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Abstract

Echoes are due to impedance mismatches in the hybrid transformer of the sub-
scriber loop. A solution to the echo problem is to use an adaptive FIR (AFIR) echo
canceller to simulate the echo path impulse response. Due to the long tail of the echo
path impulse response, high order AFIR echo canceller is needed. In this thesis, the
problem of computationally efficient design for echo cancellers is studied. This thesis
contributes a computationally efficient echo tail canceller. The proposed structure
is an adaptive version of the Interpolated FIR (IFIR) filter. The results obtained
with this new approach are compared to those obtained with an AFIR direct form
echo canceller. The results show that significant savings in the required number of
arithmetic operations can be at.'tained. The proposed system requires approximately
31% of the hardware of the AFIR echo canceller.

A two-stage echo canceller utilized in the U-interface at Basic Rate Access-1SDN
is investiga.te;l”. The first stage (Main Echo Canceller) is comprized of an AFIR filter
which cancels the main echo pulse amid the first few symbol intervals. Cancellation
of the echo tail is performed by the AIFIR tail canceller. In this thesis, 60 dB ccho
cancellation accuracy was selected as the performance requirement to be met by the
proposed two stage canceller. To evaluate the performance of this architecture. echo
impulse responses were produced for the Bellcore loop structures. Adequate echo
cancellation performance (60 dI3) was achieved [or various Bellcore loops. Sinnila-
vions were carried out to investigate the performance of the proposed two-stage echo
canceller. These investigations were on the cffects of parameters such as the pass-
band edge and the stopband attenuation of the interpolator as weil as length of the

first stage echo canceller. The performance of a compromise interpolator was also

investigated.
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Least Mean Squares

Adaptive Reference Echo Canceller
High Pass Receiving Filter

Infinite Impulse Response -

Recursive Running Sum

Exchange Carrier Standard Association
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Nomenclature

Tn Uncoded data symbols
Near-end data vector

Echo path vector, main pulse

X

B

T Echo path vector, tail pulse
C Main EC tap vector

H

Tail EC taps vector

Ta Received signal

d,, Desired response

Sn Far-end signal plus noise
¢, Residual uncancelable echo
€n Error signal

Tap error vector, main canceller
Tap error vector, tail canceller
Expectation operator

Ay Gradient operator

Tn Gradient estimate

.7 Variance of x

LN

| X || Euclidean norm of vecior X

I Adaptation step-size

I8



n

Nt

Time index

Filter order

Order of main EC

Order of sparse filter

Order of interpolator filter
Interpolator filter transfer function
Sparse filter transler function
Interpolation factor

Number of non-zero taps in the F(Z*)
Number of taps in G(Z)

A vector of non-zero taps of F(Z%)
A vector of G(Z) taps

Interpolator filter transfer function
Input data matrix

The inner product vector

An element of an inner product vector
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Chapter 1

Introduction

With the recent technological advances in digital transmission and switching in the
telecommunications field, the evolution towards the Integrated Services Digital Net-
work (ISDN) is well under way. The ISDN will provide end-to-end digital connectivity,
along with increased capability, flexibility and reliability of services to the telecom-
munications user.

In order for Basic Rate Access (BRA), the initial phase of the ISDN , to be suc-
cessful, the efficient and economical implementation of the digital subscriber loop!
(DSL) on existing metallic. two-wire transmission media is of basic importance. Fur-
ther to this. the successful deployment of the BRA-ISDN DSL will depend on the
cost-effective implementation of its components, the principal one being the ISDN
U-interface.transceiver VLSI chip.

There are several interfaces that provide the ISDN basic rate access at the physical
layer. The physical interfaces for the basic rate access are shown in Figure 1.1, [l].
OF these, the two most important are the S-interface and the U-interface. The S-
interlace is lor transmission within the customer premises (residential, business. or
o a private branch exchange to the telephone instrument).

The S-interface uses separate wire pairs for the two directions of transmission

between the network termination (NT') and terminal equipment (TE). The S-interface

"The DSL is basically the transniission line between Lhe subseriber and the centeal office, including
the U-interface ternsceivers al each end.
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Figure 1.1: Block Diagram of ISDN Basic Rate Access.

line rate is 192 kb/s [2] (i.e. 144 kb/s plus 48 kb/s for framing). The U-interface is
used for the connection of central office to the customer premises. The U-interface
describes the full duplex data signal on the two-wire subscriber loop between central
office line termination (LT) and customer premises network termination (NT).
ISDN basic access consists of a 2B+D format, with a total channel capacity of
144 kb/s. Each of the B channels has a capacity of 64 kb/s and will be used for
voice/data (including graphics and video) transmission, while the 16 kb/s D channel
is planned for signaling jurposes. The U-interface line bit rate of the system is 160
kb/s, including a framing signal of 12 kb/s and a maintenance channel of 4 kb/s.
‘The method chosen to obtain full duplex transmission at the U-interface is the echo
cancellation technique, since it has greater range than Time Compression Multiplex-
ing (TCM) due to narrow bandwidtl, less cable attenuation, and reduced crosstalk
coupling. Figure 1.2 shows the echo cancellation method. The proposcd Leinterlaee
e code is 2B81Q (2 binary. | quaternary), This is a 1-level pulse amplitude modn-
lation (PAM) code with zero redundancy [3]. Thus the proposed symbol rate at the

(-interface is 80 kbaud. A block diagram of a typical echo cancellation transceiver?

“0.g., MC145472, a single chip implementation of an ISDN U-transceiver 4].




is shown in Figure 1.3 . The transmitted data is scrambled to ensure sufficient timing
information® and also to ensure that data signals in the two directions are uncorre-
'lated (correlation would bias the echo canceller adaptation). The 2B1Q symbols are
formed in the encoder block and passed as symbols to the D/A converter. The trans-
mit filter converts two bit 2B1Q symbols into filtered analog voltage levels to drive
the DSL via a coupling circuit. In the receive direction, the receive filler prevents
noise aliasing in the subsequent sampling. An echo canceller is used to cancel the
echo of the local transmitter. A Decision Feedback Equalizer (DFE) [3] is used to
cancel the far-end data intersymbol interference. A timing recovery circuit recovers
the proper phase/frequency of the receive sampling in relation to the received data
symbols. The most critical issues in the design of the transceiver are Equalization,

Timing Recovery, and Echo Cancellation.
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Figure 1.2: Block diagram of echo cancellation technique.

