
in the presence of a non-ideal channel is sought. That is done in the next chapter: the

multirate zero ISI formalism will be extended to the case of a non-idea.l channel.

Several papers have been written based on this work; some recent papers are listed
in the bibliography ( [21], [22], [23]). However, all of them gontinue to assume that the
channel is ideal. As mentioned earlier, that is not very helpful for applications such as

multicarrier communication systems.

2.5 Summary

In this chapter, the salient features of OFDM were summarized briefly. In particular,
multicarrier modulation schemes (such as DMT and DWMT) are based on the PR trans-
multiplexer. However, these systems are perfectly reconstructing only when the channel "’

is ideal. Any realistic channel is non-ideal and time-varying. In order to recover the
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transmitted data precisely, additional processing is needed. Thus, in DMT systems a
cyclic prefix is employed. This introduces a significant overhead when the channel im-
pulse response length is comparable to. the number of subchannels. There are algorithms
for shortening the channel impulse response, but this increases the complexity of the re-
ceiver. No cyclic prefix is employed for the DWMT, But the receiver is very corﬁplex.
l]‘Z‘hus, it is desirable to reduce the complexity df th;a receiver, perhaps by tré.nsferring

some of the complexity to the transmitter via a precoder.

A multirate system for ISI-free transmission proposed by Chevillat and Ungerboeck
was briefly reviewed. The analysis was valid only for ideal channel, but it wés shown
to be superior to the conventional approach based on a continuous signal with zero
ISI property, such as the raised-cosine filter. This is because there is no error due
to truncation; zero ISI is guaranteed by the multirate zero ISI condition. In the next

chapter, this is extended to the case when the channel is non-ideal.
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Chapter 3

Multirate Zero ISI Filters for

Arbitrary Non—Ideal Channel

r

In this chapter, the proposed multirate solution for eliminating ISI is presented. This
solution is an extension to the case of an arbitrary channel of the multirate zero ISI filter
system introduced by Chevillat and ﬁngerboéck. Methods of designing such multirate
zero ISI filters adaptively and find the minimum lengtﬁ of such filters for a given channel
impulse response length and upsampling/downsampling rate M°. As an illustration,
two simple algorithms are presented: one for the case the channel impulse response is of

length (M¢)?2, and the other when the channsl is of arbitrary length with M¢ = 2.
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X[n] | M FC(Z) ....... Channel ....... Gc(z) l M X[n]

Figure 3-1: A multirate system proposed for cancelling ISI.

3.1 Adaptive Zero ISI Filters for Non-Ideal Channel

Let us consider an extension of the multirate system discussed in the previous chapter,
i.e., now a non-ideal channel is included. This is illustrated in Figure 3-1. It will be
shown that such a system guarantees zero ISI (assuming the channel is known precisely)

with FIR filters F¢ (z) and G°(2).

It is important to point out that multirate signal processing is very crucial in our
solution in terms of the FIR filters. The upsampling of original data prior to transmission
introduces redundancy. This redundant version of the data when filtered by any set of
transmitter and receiver filters and the channel is clearly corrupted. However, it can be
arranged such that the downsampled received data is identical to the original data. Then
ISI is eliminated precisely. As emphasized, this is possible only because of the multirate
signal processing (i.e., M > 1). This implies that the transmitter and receiver filters
satisfy fewer equations. These can be solved with FIRs, although there will be a certain
minimim length that depends on M¢. All this is stated more precisely in the following

two theorems,
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Theorem 2 Consider the multirate system shown in Figure 8-1. If the transmitter and

recetver filters are such that

Fe(2) C(2) G°(2) |ie = 27%° ey (3.1)

PRCE =, (52)
where P(z) = F°(2) G°(2), then there is no ISI in the system.

Proof. Consider the generalized multirate system illustrated above. In this case the

zero ISI condition becomes
X (zM°) F (2)C(2) G (8) e = 275 X (2) . (3.3)
Clearly, this can be ensured b& demanding that
F°(2) C (2) G°(2) |ypge = 275 (3.4)

TLis condition is also independent of X (2), as is desired. 'This may be written in terms

of the coefficients of the product filter P (z) = F°(2) G°(2) :

P (Z) C (Z) IlM° =z, (35)
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This can also be restated as a system of linear equations. For now, it is left as it
is and the matrix interpretation is demonstrated below in some examples. Results are
stated in terms of the product filter P (z) throughout, for simplicity. Further, results for
P (2) are also more general as they place no restrictions on the transmitter and receiver
filters ( except that F°(2) G°(2) = P (2)). Thus, for instance, we may take G¢(2) = 1,

so that F*(z) = P (z).

It is useful to determine the minimum degree of P'(2) for there to be a solution to
the multirate zero ISI condition. The following gives the minimum length the zero ISI

filter P (2) must have in order to be able to satisfy the zero ISI condition.

Theorem 3 If C(z) is of degree c in 271, then, a zero-IS1 filter P (2) must be of degree

p, such that

c+Dp
|

e 1<p (3.6)

where |z] is the greatest integer less than z.

Proof. Since C (z) is of degree c, the impulse response of C is of length ¢+ 1. If
P (2) is of degree p then C (z) P (z) is clearly of degree ¢ +p. When this product is
downsampled by M€, then there remain only L%EJ + 1 terms. Then, the number of

variables (p+ 1) must equal or exceed the number of terms in the downsampled product,
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ile.,

|-c+p
Mc

1222 <p. | (37)

|+1<p+1, ie,

Hence proved. =

- Thus, the taps in the filter P (z) can be found by means of a solution of a system of
linear equations, the number of which depends on M® and the channel length (L¢). The

number of taps is required to be above a certain minimum specified above.

It is useful to state the conditions on the minimal length zero ISI filters. The simplest

case is when the channel length is (M¢)°. ' .

Corollary 1 When the channel impulse response is of length (M°)? (i.e., ¢ = (M®)*~1),

the smallest p which solves the zero-ISI condition

L(Mc)2“1+p_|__ .
e =p, te.,

Me+ |2 A;cl |=p (3.8)

18 p = M¢®. This means that (M° + 1) taps are needed here.

The minimum value of M*® is 2. The following corollary gives the minimum length
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of a zero ISI filter for that case.

Corollary 2 For the case when M° = 2, the minimum degree of the zero ISI filter (Dmin)

is ¢ — 1.

'Proof. This follows from Theorem 3 which states that p, the degree of any zero 1SI

filter must satisfy

where p has been subtracted from both sides. Thus, it must be that

=) =0, (39)

and the smallest value satisfying this equation is py;, = ¢ — 1. Hence proved. m

The results in the above two corollaries form the basis for the two algorithms intro-
duced in the next section. Also, the following result for general M° can be stated in the

form of a corollary.

Corollary 3 The minimum degree of the zero ISI filter (pmi,) for M€ is the integer in
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the series

c—-1 ¢—2 ¢—(M°-1)

.1
Me—1"Mc-1’ Mec -1 (3.10)
Proof. The degree p of any zero ISI filter must sétisfy
c+ .
|52 <p, ies
c+p-— M :
—_— <
I. Mc .| _— 0’
where p has been subtracted from both sides. Thus, it must be that
c— (Mc - l)pmin
L e /=0, - 4 (3.11)

and the smallest value satisfying this equation is given by the one equation below that

leads to an integer value for pmin.

c— (M= Dppin=1

c— (M® = 1)puin = 2

¢ — (M = 1) pin = M° — 1. (3.2)

Hence proved. =
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Some examples that illustrate some of the features of the proposed method are pre-
sented below. Mostly, the minimal length zero ISI filters (for a given channel length and

upsampling /downsampling factor) are discussed.

Example 1 Consider the case of the channel modelled as C (z) = ¥ 3., ciz*. For the
case M® = 2, pmin = 8 — 1 = T,i.e., the zero ISI filter is of filter length 8. The zero ISI

condition becomes
P(2)C(2) |2 =7z"F

for some integer L°. In this example, L° can be 0, 1,... or 7. For instance, let L =7

so that the zero ISI condition can be written as the following matrix equation

(wooo00000)(n) (o)

cg g ¢ 0 0 0 0 O n 0
cs ¢ ¢ ¢t ¢ 0 0 O pgl 0
g €5 €4 €3 ¢ ¢ ¢ O p3_0
Cg C7 Cg C5 C4 C3 C2 Ci P4 0
0 0 cg ¢r c6 ¢5 ¢4 ¢3 Ds 0
0 0 0 O cs ¢7 ¢ ¢5 D6 0

K000000c807)\\p7} \1}
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Then, the zero ISI filter taps are given by

(Po\ /Co 0 0 '0 0 0 0~0'\—1(0\

n c2c1cg 0 0 0 0O 0
D2 ca 3 g ¢ ¢ 0 0 O 0
D3 _ C6 C5 €4 €3 ¢ ¢ ¢ O 0
2 Cg C7 Cg C5 C4 C3 C2.C 0
Ds 0 0 ¢ ¢ ¢ ¢5 ¢4 c3 0
Ds 0 0 0 0 ¢ ¢7 ¢ ¢ 0

\p7/ \00'0000030,} \1/

Note that each column of the inverse matriz is a candidate minimal length multirate zero
ISI filter, each with a different delay. In other words, the 1 in the column matriz on
the right could be in any row, the rest of the entries being zero. Although all choices

of L¢ are equivalent in the absence of additive noise, the choice of L° can significantly

affect performance in the presence of noise; this is discussed in the next section.
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Example 2 Consider the choice M = 3, so that py, = 3. The zero ISI conditions read

y41

b2

\Ps

V(PO\

/

c3 C C
C C C4

\0007

(w00 0)(n)

Co

C3

&)

Ko

¢ ) \ Ps

(for L¢ = 3 for simplicity) so that the minimal zero ISI filters are given by

(co 0 0 0\_1

D

P2

C2 G O

Cs C4 C3

06706)

n

0

0

\1)

(o)

0

(1)

(3.13)

(3.14)

So the minimal filter lengths depend on M¢. Of course, longer filters could have been

chosen. For instance, take p = 4 for M® = 3 so that the zero ISI condition ( again for

L¢ =3) reads

&

C3

Co

Cs

41

Cy4

Cr

C3

0\ (Po\

n
0

D2
C2

b3

APy
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There are four equations for five unknowns and hence the. zero ISI condition does not
uniquely determine the zero ISI filter taps. This additional degree of freedom can be used

for better filter design such as minimization of the energy of filter.

3.2 Additional Remarks
The following remarks clarify some aspects of the proposed multirate system.

e The zero ISI filters clearly depend on the channel and on Me— the upsam-

pling/downsampling rate. This is obvious from the above.

e There is no solution for a finite number of filter coefficients when M¢ = 1. The
infinite-tap solution is given by C (2) P (2) = 1, so that P(z) = 1/C(z). This is

the well-known zero-forcing equalizer.

o Contrast this with the case of linear equalizer with the peak distortion criterion.
There the complete elimination of the ISI requires the use of an inverse filter to
C(2), ie., &Gy also known as a zero-forcing filter. Such an equalizer requires
an infinite number of taps when implemented by a FIR filter. Any FIR filter
with a finite number of taps will always have ISI. In our discussion above, ISI
has been eliminated with a FIR filter with a finite number of taps. The key is

multirate signal processing (the upsampling and the downsampling by M¢). This
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results in filter coefficients satisfying fewer equations, which in turn are solvable
using a finite number of taps, the minimum length of which is determined by

upsampling /downsampling factor, as discussed in the previous section.

The theorems give us a general way of designing zero-ISI filters. As noted above,
M?° has to be greater than 1. The larger the value of M°, the féwer are the condi-
tions to be satisfied and smaller is the length of the minimal zero ISI filter. Thus,
for a given length the larger upsampling/dowﬁsampling factor gives us greater
freedom in the design of a zero ISI filter. This additional degree of freedom can be

used to design filters with additional desirable properties.

In order to maximize the signal-to-noise ratio in the presen‘cé of additive white
gaussian noise, matched filters must be used ( i.e., identical filter coefficients in
transmitter and receiver filters but in time-reversed order with respect to each
other [1]). Note that the product filter P (z) = F*¢(z) G°(z) may Be arbitrarily
distributed between the transmitter and receiver filter. In particular, P (z) may be
chosen to be the transmitter (receiver) filter, with no receiver (transmitter) filter.
The design of zero-ISI filters that are also matched are considerably harder to
design than zero ISI filters which are not required to be matched transmitter and
receiver filters. This is because zero ISI conditions become a set of simultaneous
quadratic equations in several variables. If, on the other hand, the transmitter
and receiver filters are not related, the zero ISI condition equations are only linear
and hence much easier to solve.
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o The relevant matrix has been assumed to be nonsingular. There are some cases
when the relevant matrix of channel coefficients is singular for symmetry reasons

(apart from some channel taps (ex. c;) vanishing). For instance, if
¢ =a (3.16)

the determinant of the relevant matrix vanishes so that the matrix is singular. An
arbitrary, randomly generated channel (or a practical one such as a twisted-pair)

did not lead to any singularity problems.