*The scrambler will break up long sequences of zeros which have no timing information.
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Figure 1.3: Block Diagram of DSP Transceiver Architecture,



« Equalization Techniques:

Dispersion caused by the /f attenuation and bridged taps of the DSL makes
adaptive equalization necessary. One of the drawbacks of linear equalization is
the noise enhancement when there are spectral nulls caused by the bridged taps.
Adaptive equalization with reduced complexity and with less noise enhancement
can be achieved by using a DFE. Based on the past decisions on the transmitted
data, # DFE generates the estimated ISI and subtracts it from the received
signal. Since the estimation of the ISI is based on past decisions, the DFE is
effective only in eliminating post-cursor ISI and cannot reduce the precursor ISI.
Unless special care is taken [6), [7] a linear equalizer is necessary in conjunction
with the decision feedback equalizer to remove both the precursor and post-

cursor ISI.

o Timing Recovery Issues:
Timing recovery involves recovering the frequency of the data signals trans-
mitted from the other end and determining the sampling phase. The sampling
phase is important because most equalizers (linear equalizer and DFE, for exam-
ple) are sensitive to the sampling phase. The timing jitter, random fluctuation
in the recovered clock, must be minimized since it affects the accuracy of the
echo cancellation [3]. [9]. Only discrete-time timing recovery techniques are
considered suitable for the DSL application due to the requirement of cconomic
integrated circuit implementation. Since timing recovery is performed after
echo cancellation, and the hardware complexity of the echo canceller increases
linearly with sampling rate, the sampling rate must be as low as possible in

order to limit the complexity of the echo canceller,
o Echo Canceller Design Problems:
1. a high degrec of accuracy is required.
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. a.long echo pulse tail necessitates many tap coefficients.

3. timing jitter produces a time-varying echo response and imperfect cancel-

lation.
4. nonlinearities degrade linear (transversal) echo canceller performance.

5. adaptation must be continuous, in the presence of far-end data.

1.1 Problem Statement

The echo canceller is one of the most important blocks in the transceiver of Figure 1.3.
Echoes result from imperfections in the hybrid transformer? of the subscriber loop:
impedance mismatches, changes in wire gauges at junctions which of which cause
reflections, and bridged taps in multiple subscriber loop configurations which can
produce reflections. Figure 1.4 illustrates a simplified model of a hybrid transformer.
If Z,,; is matched to the channel impedance Ziin. , the receiver will be isolated from the
transmitter and no echo is generated (i.e., the hybrid will provide infinite loss; Trans-
hybrid Loss = log %&z_ﬂ Since this complete isolation of the receiver from
the transmitter requires that Z,; to be matched to the channel impedance Ziin, at all
frequencies, it is obviously not achievable and some echo will always exist. Since, the
hybrid transformer does not pass d.c., we end up with a main echo impulse response,
large in magnitude for short duration followed by a tail echo response of smaller
magnitude and longer duration. The echo impulse response is also alfected by the
loop length. line gauges. and bridged taps.® The overall response can e classilied

into three different regions:

o A first region in which the eclio response has Targe magnitude and shape widely

varing {from loop to loop.

¢ A second region in which the echo response has a pseudo exponential nature.

1A detailed guide of transformer circuits and parameters ean be found in [111).
" Appendix A contains Bellcore loop configurations. .

25



¢ A third region in which the echo response can be approximated as an exponential

function (tail section).

In this thesis, an adaptive transversal FIR filter representation for the first and
second regions is used. The tail region is then modelled as a narrow-band low-pass
response. In order to achieve adequate echo cancellation performance, the echo tail
response must be dealt with efficiently. The objective of this thesis is to propose an
efficient echo tail cauceller. In Appendix A, we derive the model for the hybrid cirenit

with the subscriber line.

Transmitter

' + *-
O Z}ine \ l 2-Wire Line

Receiver

Figure 1.1: Simplified diagram of a hybrid transformer.

There has been a nuinber of published designs that deal with the cancellation of
the echo tail respouse-(sce seetion 2.4 for details). In current U-transceivers, a popular
method is to simulate the echo tail of the echo path response with a fixed pole fivst-

order IIR (infinite impulse response) filter or filters, with adaptive gain [33], [801-[83],
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[108). The value of the fixed pole is calculated from the d.c. cutoff characteristics
of the hybrid. Due to the fact that the echo tail response decreases very slowly. an
[IR filter with large time constant (pole near the unit circle} is required. Thus. this
lilter requives high precision implementation. In [33], {30]-[83], high-pass receiving
filter was used to shortten the echo tail. This filter does allow more of the eflects
of noise and crosstalk. Consequently, the performance of the forward equalizer is
compromised. In [82], the use of (1 — D) filter caused at least 3 dB degradation in
the overall SNR of the transceiver. In [109], an IIR filter with adaptive pole(s) has
been used to approximate the echo tail response. However, complicated adaptation
algorithms are required to maintain stability during adaptation. In all of the above
methods, a compromise balancing network is needed to provide at least 15 dB of ccho
power reduction.

With our approach, the need for a precise compromise network and high pass
receiving filter is eliminated. The proposed tail canceller is an adaptive version of
the interpolated FIR filter (IFIR) introduced in {10]. 1t is based on providing a long
impulse response using fewer coefficients and making use of the special properties
of narrow-band frequency response filters. The computational efficiency and perfor-
mance of the adaptive Interpolated FIR (AIFIR) filter [10] will be shown. Trade-ofis
between complexity and performance are emphasized. A simple block diagram of the

proposed system is illustrated in Figure 1.5. A detailed system block diagram is given

in chapter 4.

1.2 Thesis Organization

"This thesis is organized in 6 chapters. Chapter 2 reviews transmission issues for ISDN
Basic Rate Access, echo canceller, and echo tail suppression techniques. Chapter 3
presents the theory of the Interpolated FIR (IFIR) filters. Chapter 4 proposes the

adaptive Interpolated FIR (AIFIR) echio tail canceller, Chapter 5 presents the simme-
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Received symbols
<

Figure 1.5: Block diagram of the proposed two-stage echo canceller.

lation results of the proposed system. Finally, the various conclusions and extensions

for further work are presented in chapter 6.