3.3 Discussion of Noise Effects

So far no other restrictions on the filters (other than the zero ISI condition)have been
placed. It is desirable to ma.ximjze signal-to-noise ratio by using matched transmitter
and receiver filters [1]. However, their design is more complicated as it involves the
solution of simultaneous non-linear (quadratic) equations. This is because the receiverA
filter coefficients are the same as the transmitter filter coefficients, but in time reversed
order, i.e., f; = gy—;, where N is the number of taps in the transmitter filter. This makes
it harder to find the zero ISI filters, as then simultaneous quadratic equations need to

be solved.
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Recall that the condition for no intersymbol interference
P(z)C(2)|jpe =27 (3.17)

can be satisfied exactly only when the channel (i.e., C(z)) is known precisely. Otherwise,
there will be some intersymbol interference. In other words, let 6C (z) be the error in

the channel taps, then ISI results because
P (2)8C (2) | jpe # 0. ; ' (3.18)

Thus, the sensitivity of the filter coefficients to fluctuations in the channel are governed

-

by the channel taps. Thus, instead of the multirate zero ISI condition one obtains
P(2)[C(2) +6C (2)] |ime = 27+ A(2). . (3.19)

If the correct filter is P (z) + 6P (z) so that

(P(2) + 6P (2))(C (2) + 6C (2))|jpge = 275, (3-20)
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then
- =A(2) = 6P (2)[C (2) + 6C (2)] | e | - (3.21)

Thus, instead of z=2°X (z) one gets (z72° + Az) X (2) so that the error due to inaccurate
determination of channel taps is (Az).X (z) . Note that Az is large if 6P (z) is large. Thus,
it is desirable that P (z) taps be as small as possible (i.e,, energy of the filter be least)

so that the fractional change is also small.

Apart from noise in channel taps, there is also the additive noise due to the channel.

If the noise is Azpoise, the zero ISI condition is modified to
(X (2M) P (2) C (2) + Azugise)| 1 as-

If the energy in the filter P (z) C (2) are large compared to 1 (i.e., 0 dB), a lot more

signal energy has to be used in transmission through channel.

So a good choice of P (z) could be determinéd as follows: Determine the product
P; (2) C (2) where P, (2) is the zero ISI filter corresponding to the choice of delay z~*
and form a vector from the filter coefficients in the product. In other words, perform
a convolution of the channel with each of the candidate zero ISI filters. Ideally, this
convolution should just be a delay, but that cannot be the case in general. Then, the

filter whose convolution with the channel has the least norm is selected. Clearly, this
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is not a rigorous method of choosing the best filter from the set, but it is a simple and

plausible best guess.

3.4 Two Simple Algorithms

In this section two simple algorithms are presented. These enable us to design zero ISI
filters simply, given the channel taps. Both require fhe computation of one column of
a matrix (of different dimensions in the two cases) formed from the channel taps. The
first algorithm requires that the channel be of length (M ©)?, where M¢ is the upsam-
pling/downsampling factor discussed above. The second algorithn.l is less restrictive
as the only restriction is that M°® = 2; the channel can be of arbitrary length. One
can write similar algorithms for arbitrary M° and channel lengths, but it becomes more

complicated to state and cumbersome to implement.

3.4.1 Channel Impulse Response length = (M¢)?

It is best to begin with a simple example which will naturally suggest the general algo-

rithm for this case.

Example 3 Consider, for instance, the case when the length of the channel impulse
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response s 25.The zero ISI condition when M°=5 is
C(2)P(2) |5 =z~

This can be rewritten in a matriz form as

(w0000 0)(n) (o

Cs C4 €3 C € C D 0
Clo CQ C3 Cr Cg Cs D2 VI
- , (3.22)
Ci5 Cl4 C13 C12 €11 Cip D3 0
Cxo Ci9 Ci8 Ci7 Ci6 Ci5 D4 0
\ 0 cq c3 C2 € / \Ps )

-

-
[y

N

where C (z) = Y ar,cxz™" and P(2) = > heoPrz*. Thus, the zero ISI filter P (2) is

given by

-1
(po ) ( © 0000 o) (o)
h Cs C €3 C € (g 0
D2 Clo Cg C Cr Cg Cs 0
- . (3.23)
D3 C15 Ci4 €13 Ci2 €1 Cio 0
D4 €0 Cig9 Cig Ci7 Cig Cis 10

KPs} \ 0 coa c23 €2 e Czo) KI)
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Note that any column of the inverse of the matriz formed from the channel coefficients
specified above satisfies the multirate zero ISI condition for a particular delay. As dis-
cussed in the previous ezample, for best performance in the presence of noise the inverse

of the matriz has to be computed.

It is not hard to see that for the general case, a minimal-length zero ISI filter is given

by any column of the matrix

(& o T

. cMc c(Mc—-l) s e .o “ e CO
Cope c(ch_l) cee  ces e CMe (3 24)
H
K 0 C(Mc)2—1 cee  see e C(Mc—l)Mc )

This suggests a simple implementation of the proposed solution.

Algorithm 1 Let the channel impulse response of length McxMc be written as C(4),
where i=0,..Mcx Mc-1. Construct the (Mc+1)x (Mc+1) matriz CM as follows (written in

pseudocode):

e CM(1,1)=C(1);
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e For i=2 to Mc

For j=1 to Mc+1
CM(i ,Mc+1-j+1)=C((i-2)*Mc+j);
End

End
e For j=1 to Mc

CM(Mc+1,Mc+1-j+1)=C((Mc-1)*Mc+j) ;

End

® Rest of the entries in CM are zero.

e Compute a column of the inverse of the matrix CM to obtain the set of

possible zero ISI filters. From among them, pick the filter whose

convolution with channel is the minimun in Euclidean norm.
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3.4.2 Case: M°¢=2

There are two cases for channel impulse response length: even or odd. From Corollary
2, it is known that the minimal length zero ISI filter is of dégree ¢ — 1. The algorithm

for this case can be developed by studying a couple of exé.mples where c is even or odd.

Example 4 Consider a channel model of length 7 (degree ¢ = 6) , i.e., C(z) =
Ef___o c;z”t 80 that pmim = 5. The minimal length multirate zero ISI condition then
reads

(Z cz-Z"') (ijz") =z (3.25)

=0 3=0

Ed

where L° can be 0, ..., or 5. Choosing L¢ = 0 for illustration, the ‘above condition may be

' written in matriz form as

(00000 (n) (1)

cc ¢t g 0 0 O D 0
C4 C3 C2 C Co 0 D2 0
- . (3.26)
Cg C5 C4 C3 C2 Ci D3 0
0 0 ¢ ¢ ¢4 c3 D4 0

\00006665/\p5) \0)
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Clearly, any column of the matriz

(e

C2
Cy
Ce

0

\ 0

is a valid filter, each corresponding to a different delay.

5]

C3

Cs

C2

C4

5]

C3

Cs

C2

Cs4

Cs

151

C3

)

-1

(3.27)

Example 5 Consider the case ¢ = 5, so that C (2) = Ef;o c;z”t and pyn = 4. Then,

as in the previous example, it follows that

=0

(3.28)

with L = 0, ..., or 4. The the minimal length zero IS filters are given by any one column
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of the matriz

C

C4 C3

depending on the delay.

C2

Cy

4]

C3

Cs

C2 .

(3.29)

An inspection of the columns in the matrix of channel coefficients that has to be

inverted to get the minimal length multirate zero ISI filters suggests the solution for the

general case. This is summarized in the following algorithm.

Algorithm 2 The channel impulse response length (c) is arbitrary and M° = 2.

Channel Impulse Response Length (c) may be even or odd.

1. Even c:

e For i=1 to c¢/2
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CM(i,1)=C(2%i-1);
CM(i+1,2)=C(2+#1);

End
e For j=3 to C

when j is even

CM(j/2+1 to j/2+c/2,j)=CM(2 to c/2+1,2);

else (i.e., j is odd)

"CM((j-1)/2+1 to (j—1)/2+c/2,j)=CM(i to c/2,1);

End

End

® Rest of the entries in CM are zero.

1. 0dd «c:

e For i=1 to (c-1)/2+1
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CM(i,1)= C(2%i-1);

End

e For i=1 to (c-1)/2

CM(i+1,2)= C(2*(i-1)+2);

End
e For j=3 to C

when j is even
CM(j/2+1 to j/2+(c-1)/2,3)=CM(2 to (c-1)/2+1,2);

else (i.e., j is odd)

CM((j-1)/2+1 to(j-1)/2+(c-1)/2+1,3)=CM(1 to (c-1)/2+1,1);
End

End

® Rest of the entries in CM are zero.
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e Compute a column of the inverse of the matrix CM to obtain the set of
possible zero ISI filters. From among them, pick the filter whose

convolution with channel is the minimum in Euclidean norm.

3.4.3 Comments on the the General Case

It is clear from the above that similar algorithms can :l)e designed for minimal-length
zero ISI filters for different M°. Hofvever,. they become more complicated to state for
arbitrary channel impulse response lengths and arbitrary M°. One can see this from
the algorithm for the case M¢ = 2 : the even and odd channel impulse response length
cases had to be considered separately. Likewise, for the ggnera.l case, the cases of the
channel impulse response length leaving a remainder of 0,1,...M¢— 1, when divided by
M¢, needs to be taken into consideration. Howeover, the casé Me¢ = 2 is of most interest
from a practical point of view, and illustrates the significant features of the multirate

solution. Hence, the algorithm for the general case has not been written explicitly.

In this chapter, only the construction of the minimal length zero ISI filters were con-
sidered. However, there are clearly an infinite number of non-minimal length multirate
zero ISI filters with lengths larger than a prescribed minimum p,;,,. Such non-minimal fil-
ters enable better filter designs. For instance, one can impose additional conditions such

as the requirement that the energy of the filter be a minimum. Thus, superior multirate
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zero ISI filters can be designed once the restriction of minimal length is removed.

it is clear that the key to the proposed multirate system for combating ISI. is the
upsampling/ downsainpling. In particular, it is tile upsampﬁné of the data that enables
perfect ISI cancellation using only FIR filters. The downsampling at the receiver implies
that fewer conditions need to be satisfied for perfect reconstruction. Also, the proposed
| method is not a mere inversion of channel. Ti]is is because of the freedom in the choice
of delay in the downsampling, vs}hich' enables us to ciloose the best filter even for the

minimal length case.
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Chapter 4

I

Application to the Multicarrier

Systems

In this chapter, the solution to eliminate ISI discussed in the previous chapter is applied
to OFDM systems such as DMT and DWMT. A brief discussion of some of the difficulties
of solutions based on single-rate signal processing is presented. It is then shown how

those problems are addressed by the proposed multirate solution.
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4.1 General Issues Regarding ISI

The transmultiplexer forms an integral part of the multiéarrier transceiver. Recall that
the perfect reconstruction condition is satisfied by the synthesis and analysis filters in
the transmultiplexer. However, this is true only when the channel is ideal. A non-
ideal channel introduces phase distortion which destroys the PR property. Hence, in
practica.l situations, techniques are needed to compensate for this ISI, so that the signal
is reconstructed perfectly in the absence of additive noise. Also, it is desirable that this

not require a. lot of transmitter power.

Suppose the taps of a channel model are known. It is natural to consider the design
of the synthesis and analysis filters such that, together witih the channel, the three form
a PR filter bank. Note that the channel has to be a part of the filter design, because
it is useless to have a éynthesis—analysis PR system due to channel distortion. This is
a very complicated problem in filter design. Also, a longer channel impulse response
(CIR) lgngth will require longer analysis and synthesis filters. Moreover, the channel is
time-varying, so that different sets of analysis and syﬁthesis filters would be needed to

eliminate ISI, which is not feasible in real-time due to sheer complexity.

Another approach is to design synthesis filters such that after the data has passed
through the synthesis filter bank, the resulting signal is a pulse that can be: transmitted

without ISL It is conceivable that such filters can be designed, given the channel. Recall
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that if the transmitter and receiver filters (Gr,z(f)) satisfy the condition

Cr(f)C(f)Cr(f) = Xve (f) €927t | ()

fhen ISI is eliminated. Here, X,c(f) is a zero ISI spectrum, such as the raised cosine
spectrum with an arbitrary rolloff factor and £ is the delay. For additive white Gaussian
noise, the optimum filters are thé matched ﬁlfers. Th1§ condiﬁon is naturally defined
in frequency domain. Sampling the corresponding time-continuous signals Grr(t),
obtained by the inverse Fourier transforr;l, results in the filter coefficients gr r. However,
as in the case of raised cosine filters, truﬁcation introduces error and zero ISI is never

perfectly satisfied using FIR digital filters.

”

The discussion of the previous chapter provides us with a solution that accomplishes
ISI-free data transmission without being dependent on the choice of the PR filter bank.
The multirate zero ISI filter system is simply inserted between the synthesis and analysis
filter bank. This resurrects the orthogonality property of FFT or DWT even in the

presence of channel!

4.2 DMT Solution

Cyclic prefix and bit loading algorithm are the two key components in DMT transmis-

sion.
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4.2.1 Cyclic Prefix

As discussed in Chapter 2, the orthogonal transformation employed by DMT transmis-
sion is the Fourier transform. DMT employs the rectangular pulse for data modulation
which maintains the orthogonality of the transform. However, a rectangular pulse has
sidelobe down to only -13 dB so that a given subchannel has significant overlap with
a number of its neighbouring subchannels. Thus, subchannel isolation is retained only
for channels which have virtually no distortion. Using nonrectangular pulses with DMT

will destroy the perfect reconstruction property of the Fourier transform.

The high degree of spectral overlap among the DMT subchannels is compensated
using a cyclic prefix that is inserted at the beginning of each transmission segment. If
the channel impulse response is of length v, the cyclic préﬁx of length at least v is used.
Then the effect of the channel, which is a linear convolution of the signals with the CIR,

appears to be a circular convolution. This ensures the independence of the subchannels.

A potential problem in the employment of the cyclic prefix is the overhead with
respect to the data rate v/ (N, +v). On highly dispersive practical channels v can be
large. The data rate loss due to the overhead may be reduced by making N, large, but

this implies large memory requirement dominating the implementation complexity.

A technique to reduce cyclic prefix overhead is to employ equalization techniques.

Hence, a TEQ is used to shorten the CIR duration, thus improving the bit rate. A
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2 > CR TEQ

» TIR

Figure 4-1: The TEQ: a block diagram.

r

block diagram of the TEQ is shown in Figure 4-1. There ;'—x.re severél proposals for the
design of the TEQ. For instance, a proposal is to linearly équalize the CIR to a much
shorter target impulse response (TIR) by the minjmum-mean—square-enor constraint
[13]. Specifically, the TEQ and TIR coefficients are chosen to minjmi-ze the mean square

-

of the error sequence ex = z, — T%.