1.3 Conclusion

In this chapter, we reviewed the ISDN Basic Rate Access. A great advantage of
ISDN is that a variety of services (voice, data, or image) can be digitized or processed
locally and transmitted on the same digital loop, the DSL. The concept and overview
of DSL transmission were introduced. The S-interface is for transmission within
the subscriber premises. The S-interface line bit rate is 192 kb/s. The U-imerlace
conneets Lhe serving center line termination (L1) to the customer premises network
termination (NT). The U-imerlace line bit rate is 160 kb/s and symbol rate is 8t
kbaud. The transmission scheme that has been chosen to achieve full-duplex at the

U-inerface is the echo cancellation method. Moreover, the chosen U-interface line

code is 2B1Q).
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Issues and challenges affects the design of the U-transceiver were briefly outlined.
Of these, 2B1Q signal is rich in low frequency content. That leads to long echo tail.
Therefore, without any special solution for the echo tail pulse, a large echo canceller
is required. In this thesis, we propose a computationally efficient tail echo canceller
employing AIFIR filter to reduce the complexity of the overall echo canceller. The
performance of the proposed canceller is investigated in chapter 5. Satisfactory echo

cancellation performance was achieved by this new structure.



Chapter 2

Review of Transmission Issues for
ISDN Basic Rate Access

[t is the intent of this chapter to summarize the issues concerning the Basic Ratc
Access-ISDN (BRA-ISDN) and echo cancellation. The proposed U-interface bit rate
is 160 kb/s. The U-interface transceiver design is complicated due to crosstalk, ISI,
echo, and impulse noise. In this chapter, we begin by presenting a brief overview of
the various DSL impairments that are present on the loop plant. The second issue to .
be discussed is the ISDN basic rate access transmission techniques (i.e., the selection
of the transmission method and the line code). The technical reasons that led to the
selection of the Echo Canceller Hybrid (ECH) transmission method and the 2B1Q
line code are outlined in section 2.2. A comparison of various line codes proposed for
BRA-ISDN is given in subsection 2.2.1. Special emphasis is placed on 2B1Q line code
characteristics and the implementation design challenges it imposes ou the transceiver
system design. In section 2.3, a review of the prineiples of echo cancellation is given.
This review includes a mathematical treatment of linear and nonlincar echo canceller,
and recent schemes in echo cancellation are simmarized. The analysis of the linear
echo canceller is utilized later in deriving the convergence behavior of the suggessted
AIFIR structure. In section 2.4, an overview of many techniques that deal with the
cancellation of Lll(;i'écllo tail is presented. Concluding remarks on this chapter are

. given in seclion 2.5.
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2.1 Impairment Constraints of the DSL Trans-
mission Medium

Becuuse the overall transmission performance of the DSL is greatly affected .I)y the
environmental impairments of the physical loop plant , it would offer tusight to the
relevant DSL design issues by studying what the DSL impairments are, and what
specific effects they have on the DSL’performance. We will now describe the various

environmental impairments that are present in the DSL.

—

Crosstalk

Crosstalk is mainly due to the capacitive coupling between DSL wire pairs (i.c, Lrans-
mission lines). There are two types of crosstalk mechanisms: near-end crosstalk
(NEXT) and far-end crosstalk (FEXT) (see Figure 2.1). Of all the loop plant im-
pairments , NEXT is the problem which represents the most significant constraint on
a DSL [11], [12]. NEXT is basically crosstalk between local transmitter to receiver,

with a frequency-dependent transfer function of:

|Hyexr(D)] = Knextlf [P (2.1)

The constant Kygxr has been empirically determined to be 0.88 x 107! which
represents 99% worst case NEXT loss of 57 dB at 80 kHz for 49 disturbing pairs [13],
[14]. On the other hand, FEXT is regarded as crosstalk between a Jocal transmitter

and a distant receiver at the other end of the DSL. FEXT has a frequeney-dependent

transfor flunetion ol

iHrexT(f) = KrextICUOPIS P (2.2)

Where C(f) is the transfer function of the subscriber loop . The constant K pexr
has been empirically determined to be 2.60 x 107¢ which represents 99% worst. case

FEXT loss of 33 dB at 3.15 MHz for 49 disturbing pairs [13], [14].
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Since both forms of crosstalk increase with frequency, it is desirable to minimize
the transmission bandwidth of the data signal. This can be achieved by appropriate

low-pass filtering or by the choice of a line code with small bandwidth {13], [16].

RCV FEXT FEXT ,
$ '
NEXT EXT
E;
RCV ! RCV

Figure 2.1: NEXT and FEXT Crosstalk on the DSL.

Impulse Noise

This impairment, consisting of infrequent, high energy noise bursts, is due mainly
to switching transients from relays of electromechanical switches in the central office
and/or by lighting. Impulse noise varies substanially in frequency of occurance, inten-
sity, and characteristics from location to location [17]. The energy in many impulses
is concentrated in a band below 50 kHz, but this is not always the case. Impulsc
noise peaks in the range 10 mV to 40 mV were found to occur as often as every 6
seconds on some central oflice loop terminations and 1wo to three times a minute

al the subscriber premises. Mean durations of impulses ranged [rom about 30 jis Lo

about 100 s [18].

Intersymbol Interference (ISI)

This impairment is due to transmitted data pulse dispersion over the band-limited

D51 channel. From the Nyquist Criterion for zero [S1. the required minimum band-
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width on the data signal is equal to half the baud rate. However, it would be desivable
to have excess bandwidth, since this yields faster decaying signal impulse responsc.
with reduced ISI, and a wider horizontal ‘eye’ opening. This corresponds to an in-
creased immunity to timing jitter and, thus, easier timing recovery at the receiver
[19], [20]. On the other hand, a larger bandwidth does allow more NEXT contami-
nation of the digital signal. Recall that NEXT, one of the significant impairments.
has a power spectrum increasing rapidly as frequency increases. [t is anticipated that

post-cursor ISI will be essentially canceled out by a DFE.

2.2 ISDN Basic Access Transmission Techniques

At present, much current research is showing that the key to the success of BRA-ISDN
will be the economical deployment of the DSL on the two-wire loop plant. Since it
will be a few years before the metallic two-wire medium is fully replaced with fiber
optic cables [21], the present VLSI technology and digital transmission techniques
(e.g., line codes ) will have to accommodate BRA-ISDN data rates of up to 160 kb/s
on the existing two-wire loop environment. At such high BRA-ISDN data rates,
the two-wire medium (originally intended only for voice transmission) imposes severe
constraints on the design of the DSL (e.g., selection of transmission technique and
line code} and its components (e.g., U-interface transceiver chip). Next, we will give

a comparison of the various line codes that were proposed for DSL transmission.

2.2.1 Comparison of Line Codes for DSL

The choice of a line code for the DSL is of paramount importance because the prop-
erties of the line code affect the complexity aud performance ol the other DSL con
ponents, The requirement of a small concentration ol low-lreguency power in the
line code is because such long echo tails require more complex echo cancellation. On

the other hand, the requirement to avoid high-frequency content in a line code is
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due to the fact that a signal is attenuated to a greater extent at higher frequencies,
which, consequently, would require more complex equalization. In addition, a small
line code bandwidth is desirable in minimizing the signal susceptibility to crosstalk
noise. In the formulation of the U-interface standards by the ECSA/TlDl.S',. tmany
line codes and variations of line codes were studied?. This subsection is a review of
the attributes® of line code characteristics that led to the selection of the 2B31Q line
code as the North American Standard. 2B1Q line code was determined to have the
best performance/complexity tradeoff of the proposed line codes. NEXT is the cru-

cial factor used by the ESCA in selecting the 2B1Q line code as the North American

Standard [34). The most important line codes considered were (see Table 2.1)

o AMI

Alternate Mark Inversion (AMI), transmits the data zero with no pulse (i.e., no
encoding) and a data one with alternating positive and negative pluses. Because
of this pulse alternation, the AMI code is d.c. balanced (i.e.,-.i""h contains a zero
at d.c.). Its baud rate is equal to its information rate. Simulation studies of the
NEXT performancg of the AMI code showed that AMI code falls about 2 dB
below MDB [34].

« MDB

In Modified Doubinary (MDB).! every information bit is represented by two
pulses of opposite polarity with a zero pulse in the baud interval between them.
Simulation studies of the NEXT performance of the MDB cade indicated tha

its NEXT performance was 2 to 3 dB poorer than 38327 or 4337 [34)].

'Exchange Carrier Standards Association/Committee T1D1.3 is the organization respousible for
setting the US standard for the U-interface.

2The codes were compared using computer simulation studies to measure their performance {34].

3T he baud rate is the fundamental attribute of a line code, since it determines its crosstalk and
IS1 performance.

1Also known as Class 1V Partial Response.
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. 3B2T

This line code has lower baud rate compression than 2B1Q line code since
it utilizes three-level signals for transmission instead of four-level. Another
factor that lower the baud rate compression slightly is that the code maps the
eight possible combinations of three bits of information into the nine possible
combinations of two ternary symbols, Simulation studies indicated that 32T

had NEXT performance that was close to that of 4B3T [34].

o 4B3T

This code converts blocks of 4 bits (16 signal levels) into words of 3 ternary
digits (27 signal levels). This ternary line code uses three code books® to pro-
duce desirable transmission properties in the transmitted signal, such as no d.c.
component in the transmitted signal spectrum and a reduction in the baud rate.
This reduction® in baud rate is desirable for increasing crosstalk noise immu-
nity. One of the books contains code words that are biased toward positive
polarity, one contains words that are negatively biased, and a third is neutral.
Furthermore, the Running Digital Sum (RDS), determines which code book is
used. Excessively positive RDS selects the negatively biased code book. neg-
ative RDS decides to use the positively biased code book, and neutral RDS

selects the neutral code book [73].
« 2B1Q

IB1Q line code offers the greatest band rate reduction of any of the codes
considered. It gave NEXT performance that was 2 10 3 d3 hetrer than 3T

[#4]. Cousequently. the 2B31Q line code performs better than any ol the other

5 A code bool is i tahle Lhiat converts blocks of input bits to be encoded into blocks of Leagsinitied
symbol values.

% Reducing the baud rate is equivalent to increasing the number of teansmitted signal levels.

TRDS is the algebraic sum of a sequence of k transmitted symbols.




line codes that were considered for application in BRA-DSL (see Table 2.2)3.

Code || Input Output Compression || Redunancy Remarks

[ 2BIQ || 2 bits || I Quaternary 50% 0 -
IB2T | 3 bits ||| 2 Ternary 33% 1/9 00 unused
4B3T || { bits || 3 Ternary 25% 11/27 | 3 Code Books
AMI || 1 bit 1 Ternary 0 1/3 Dicode
MDB || 1 bit I Ternary 0 1/8 Class IV PR

Table 2.1: Codes Considered for BRA-DSL.

Line Code | NEXT Limited Range
AMI 44 km
MDB 5.3 km
8B2T 6.4 km
2B1Q 7.2 km

Table 2.2: Measured NEXT Limited Range in km of 0.5 mm copper twisted pair.

2B1Q’s high performance® (i.e., longer range, see Table 2.2} and relatively low
complexity makes it a suitable line code for DSL applications in ISDN. It is a 4-
level PAM code with zers redundancy. This code converts blocks of 2 bits'® into one
quanternary symbol as given in Table 2.3. As a result, the line baud rate is half of

the bit rate.

Transmitted || Quaternary
Bits Symbols
10 +3
I +1
0l -1
00 -3

Table 2.3: 2B1Q Conversion Table.

.
3Next Limited Range is defined as the longest twisted pair length that can be used for a given
error rate [34).
*Recent work has indicated that in a NEXT-limited environment five levels is optimum. and lour
levels are alinost as good [32).
The fiest bitis called the “sign hit” "The second bit is called the "amplitude bit”,
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Although the efficient transmission capability of the 2B1Q transmission system
has been proven (e.g., 2B1Q provides good performance in the presence of crosstalk
niose [32)), there are many implementation problems to be solved. The high low-
frequency content of the 2B1Q line code presents unique problems in the design of a

transceiver. The most significant issues are discussed next.

o Echo Tail

The echo tail length has a direct effect on the complexity of the echo canceller.
One drawback of low-frequency transmission system (i.e., transformer) is that
the pulses on the input tend to develop long echo tails. Several consecutive
pulses will tend to have effect on their neighbors, resulting in echo response with
long tails. Mathematically, a simple transformer can be represented by a high
pass transfer function (T'(z) = 1—‘_—‘:":;_';-), where A & 1. The response of a simple
transformer to a rectangular pulse or unit step (see Figure 2.2) explains this
echo tail phenomenon. The transformer can't sustain a d.c. voltage, therefore
the positive pulse is followed by a negative decaying pulse. The magnitude of
the decaying pulse varies inversely with its duration. If the transformer’s time
constant 7 is much longer than the pulse duration 7", then the magnitude of the

decaying pulse equals

1—e " xTr (2.3)

Thus. il there is a long period of similar symbols' (i.c., single d.e. level), their
echo tail contributions add to produce a substantial total elfect. Minimizing the
complexity of the echo canceller is a priority. Echo tail cancellation techniques

are discussed in section 2.3. In chapter 4, we propose an cfficient echo tail

1 A long period of 2B1Q similar symbols can be considered as a unit step, which yields a decaying
exponential e=/7.
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canceller to reduce the complexity of the two-stage echo canceller. The perfor-
mance of the two-stage canceller incorporating an AIFIR. filter is investigated

in chapter 5.