Another criterion is to maximize the geometric mean of the SNR’s over all the sub-
channels, referred to as the geometric SNR. It has been shown that it is optimum for

the DMT system [16].

The major drawback is that the TEQ enhances the complexity of the receiver. Also,
the various ways of obtaining the TEQ usually result in the ‘optimiza.tion criterion that
is non-convex [16]. Such non-convex optimization problems are difficult to solve and any
solution obtained is not guaranteed to be ‘the global minimum. Also nose that perfect

equalization is not desirable for the TEQ as it leads to the enhancement of noise.
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4.2.2 Bit Loading

In considering the probability of error for a multicarrier system, the probabilities of
~ error for each of the subchannels must be considered. The average of the probabilities
of eﬁor for each of the subchannels is the probability of error for the system. Clearly,
subchannels with largest probaBilities of el;ror would dominate in such an average. A
bit loading algorithm attempts to ﬁaa.ke the probabiljty of error the same for all the

subchannels.

Consider a QAM constellation (centered at origin and with zero mean value) with
dmin being the minimum distance between points in the constellation, and all points

assumed to be equally likely. The energy of such a constellation is

r

E =_M_:__1.d2

6 min

(4.2)

per symbol. Strictly speaking, this is only true when b is an even integer, but is still an
accurate approximation for most cases of interest (see further discussion in [24]). The
above expression can be rewritten as

6E

min

M=1+

(4.3)
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The probability of symbol error in QAM is approximately given by

peae]-w[2]  w

where |C| is the channel gain. For instance, for (P./2)=10"" it is required that

N2
(dzmxo-n) = (145 + Ym — 7c)dB =3I'dB ' (45)

where «, and =, are the coding gain and margin respectively.

From the above, a simple bit loading algorithm may be written. For a given prob-
ability of error (ex., P, = 0.5 x 10~7), the number of bits that can be carried by QAM

is N r

b = log2 (M) = 10g2 (1 + S'I;:RC) (4.6)
where the channel output SNR, is given by
SNR El0F (4.7)
€T 902 ’

This analysis for QAM can be carried over to DMT transmission as the latter can
be viewed as an aggregate of ISI-free QAM subchannels, thanks to the cyclic prefix

that renders each subchannel independent. Then, for the ith subchannel, a simple bit
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loading algorithm is

J

SNR,;
b; = log, (1 + T ) (4.8)
where the quantity SNR,; is computed using
. l Cz’l2 gz' . '
SNRs === (4.9)

The b; are rounded off to the nearest number.

4.3 DWMT Solution

The DWMT system employs nonrectangular pulses with considerably lower sidelobes
(for instance 45 dB down). Such pulses are also rquired to satisfy the PR condition and
hence overlap in time. It is hoped that the high level of subchannel spectral containment
would reduce ISI problems. Thus, it has been shown that DWMT systems are more
robust with regard to ICI and narrowband channel disturbances than DMT [10]. This
can be attributed to the high degree of spectral containment present in the DWMT

subchannels.

. However, there is ISI introduced by the channel that spoils the perfect reconstruction.

Unlike the case of DMT transmission, cyclic prefix cannot be used to eliminate ISI. This
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is because of the overlapping nature of the transform; i.e., the analysis and synthesis
filter lengths are longer than the number of bands in the filter bank. As discussed below,

the equalizers needed are thus more complex than the 1-tap FEQ used in DMT systems.

‘Let s™ denote the symbol in symbol block ¢ that is transmitted on subchannel m.

For a fixed pair (my,4;), the detector output ;" has the form

6" =x+ Z Z o*sT (4.10)
i m '

where x denotes the contribution due tb noise, and o* depend on the channel and the
DWMT transceiver filters. Ideally, the only symbol with nonzero contribution in &
should be s:’:l In DMT this is possible due to equalization’and cyclic prefix. This is
not possible in DWMT, with or without perfect channel shortening (recall that perfect

shortening is not desirable as it enhances noise).

In order to address the effects of ISI in the outputs of the detector, the decision
statistic for a given symbol s;'* is obtained by combining linearly the outputs of several

detectors. The decision statistic s ! can then be written in the form

atsit + Z asi + : (4.12)

12,m2

where the primed double summation is over all pairs (i5,my) # (3;,m;). The first

term in the decision statistic is from the symbol of interest, the second term is the ISI
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contribution and the final term is the contribution from channel noise. It is demande..
that the signal-to-interference ration (SINR) in s_,"?f be maximized, where SINR is given

by

(“:?1,)2 - (4.12)
E’]+% () "

my __
71'1 -

From the above it follows that the process of obtaining the optimum ;Sost—detection
combining weight vector that maximizes the SINR is quite complicated; details are
presented in [10]. Moreover, these weights need to be computed for each subchannel,

which becomes complicated for any realistic case where M is very large (ex., 512).

Some of the complexity can be reduced by employing g TEQ for pre-detection équala
ization. This reduces the channel impulse response length, which lessens the ISI. Con-
sequently, the complexity of the post-detection combiner is reduced. Deépite that, the
" computational processing for the detection of each symbol is high, and the receiver

complexity is increased considerably.
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Figure 4-2: Perfect Transmultiplexer in the presence of channel.
4.4 Transmultiplexer Problem in the Presence of an

Arbitrary Channel ‘

Consider a data stream d (n), with z-transform D (z). In the perfect transxﬁultiplexer
(see Figure 2-2), the data stream first passes through the synthesis filter bank (upsam-
pled by M and then convolved with M synthesis filters Fy (2),k = 1,..,M and then
summed). and the output is X (2). In the absence of channel and noise, this output
is passed through the analysis filter bank (i.e., X (2) convolved with M apalysis filters
Gk (2) , and then downsampled by M) yielding the original data upto a delay, i.e,
z7iD(2). In the presence of qhannel (and noise), this relationship is no longer valid due
to ISI and attenuation. It is desirable to eliminate ISI. Here a solution based on the
discussions in the previous chapter is considered: an upsampling and downsampling by
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some M° (M “greater than 1, but otherwise arbitrary) and additional filters—transmitter
and receiver filters (F° (z) and G (z) respectively)— before and after the channel to

combat ISI.

Consider the problem of a perfect transmultiplexer in the pfesence of a channel
(modelled as C(2)) as éhqwn in Figure 4-2. The output of the synthesis filters is
X (2) as above. This is upsampled by M° and then convolved with the th.ret;, filters
(transmitter, channel and recei'ver) and then downsampled by M¢. Thus, the outputs
at the various stages prior to the analysis filter bank are X (M), X (ch) F° (2),
X (z2M°) F* (2) C (2), X (2M°) F* (2) C (2) G" () and X (ch) Fe (z) G* (z) | e respec-

tively. In order to ensure no ISI, it must be that

r

X (zM°) F (2)C ()& (2) e = 2755 (2) . (4.13)

This can be ensured by demanding that

F°(2)C (2) G°(2) | pe = 275 (4.14)

This condition is independent of S (z), as is desired, and hence the results obtained
in the previous section can be applied immediately.
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4.5 Modified Multicarrier Modulation Architecture

Recall that for the case M¢ = 2, the filters of minimal length are of degree (¢ — 1)
and satisfy only the zero ISI condition. For simplicity, the modified multicarrier mod-
ulation architecture is presented below for M° = 2; extension to the general case is

straightforward.

1. The transceiver filters are the same as before: IFFT and synthesis filter banks for

DMT and DWMT respectively.

2. Upsample by 2 the processed data. (i.e., output of data passed through the synthesis

filter bank).
3. Determine the CIR by means of a training sequence.

4. Then design a minimal length zero ISI filter; details discussed in the previous

chapter.
5. Pass the upsampled data through this zero ISI filter prior to transmission.

6. Upon reception, the received signal is downsampled by 2. If the channel had been

determined perfectly, the received data would be the transmitted data precisely.

7. This is then passed through the analysis filter bank, as before. The output is
precisely the original data if the channel impulse response is known exactly. If
the error is small, the simplest detection mechanism (finding the data closest in
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Euclidean distance to the received signal) would still yield “perfect reconstruction”

after passing through the analysis filter bank.

8. Repeat steps 3 and 4 frequently for time-varying channels.

4.6 Comments on the Multirate Solution

It is clear that the channel has to be estimated accurately to combat ISI by the multi-
rate algorithm (or for other solutions eﬁlployed in DMT and DWMT systems). Several
schemes for channel identification ﬁe known. An easy method is to use a periodic train-
ing sequence with period slightly longer that the CIR [25]. The reéeiver then measures
the channel output (averaged over several cycles) and then divides the DFT of the chan-
nel output by the DFT of the known training sequence. In other words, the channel

estimate in the frequency domain is

]

2 Y.
Cr=T >3 (4.15)
=1 "

where X, is the nth element of the DFT of the input training sequence and Y, is the

nth element of the DFT of the channel output on the ¢th cycle.

The CIR obtained from such a chann:l estimation scheme may be used as an input to

the adaptive multirate zero ISI system. In order to avoid increasing receiver complexity,

(6]



the multirate zero ISI filter is placed in the transmitter (i.e., P (z) = F°(2)). From the
CIR, the minimal length zero ISI filter may be designed; two simple algorithms were

presented, particularly one for the case of M¢ = 2.

As discussed earlier, the multirate system can be applied to the DMT system. Note
that ISI elimination is possible without the use of a cyclic prefix or a TEQ. Further, ‘there
is no noise enhancement since the filtering is done prior to transmission. This would
simplify the receiver structure. However, all this is trI;e assuming that the channel is
well known. So some residual ISI is still expected. But this suggests that the multiratg

zero ISI filter system can simplify the TEQ and the receiver significantly.

If the channel were known perfectly, the multirate zero ISI filter would eliminate
ISI in DWMT systems as well. In particular, no complex’ post-detection equalization
would be needed. This suggests that the inclusion of the multirate zero ISI filter would

significantly reduce the computational burden of the optimal post-detection processing.

An expected problem in the solution proposed is the increase in transmitter power.
It is expected that the multirate filter will increase the required transmitted power by
about 201log [|P|| , over the case of no such filter. However, the filter is more than just
an amplifier, because there is also an multirate samplipg involved which guarantees zero
ISI in the absence of noise. It is possible that less power might be needed because the
filter shapes the transmitted data to combat ISI. This is discussed further in the next

chapter where some simulation results are presented.
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Another problem is the size of the matrices that need to be inverted for determining
the multirate zero ISI filters. For instance, it is of the order of the CIR when M°¢ = 2.
The matrices do have some symmetries and are sparse, which could be exploited to

design faster algorithms for inversion of such matrices.

However, it is clear that ‘the.precoder design is much simpler than those proposed
in the literature. Usually, there are issues of rate of convergence 6f algorithm, stability
issues in algorithms proposed in the literature; there are no such issues in the proposed
system. The computational load is simply in the determination of a column of thé inverse
of a matrix formed from channel coefficients. The size of the relevant matrix decreases

with increase in upsampling/downsampling factor.
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Chapter 5

Simulations

5.1 Preliminaries

5.1.1 Cyclic Prefix and Multirate Zero ISI Filter Solutions

In the simulations, two ISI-elimination techniques for DMT transmission systems are
studied. One is the cyclic prefix solution and the other is the proposed minimal length,
multirate zero ISI filter solution with no cyclic prefix. These are incorporated in a DMT

system with an FFT (and hence block) size of 512.

Results are presented for data transmission with and without a bit loading algorithm.

When no bit loading algorithm is used, it implies that the standard DMT with cyclic
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prefix solution performance has been underestimated, but that is also the case for the

multirate zero ISI filter solution.

This is also done because there is a significant difference between the two meth-
ods of ISI elimination: there is also an 'upsampling and downsémpling in the proposed
multirate system, which is absént in the cyclic prefix method. As discussed below,
the optimum bit loading algorithm for the multirate system is not obvious due to the

upsampling/downsampling.

A comparison with the standard DWMT receiver was not undertaken due to the
complexity of the post-detection prdcessing. This is also being ipvestigated in detail
elsewhere by N. Tressler at the BARLO group in the University of Ottawa. However,
the performance of any system equipped with the same multirate zero ISI filters, be it
a DWMT system or a DMT system, is the same under additive noise, when there is
no bit loading algorithm, assuming model of the system to be as in Chapter 4. This
is because the underlying ISI elimination method is the same and depends only on the
channel énd not on the particular PR transceiver filters. So results for the multirate
system here reflect its peiformance in other PR transmultiplexer systems, when no bit

loading is done.

For simplicity, only the case M° = 2 is considered for the multirate zero IS! filters
and results are presented for the case of binary signalling. An example is provided to

show why higher values of M* (for minimal length ﬁltérs) may not offer any improvement

79



over the M°¢ = 2 case.

5.1.2 SNR

’i‘he SNR is defined as the mean energy of the tranémitted signal prior to transmission
over channel divided by the noise variance. In particular, this means that when systems
with thg zero IS filters are considered, the signal energy is calculated after the signal
has passed through the transmitter filter (note that the multirate filter system chosen
is sﬁch that there is no receiver filter, i.e., P(z) = F¢(z)). This takes into account
the amplification produced by the fransmitter filter. Thus, the SNR is calculated by
calculating the total energy of the signal (prior to passing through channel) and then
dividing it by the number of input data. Note in particula.r,that an upsampling by 2 in
the multirate zero ISI filter configuration (fof M¢ = 2) leads to a 3dB loss in SNR in

such systems.

5.1.3 Bit Loading Algorithm

A simple bit loading algorithm was presented in the previous chapter (see also [24], [26]).