DC Restoration

The 2B1Q signal has no redundancy and can have extended periods of a single
d.c. level. Currently, subscriber loop coupling is done using transformers which
are low-frequency transmission system. Thus, DC restoration in the receiver is

a necessity. A prolonged time-length!? DFE is used also for DC restoration.

Transmit Level Accuracy

In practi‘ce, the levels of the 2B1Q symbols will deviate from the ideal values
(that causes nonlinearities). This is due to the limited component precision of
the 2B1Q) generation circuit. In [33], it is suggested that if highly accurate level
‘control is not possible, the DSP based transceiver must use a high precision

D/A converter in the transmitter.

Nonlinearities

Noulinear effects in the echo path can severely degrade the performance of
the echo canceller. As an example of the kinds of nonlinearity appearing in
the system, consider the DSP transceiver shown in Figure 1.3. The following

sources of nonlinear distortion can be identified.

L. Saturation in the Trunsformers

This leads to & nonlinearity which can be controlled by the chuice of a
bulkier transformer with gapped core and lower inductance. The low-
frequency content of the 2B1Q signal imposes limitations on the design

of the loop coupling transformer. It appears that it has been accepted

This is obtained by using a tail suppression scheme, e.g., [85).
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Figure 2.2: Low {requency cut-off and echo tail of a hybrid transformer.
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by the industry, that with 2B1Q the echo canceller must have nonlinear
compensation capability. Nonlinear capability can be added in a variety
of ways (e.g.. nonlinear compensation over a limited number of taps), A
fully nonlinear echo canceller will be beyond the limits of semiconductor
technology for some time to come [32]. Thus there is still 2 need for a

carefully’® designed analog part.
2. Line Driver,
Transmitted pulse asymmetry caused by the line driver and the amplificrs

in the line driver are a source of nonlinerity (i.e., saturation and clipping

of the analog devices).

3. Nonlinearity of Data Converters,

The D/A and A/D converters introduce the most important source of

nonlinearity in the DSL transceiver.

2.2.2 Time Compression Multiplexing vs Echo Canceller
Hybrid
A fundamental choice in DSL technology is the transmission method. There are two
prevailing techniques: Time Compression Multiplexing (TCM) [22]-{26]. and Echo
Canceller Hybrid (ECH) [24], [1], [27]-[31]. TCM allows only one-way data flow at
a time (Figure 2.3): thus, its line baud rate is at least twice its source baud rate.
However. an advantage of TCM is that it does not require any echo cancellation,
since data flow in only one direction at a time. This, of course. would reduce the
complexity of the DSL transceiver design. On the other hand, ECH allows full-
duplex transmission (i.c., 2-way, simultancous data flow), and, consequently, requires
only hall the transmission bandwidth of TCM. However, ECH does require ccho

cancellation and the associated increase in complexity. Next, we will discnss the

¥ Nonlinearities are reduced by careful design of pulse generation cireuit and transforers.
M\lay, 1985, ECI} wis chosen as the transmission method for Nortl Aterica.
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fundamentals of echo cancellation.

& S

RCV RCV

Figure 2.3: Time compression multiplexing method of full-duplex data transmission.

2.3 Echo Canceller

Echo cancellers have received a great deal of attention in the last few years as a
viable technique in ISDN applications [35)-[42]. The echo canceller (EC), shown in
Figure 2.4, ideally emulates the echo path, thus allowing a replica of the interfering

echo to be subtracted from {cancel) the returned echo.

Data in —®{TX l l
o] EC "HB | et
R Far-end
Data
Received 1 ) +
o e~ ERE——
Data RCV —— |

Figure 2.4 Classic configuration of echo canceller.
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A received signal to echo noise ratio (SNR) at 20dB or more [43] is required. In
practice less than 10 dB transhybrid loss can be expected through the hybrid with a
single compromise balance network!®. The subscriber loop may attenuate the far-end
signal by as much as 40-50 dB. Therefore, a near-end echo signal may be 30-40 dB
higher than a far-end signal. The echo canceller may be required to suppress the
near-end echo signal by as much as 50-60 dB. The cancellation can be done in the
analog domain (Figure 2.3) by converting the echo canceller output to analog, or in
the digital domain (Figure 2.6) by converting the hybrid output to digital prior to

cancellation. Several alternative realizations of echo cancellers are discussed in [:]:

1. an analog implementation of an echo canceller.

o

a fully digital echo canceller with digital cancellation and A/D conversion of

the input signal.
3. a digital echo canceller with analog cancellation (sum in analog).

analog-digital echo ca.ncelier with analog cancellation.

oy

Two different techniques of implementing the echo canceller that have gained wide
acceptance are the AFIR filter structure (linear echo canceller) [13] and the memory-
hased or RAM structure (nonlinear echo canceller) [54]. The following subsection will
provide a discussion of those techniques. The advantages and disadvantages of cach

method will be given. Derivations necessary for clarification are included.
2.3.1 Linear Echo Canceller

A linear echo canceller can be implemented with an adaptive FIR filter, AFIR tiluer-
hased eche cancellers have the advantage of faster coellicient adaptation and only
a linear increase in complexity with increased filter length. Next, we will give an

analytical treatment of the linear echo canceller.

'5Balance networks are generally resistor capacitor combinations designed to provide some balance
over the transmission bandwidth,
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Figure 2.5: Block diagram of a digital echo canceller with analog domain echo caun-
cellation.

Data in =—®|TX -~
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IMigure 2.6: Block diagram of a digita! echo canceller with digital domain echo can-
cellation.
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Far-End Data

Mathematical Formulation of the Linear Echo Canceller

An echo canceller intended for 2B1Q data transmission is depicted in Figure 2.7,

160 Kb/s . 80 K baud Xp
— Encoder o TXF

2B1Q

EC HB

Figure 2.7: Block diagram of linear echo canceller with 2B1Q input relerence.

In this subsection, we use the independence theory [46]-[48], [73] and assume un-
correlated data symbols to derive the mean squared error (MSE) of the echo canceller.
The behavior of the mean and mean squared coefficient error vectors is derived. For

[acilitating the analysis of the echo canceller we introduce the following vectors:
L. the near-end data vector X = [@n Tucy «ov «or Enonst]
2. the echo path vector B={hg by ... ... byoy by )7
3. the echo canceller coeflicient vector C = [cg, €1

where ci, is the 1% cocflicient at instant n. Now, we can represent the received

signal as

P Jenotes Lranspose,




re =ty + 3.+ €a (2.4)

where ({n = iz y betuag) is the residual uncancelable echo correspondling to echo
delays that exceed the number of coefficients in the echo canceller. The far-end signal

plus noise is s,. The dy, is the echo part that is emulated by the echo canceller and

expressed as

N1
dp = Y byznoi = BTX (2.5)

k=0
The output of the echo canceller is

N-1

Yn = z Chlnk = c’x (2.6)
k=0

Thus, the error signal e, used for updating the canceller coefficient vector C is

expressed through

€n =Tn —Un (27)
en={(B-C)TX+s,+0 (2.8)
en=UTX 45,4+ ¢, (2.9)

where ( U = B — C ) is the coefficient error vector. At the beginning of the
analysis, we state the following standard assumptions ([d6]-[18]. [73]) which will he

used in the derivations here and chapter 4.

o Fach input vector X is statistically independent of all previous input veetors,
Also, X and s, are zoro-mean wide-seuse stationary, mutually independen. dis-

crete stochastic processes.



o Each input vector X is stochastically independent of all previous samples of the

desired response d,,. Moreover, X and U are statistically independent.

The MSE is found by taking the expectation of €2

Elez] = o7 E[|| Un |!] + 07 + 0% (2.10)

The update equation, for the echo canceller’s coefficients, and the coefficient crror

vector,

Cnt1 =Cy + pe, X (2.11)
Un+_l = Un - penx (2]2)
Ut = (I = pXXNU, = p(sn + 6)X (2.13)

The mean of the coefficient error vector can be derived by taking the expected

value of Eq.(2.13)

ElUn] = (1 - pol) E[U,] (2.14)

EU,) = (1 = oY E[Uy) (2.15)

Therefore, the mean coeflicient error vector converges o zero as n approaches infinity,

provided that the following condition is satisfied [43)

)
0 < < — 246
"< (2.16)



We next consider the convergence behavior of the mean squared coefficient error
vector. Taking the expected value of the squared norm!? values of both sides of

Eq.(2.13), we get

E(l| Ung1 P} = (1 = 2p02 + p2oiN)E[|| Un IP] + 102N (02 + o) (2.17)
Ef|| U "] = (1 — 2u02 + o N E[|| Uo ] + p*0ZN(0F + 07) (2.13)

Eq.(2.18) fully describes the dynamic behavior of the echo canceller based npon

the LMS algorithm. Eq.(2.18) can be solved as

n-—1 .

E[|| Un 7] = (1 =2p02+ p?ciNYE[|| Up |P}+4%03N (07 +07) 3_(1-2u0i+pa NY
=0

(2.19)

. 1= (1 —2ua + palN)"
U = -9 2 2_4 n 2 2.2 2 2 E X
E(ll Un "] = (1= 4o NYE(| Uo 1+ oxNos 4o ) =75 or s miny

(2.20)
The transient term will go to zero as n approaches infinity and the steady state

error (SSE) value is

!
e . . " A . . .
SSE = lim L[| U, ] = — (7t + 7) (2.21)
H—t |7 “0’- \ »
2 oy
The mean squared coctficient error vector converges Lo a steady state if and only

il the step-size parameter g satisfies the condition

2

0<,u<03N

—
S8
iy
[ §%

—

""T'he squared norm, || U, ||*= 3, 13,



Then, total MSE is

poiN

MSE = (————2 Wy

+1)(e? + 3) (2.23)

The condition of Eq.(2.22) is the necessary and sufficient condition foi the overall
stability of the echo canceller. The steady state error and the speed of convergence
decrease as the step-size parameter g decreases. The [astest convergence is obtained
by selecting g = ?:'-ﬁ As a result, an MSE at 2(¢? + 03) is given. Lower MSE
can be obtained at the cost of slower convergence by selecting smaller value of .
Eq.(2.19) shows the importance of the parameter g, its value determines both the

rate of convergence and the minimum residual echo that can be obtained.

2.3.2 Nonlinear Echo Canceller

For completeness, the principles of nonlinear echo cancellers are given here although
they will not be used in this thesis. Transmitted pulse asymmetry'® and nonlinearity
in_the line driver'® will occasionally cause the transformer and data converters to
exceed the tolerable echo path nonlinearity and compromise the echo canceller per-
formance. In such cases, nonlinear echo cancellets have to be used. Two methods
have been proposed [49]-[34] to cancel the nonlinear echo response. They difler in
the way that the nonlinear function is expanded. The first method uses the volterra
expansion and is reported in [51]. The second method [54] that cancels echoes of
general nonlincar echo path is the memory-based (table look-up) echo cancellation.

The replica of such an echo canceller can be expressed as

€p = [T ncyy e Tneng ) (2.21)

where [{.) is a general noulinear lunction.

™A linear uclio canceller wonld require that the uncompensated transimitted pulse asymmetey be
kept. below <60 dB [531).
"It is a power amplifier which drives the transmit port of the hybrid.
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Mathematical Formulation of Lookup Table Echo Canceller

To implement such a general nonlinear echo canceller, a memory of size 2N words is
used, where each memory location stores the echo replica of a particular data pattern.
This is illustrated in Figure 2.8 where the last N transmitted data symbols form the
address to select the correct echo estimate. If any address is read at time n. its

content is updated with a corvection term, while the contents of the other addresses

stay unchanged.

Trans. Data

N ( Address Input )

RAM EC

>

Figure 2.8: Block diagram of memory-based echo canceller.