This bit loading algorithm is for standard DMT system is given by
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Figure 5-1: A sample bit allocation for the DMT subchannels, based on a bit loading
algorithm. :

(5.1)

b; = log, (1 + SA;,Rd) .

As an example, the margin is set at 6 dB with no coding gain. The bit assignments are

illustrated in Figure 5-1.

It should be pointed out that this bit loading algorithm is not optimal for the mul-
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tirate system: This is because therg is an upsampling (and a transmitter filter) prior
to transmission through the &@el. The upsampling by M* results in a signal whose
spectrum is an M°-fold periodic repetifion of the input signal spectrum. _.Thus, it is not
obvious what the optimum bif; loadjng is for this case. In fact, thé above bit assignment
led to a poorer performance of the multirate system as compared to whéﬁ no bit loading
was done. Thus, for simph:city, no bit loading algorithm is used for the multirate zero

ISI filter system.

5.2 Choice of Filter

‘It is desirable that the multirate zero ISI filter (P) satisfy two conditions:

o The energy of the filter be 0 dB; i.e., ||P|| = 1.

e The filter also satisfy the single rate zero ISI condition; i.e., ||PC|| = 1.

Neither of those conditions can be satisfied for any realistic channel. The first con-
dition cannot be satisfied because of channel attenuation. Some amplification is needed

to compensate for channel attenuation.

The second condition can never be satisfied for any FIR P (z) as the condition

P (2) C(z) = z~ implies an overdetermined systems of equations. In other words, the

82



best choice among the minimal length multirate solutions is the one ‘closest’ to satisfying
P(2)C(z) = 27, (5.2)

Note that multirate zero ISI condition (which all multirate zero ISI filters satisfy) is

much less restrictive since it only demands that
C(2) P (2) |ipe = 27 (5.3)

The condition in Equation 5.2 cannot be valid in general for it leads to a system of

linear equations with more equations than unknowns.

So it is reasonable to impose that condition that the filter be as close as possible to
satisfying the two conditions. That is, the following two constraints can be imposed for

better performance under additive noise:

e Minimize ||P||.

e Minimize ||PC]||.

Recall that there is a minimal length multirate zero ISI filter P; (2) corresponding to
a different delay. In that case, a criterion that is reasonable to adopt is that we choose
the filter P, (2) among the set of all possible minimal length multirate zero ISI filter that
minimizes || P|| and ||PC]|.
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It is possible that different filters minimize ||P|| and ||PC]||. Several criteria can be

fadopte'd to pick one among them such as,

e min;(a||PC||+ (1 —a)||Fi|]), where 0 < a < 1.

« ming (1/alIPCIP+ (L= @) [AIF ) with0 < a <1

In our simulations, it was found that filters that satisfied one condition, say min ||P||,
are also close satisfying‘ the other condition, min||PC||, and performed similarly under
additive noise. This can be intuitively understood from the fact that filters with least

energy are not likely to have very large values of ||PC||, and vice versa.

The criterion adopted in the simulations is to choose t1'1e filter closest to satisfying
the single-rate zero ISI condition (min; ||P,C||). The reason for the choice is to choose
the best filter from ISI point of view. It is expected that the algorithm will not perform
very well when || PC|| is very large compared to the ideal || PC|| = 1. Further, for better
performance, in terms of SNR for a given error probability, it is also expected that the

multirate solution will not fare as well if ||P|| is very large (for example, of order 102 or

higher). This expectation is confirmed by experiments.

The above discussion immediately suggests that non-minimal length multirate zero
ISI filters can further improve ISI-elimination capability. This is because the additional
degrees of freedom can be used to find the filter that simultaneously minimizes ||PC||
and [|P||. In this thesis, only the minimal length case is discussed.
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Figure 5-2: A linear phase FIR filter with 64 taps.

70

Finally, these filters are clearly not optimal; that would require matched transmitter
and receiver filters. That is, identical filter coefficients occur in both filters, but in time
reversed order with respect to each other [1]. Such filters, also satisfying the multirate

zero ISI condition, are harder to design.

5.3 Example 1: A Linear Phase FIR Channel Model

In the first example, the channel is a linear phase FIR model [27]of the twisted pair
channel for ADSL with sampling rate of 2.2 MHz and for a 1 km line. In Figure 5-2, the

channel taps in this ADSL-inspired 64-tap model is plotted.
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Figure 5-3: The corresponding minimal length multirate zero ISI filter with L¢ = 32.
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Figure 5-4: Magnitude and phase response of filter in Figure 5-3.

The corresponding (best choice) minimal-length multirate zero ISI taps are shown
in Figure 5-3. The frequency response of the filter is shown in Figure 5-4. The filter
also is linear phase. It has the characteristics of an emphasizer; it suppresses the low
frequency components relative to the high-frequency part to undo the effects of channel

attenuation. However, recall that there is also an upsampling/downsampling involved

that is crucial for zero ISI.

In Figure 5-5 is shown the bit error rate (BER) for the two systems as a function
of SNR. In the simulations, the power in the channel noise at the receiver is set to -30

dB. The results for cyclic prefix are marked by ‘o’ (without bit loading) and ‘x’ (with
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Figure 5-5: BER vs SNR for linear phase channel model (‘+’,zero ISI filter, ‘*’ bit-loaded
DMT, ‘0’ DMT without bit-loading).

bit loading), and those for the multirate filter by ‘+’. In this case, it is seen that the

cyclic prefix solution outperforms the multirate solution at low SNRs. The use of a bit

loading algorithm clearly improves the performance. However, at high SNRs ( BER of

order 10~ or less), the performance of the multirate method is comparable to the cyclic

prefix method with little increase in transmitter power requirements. It is found that

||P|| = 4.65 and ||PC|| = 1.3, which makes plausible the relatively good performance.

Note tha‘ no cyclic prefix has been used when the multirate solu:ion is implemented.
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Figure 5-6: A model of a 1km ADSL channel with bridge taps.

5.4 Example 2: An ADSL Model with Bridged Taps

In our next example, 'the channel model is a more realistic ADSL channel model with
bridge taps (see Figure 5-6) [28]. This models 300m and 130 m bridge tap at 800m and

900 m of a 1km AWG 26. The frequency response of channel is plotted in Figure 5-7.

The filter coefficients of the zero ISI filters for this channel are plotted in Figure 5-8.
Note the relatively large variation in the magnitude of the filter coefficients. This follows
from the large variation in the channel tap magnitudes. The frequency response of this

zero ISI filter is in Figure 5-9.

In Figure 5-10 is plotted the probability of error vs the signal-to-noise ratio for DMT
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Figure 5-9: Frequency response of filter in Figure 5-8.

with cyclic prefix and DMT and DWMT with the zero ISI filter mentioned above. The
performance of the multirate solution is cbmparable to the cyclic prefix solution with
bit loading algorithm at lower BERs ( of order 1072 or less) for a slight increase (about

1 dB) in transmitter power. This can be understood from the fact that ||P|| = 35.( also

|PC|| ~ 1.33).