In this subsection, we will show that lookup table echo canceller has the same kind
ol convergence characteristics as the linear canceller of subsection 23,1 [28). For Ta-
cilitating the analysis, we consider Fignre 2.7 employing o lookup table echo caneeller
shown in Figure 2.8, We assnme that the echo path is nonlinear and represented by
nonlinear function f; (Eq.(2.24)). The near-end binary data vector X is used as an

address for the RAM at time n. The set A of the M = 2N distinct address vectors

19



consists of all possible binary N-tuples X;:

A= {Xo, X1, ey Xaro1 ) (2.25)

Now, we denote the contents of address X; at time n by 2,0 £ ¢ < M - 1.

the total contents of the RAM at time = is represented by the vector Z

Z = (200 21 -+ ZM=1n) (2.26)

At time n, X is equal to one of the elements of A. The corresponding index will

be denoted by g,, thus

[~
| D]
-1
—

X = an ( K

and the output €, of the RAM echo canceller is

.én = zqn,n = RAJ"IQH-“

—
E\J
I
oL

~—

At time n the content of the RAM at address X, is updated by adding a correction
term pe, (other addresses are unchanged). Thus the update equation for the RAM

echo canceller is

e = { Zin i=0,1,...M=1,i#q, (2.99)

Sint e, 1=y
The error signal e, is defined as (s, + f; = €,). We invoke the independence

asstinptions hetween s, and Xo and introduce the residual ervor signal as

Pim = ft' —d, 0<1¢ < M=l (2.30)

where for cach 7, f; is an arbitrary number (i.c., the convolution expansion of

noulinear echo path and near-end data). With Eq.(2.30) we introduce the vector
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0 = [Boms Prny <o s Par—1nl’ (2.31)

This represents the contents of a RAM that consists of all residual error values

which are updated as follows

Tr"l..‘l‘l ?:U. l, ....‘"l—l_' f#q"
l'!','.",*_l = ‘ L
i, n(l — )= sy L=y

From Eq.(2.32), the MSE is found by taking E[#],]

E[$?,41] = P(an # DE[WF ) +p(gn = {EWE)(1 1) —20(1 — ) Elthimsn] +1* Els3]}
' (2.33)

E[’f’. n+l] - (1 - Ehb:.n] + P(Qn = 1 E['lb n](l - + 0 0' (2'34)

where p(g, = ) denotes the probability that g, = ¢ (i.e., the probability that

X = X;. Then if all addresses X; (0 € i < M —1) are equiprobable® we havé

Mgy =1) = 2~V

then, Eq.(2.34) becomes

E[U: u+1] = F[Tr)r n]{l = ‘u)-N( "‘)} + ﬂ.)_N f {2.16)

F.q.(2.36) fully discribes the dynamic behavior of the look up table echo canceller

based upon the LMS algorithin, and it can be solved as

9=V '
- -.l'\ n 2 —Nl {1 — ji- ( } 2
L['/) n} E[")ID]{]‘—“‘) } + i 2 1 =N Jy
— {1 = u27N(2 — )}
*0Gcrambling of transmitted data is mandatory in memoty-based echo cancellers, as in AFIR echo
cancellers, to ensure that all addresses are generated with equal probability.

(2.37)
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In Eq.(2.37) the quantity E[s?,] dictates the initial condition of the convergence
of the RAM echo canceller. Also, we see that the MSE converges to a steady-state

residual echo power® if and only if the step-size parameter u satisfies the condition

0<p<?2 (2.38)

Some ol the fundemental differences between a nonlinear echo canceller and a

linear transversal-type canceller are:

1. The nonlinear echo canceller mitigates the effects of nonlinearities in the echo
path by storing the echo replicas of all the input data pattern in the look up

table.

2, The nonlinear echo canceller does not require any calculation to get the echo
replica, as opposed to the linear echo canceller where a convolution has to be

performed.

3. The nonlinear echo canceller requires much larger memory size than the lincar

cancetler. The size grows exponentially as N increases.

4. The rate of convergence of a nonlinear echo canceller is slower than a linear-1ype

echo canceller.

A multi-memory echo canceller was proposed by Maitre et al., [55], [49]. This
technigue preserves all the advantages of nonlinear cancellation without the drawback
of it large memory and a slow adaptation by dividing the input data vector N into
blocks** and perlorming nonlinear ¢cho cm.m.-llnl,ion on cach of the blocks (nonlinear

cincellation between blocks is not possible). This is illustrated in Figure 2.9.

Mt is equal to /(2 = p).
*Ench block can store 2¥/M ords,



Trans. Data

—I  NM {Address input)

-

. SR s a9 & ® s SR
] N/M

RAM RAM

SR = SHIFT REGISTER

Figure 2.9 Block diagram of multi-memory echo canceller.
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2.3.3 Recent Techniques in Echo Cancellation

Several adaptive echo cancellation techniques have been proposed for two-wire full-
duplex digital transmission system. This section will give an overview -of different
techniques used in echo cancellations. The emphasis will be on methods that have
been applied to the U-interface. Some of these methods have utilized line codes such
as AMI, 4B3T,...etc. The advantages and disadvantages of each technique will he
stated, along with any novel ideas or concepts used.

An approach for a data echo canceller for a two-wire full-duplex system has been
first described by Koll and Weinstein [56). Such an arrangement is shown in Fig-
ure 2.4. The transmitter output (i.e., data symbols) is applied simultaneously to the
hybrid circuit and the AFIR filter. In the AFIR filter, each input data symbol is
multiplied by a tap and then summed. Thus, the use of the transmitter output as
a reference to the AFIR filter requires full precision multipliers. Since multiplicrs
are expensive in terms of hardware implementation cost, it is undesirable to use Uhis
arrangement.

Another approach was considered by Mueller [57] where the input to the echo
canceller is taken before the transmitter (i.e., scrambled binary data), (Figure 2.10).
The advantage of this approach is that tap signals are binary, and multiplications are
performed by addition and subtractions. Moreover, this is preferable for the adapta-
tion process in the AFIR filter because of the nature of the uncorrclated data, This
arrangement also simplifies the hardware of the echo canceller. From the viewpoint
ol the canceller, the transimitter is now part of the echo path.

Adaptive Reflerence Echo Canceller (AREC) is considered by D.1. Falconer [53].
Inn diata echo cancellation, a formidable factor that slows the adaptation of the echo
canceller is the 1)1'esc|icc of the far-end signal®. In AREC, the [ar-end signal is

. . . g . . « .
adaptively removed by a relerence former®'from the cancellation error in a decision-

o - - v n * . . -
“War-end signal is considered as a source of disturbanee Lo the ucho canceller adaptation algorithm.
MBETITS . a ) - . . .
“FIhe reference former is an adaptive transversal filter whose input is the sequence ol receiver

5



Data in o TX

~ol EC .
Far-end
Data

RCV | da{ LiPRF

HPRF = High Pass Receiving Filter

Figure 2.10: Data echo canceller with symbol reference proposed by Mueller.

directed scheme. As a result, the speed of adaptation increases. This is illustrated
in Figure 2.11, where the adaptive reference former is attached to the oulput of the
receiver. Reference former adaptively forms a linear combination of the current and
past receiver decisions to form an estimate of the far-end signal appearing in the
cancellation error signal. This estimate is subtracted !'rc‘)m the local error signal to
yield a new error signal, which is employed in the echo-canceller adaptation algorithm.
A joint adaptation of the echio canceller and the reference former is nsed. Sinee the
[ar-end signal has been extracted from the errar signal, MMSE is made smaller ad
the adaptation step-size j can be selected to be larger for a given excess imean-square
cancellation error. This in turn speeds adaptation. The AREC offers mieh laster
convergence and shorter cocfficient wordlengths than the conventional echo canceller,

However, there is a problem getting started, when the cancellation may not be cnough

dreisions (see Figure 2.11) aud ontput is an estimate of the far-end signal.

oI

o




to support a mediocre receiver error rate. This problem is solved either by starting
out with a known training sequence, or by disabling the adaptive reference former
aud using a large adaptation step-size initially until the echo is canceled adequately

for an acceptable error rate.