5.5 Example 3: Large ||P||

As an example of where the multirate solution underperforms, consider the channel in
Figure 5-11. For this channel, ||PC|| = 2.62 ard ||P|| ~ 145. This is not expected to

perform as well due to the relatively large value of || P}|.
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The corresponding multirate zero ISI filter is shown in Figure 5-13. The plot of
probability of error vs SNR confirms the expectation that the cyclic prefix solution
(marked ‘o’) is mnch better than the minimal length multirate zero ISI filter for this

channel. The increase in transmitter power needed for the multirate system at BER

1072 is about 10 dB.
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5.6 Example 4: Different Choices for M¢

There are an infinite number of possible multirate zero ISI filter systems that eliminate
ISI for a given channel impulse response for any M° > 1.In general, the only requirement
for a possible zero ISI filter is that the filter length exceed a certain minimum, as specified
in Theorem 3 Furthermore, there are several possible solﬁtions even for the minimal

r

length multirate zero ISI filter.

It is expected that a larger value for M*° will introduce a larger overhead. As an
illustration, a channel of impulse length 25 is chosen. The values for M° are taken to
be 2 and 5. The channel model taps are shown in Figure 5-16. This ci1anne1 is a linear
phase FIR model of the ADSL channel. The magnitude and phase response of this

channel is shown in Figure 5-16.

There are two different of minimal length, multirate zero ISI FIR filters. Figure 5-18
shows the taps for the case M¢ = 2 and the taps for M¢ = 5 case 1s shown in Figure 5-
19. The values of (||P||,||PC]||) for the two systems are (1.14,5.08) and (1.22, 3.24) for
M¢ =2 and M° = 5 respectively. Note that the higher the sampling frequency, smaller
is the length of the zero ISI filter, and less is the computational load in calculating it.
The BER is plotted as a function of SNR for the two systems in Figure 77, and it is

clear that the M° = 2 system requires less transmitter power.
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5.7 Additional Comments

It should be pointed out that the multirate solution assumes that the channel is known
{rery well, but the CIR can be of arbitrary length. However, the longer the CIR, the
larger is the size of matrix that needs to be inverted. The cha.nngl needs to be estimated
accurately for the cyclic prefix solution (the FEQ, in particular), but it is also required

that the CIR length not exceed the length of the cyclic prefix.

It was observed that the multirate zero ISI filter xﬁethod of combatting ISI can
perform as well as the cyclic prefix solution without é,ny significant additional transmitter
provided that ||PC}| = 1 and || P|| ~of order 10; for larger values, the multirate solution
requires higher transmitter power. Also, it has been asgumed that the matrix to be
inverted is not singular, as discussed in the previous chapter. It was also found that the
case M*¢ = 2 is likely to be of most interest due to its simplicity and lower transmitter

power requirements.

Note that only the minimal length filters were studied. So there is no degree of
freedom left over for better filter design (for instance, minimizing [|PC|| and ||P||). It
is likely that better performance will be obtained from filters of non-minimal length.

Neverthless, it is encouraging to note that even the minimal length filters perform quite

well.

It should be emphasized that the proposed multirate method is much simpler than
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the conventional DMT systems that employ a ATEQ. No cyclic prefix or precoder is
required for the multirate system. There is some increase in required transmitter. power,
the precise amount depends on the channel. However, the receiver complexity is reduced
considerably as no cyclic prefix, TEQ or FEQ are neéded. The proposed system is also

simpler than the precoder studied in the literature (for example, [17]).
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Chapter 6

Conclusion

The problem of intersymbol interference arises when transmitting data over non-ideal
channels. Such channels introduce amplitude and phase distortion. It is a classic problem
in digital communications and there are some well-known solutions, such as those based
on raised cosine filters. However, due to necessary truncation, zero ISI is maintained

only approximately in such implementations.

A multirate system proposed by Chevillat and Ungerboeck is intrinsically digital
and guarantees zero ISI in the absence of channel and noise. In this multirate system,
the input data is first upsampled by some positive integer (M°) and then filtered by
an appropriately designed transmitter filter. Upon recéption, the received sequence is

filtered by the matched receiver filter and then downsémpled. The M°-downsampled
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convolution of the transmitter and receiver filters is required to satisfy the zero ISI

condition, i.e., it satisfies the ‘multirate zero ISI condition’.

Summary of Contributions

The work of Chevillat and Ungerbqeck focussed on ’optimum transceiver FIR filters
(i.e., matched transmitter and receiver filters) over an ideal channel. In this thesis, their
work is extended to the case of an érbitra.ry, non-ideal channel. As before, the data is
first upsampled by M* and then filtered by the transmitter filter. The received data.
is then also filtered by the receiver filter, after it has passed throuéh the channel. The
convolution of the channel and the transceiver filters now.satisfy the multirate zero ISI

condition.

This analysis leads to the design of zero ISI filters for any M°>1. Based on this, two
simple adaptive algorithms for computing minimal length zero ISI filters were presented.
A potentially useful algorithm is applicable for channel of arbitrary length (c) and M ¢ =
2 and requires the computation of the inverse of an (¢ — 1) X (¢ — 1) matrix formed from
the channel taps. This gives one of the infinitely many possible non-minimal length zero

ISI filters.

Intersymbol interference is a serious concern in multicarrier modulation systems such

as the DMT and DWMT transmission systems. The problem is that channel distortion
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destroys the perfect reconstruction prc.>perty of the perfect reconstruction filter bank,
even in the absence of noise. »In the proposed modified DMT/DWMT architecture,
the multirate zero ISI filter system is placed between the synthesis and analysis filter
banks of the transmultipiexer in DMT/DWMT system. In the absence of noise, perfect

reconstruction is recovered because of the multirate zero ISI filters.

In the prévious chapter, some simulation results were presented. It was found that
that even the (non-optimum, but best choice) minima.l'length zero ISI filters can perform

as well as the cyclic prefix method without any significant increase in transmitter power.

Future Research Issues

The work in the thesis can be extended in several ways. For instance, it wouldr be
interesting to investigate the performance of the proposed multirate system on other
realistic channel models. Also, most of the experiments were done with M¢ = 2. The
issue of optimum M°® (perhaps, channel dependent?) needs to be explored in greater

detail. -

The results in the previous chapter were based on the minimal-length multirate
zero ISI filters, which determined the filter uniquely for a given delay (L¢) and upsam-
pling/downsampling (M®). It is clear that non-minimal filters will yield better perfor-

mance, since there will be some filter taps which will remain unspecified by the muitirate
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zero ISI condition. These unspecified taps can then be used for better filter design, such
as minimization of the energy of the multirate zero ISI filter. Methods for adaptive

design of better non-minimal filters need to be studied.

The filters studied in the thesis were not optimum. As discussed in the thesis,
design of optimum matched filters is harder, since it involves the solution of a system of
quadratic equations. It is useful to investigate and see i_f the problem can be reformulated

so that it is possible to design optimal multirate filters adaptively.
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