Data in - TX ‘
{ * HB  |atfin
1_- i Adapta;‘tion st EC
Far-end
Adaptive
’.t Reference Data
- 1+
+
- RCV e~ Z }a{HPRF |-a—
Decisions S|

HPRF = High Pass Receiving Filter

Figure 2.11: Implementation of Adaptive Reference Echo Cancellation.

A method is introduced (by Kanemasa et al..) in [39] that adaptively changes the
canceller’s step-size accordingly to the residual echo level by using the correlation
between the echo replica and the error signal (as illustrated in Figure 2.12), This
structure permits the step-size parameter g to vary according to the residual echo
level since both the echo replica and the residual echo are correlated during the
canceller convergence process. whereas they are uncorrelated in the steady state alter

a2k} . . . *
convergence. Therefore, at the start of the adaptation, the correlation level is highest

(implies larest step-size u). Consequently, the speed of adaptation is maximum. As

30



the echo canceller convergence evolves, the correlation between the echo riplica and
the residual echo decreases and so does the value of the step-size parameter p. The
idea of the correlattor is quite interesting where a leaky integrator is used to gradually
leak/decrease the step-size p. A theoretical analysis for the proposed scheme was
given for AMI line code. The sign form of the LMS algorithm is used. Due to the
step size adaptation, this method increased the echo canceller convergence speed by

an order of magnitude over the conventional sign algorithm.

Data in . ‘ a1 TX ——l

—"@——“ EC
Correlator ] HB |t
s e
E,:I -
~—]{RCV [— S /H 5 )i
—]

S= Sign Detector.

Figure 2.12: Kanemasa proposed echo canceller block diagram.

Because of the large dynamic ranges of the echo and far-end signal (e.g.. worst
case 40 dB). An ATIR ccho canceller requires a large number of bits lor the tap
representation. Park and Macchi introduced the controlled gain echo canceller in [60]
to reduce the required number of bits. This technique uses an adaptive gain control
(AGC) at the ontput of the echo canceller. A feedback loop between the echo canceller
and the AGC enables approximate regulation of the echo canceller ontpul power at a
nominal level, independent of the echo and far-end signal levels, Thus, the precision
required for the AFIR taps is reduced to a minimum value. This new technique offers

a 4 bit reduction over the classical echo canceller. Morcover, the convergence spead

a
-1




is improved over the conventional echo canceller.

The application of Recursive Least Squares {RLS) algorithm to Data Driven Echo
Canceller (DDEC) has been reported in [61], [62]. The proposed method yields very
short convergence times for the DDEC. Presently, the complexity of this technique
renders it impractical for production.

A method is given in [63] that combines linear and nonlinear echo cancellation.
Each echo canceller tap comprises an adaptive nonlinear compensator. and jitter
colnpeusator.

Due to the presence of both linear and nonlinear distortion of the echo path, a
parallell combination of linear and nonlinear echo cancellation is used {64]. It was
shown that it resulted in improved speed of convergence. The configuration invelves
a sequentially adaptive transversal echo canceller and memory echo caunceller. The
transversal echo canceller is allowed to initially adapt while the memory echo canceller
is inoperative. Thus, the transversal echo canceller is adapted to the linear part of the
eche path impulse response and its coefficients are frozen without the intercession of
the memory echo canceller. Then, the memory echo canceller is adapted to cancel the
ccho response consisting of the nonlinear echo components. An analytical treatment
ol the case where the lincar/nonlinear echo cancellers have joint adaptation is not
given in [61). A recent thesis by K. Yamazaki [65] investigated the convergence
behavior of a joiutly adaptive lincar/nonlinear echo canceller. lutriguingly, 1 was
also revealed that the nonlinear canceller was cancelling a portion of the lincar ¢cho
component. Lastly, a comparison of the jointly adaptive linear/nonlinear canceller
and the sequentially adaptive lincar/nonlincar canceller showed that the later had
fastor convergence propertics,

A technique proposed by Mogavero et al [66] utilizes three distinet methods to
cancel different parts of the echo {see Figure 2.13). The echo impulse response is

divided into three different regions.

N
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Vo m—————

¢ A main pulse in which the echo is high and irregular.
e A second region in which the echo is low and irregular.

o A tail pulse-.

The first part of the echo is canceled with an adaptive nonlinear echo canceller
(table look-up). The second section is an adaptive transversal filter that evaluates the
second parl of the echo response. The use of table look-up EC on the second region
is unnecessary. That is due to the fact that the power of the nonliear harmonics
decrease with the decrease of the echo level. The final section is recursive to cancel
the echo tail (to be discussed shortly).

A two-stage echo canceller (i.e., parallel configuration) has been presented in
[69]. The required resolution of the A/D converters is reduced utilizing: the two-
stage (coarse/fine) canceller concept shown in Figure 2.14. The first stage echo can-
celler performs a coarse cancellation to reduce the dynamic range requirement of an
A/D converter. Also, it will prevent saturation in the V] equalizer caused by the
high-amplitude echo in the analog domain. Saturation of analog devices introdnces
nonlinearity. The second stage echo canceller compensates for the residual echo due
to the coarse cancellation of the first stage echo canceller. A /F equalizer is used 1o
compensate for subscriber loop loss and to shorten the echo tail [67], [68]. The A/D
requirement was reduced from 14 to 10 bits. A novel vector quantization technique

is used to suppress the long echo tail as will be explained in the next scction,

2.4 Echo Tail Cancellers

There has been a mumber of published designs what deal with the suppression ol the
echo tail response. In this section, a review of those techniques will be given. It will

be secn that the complexity of the tail canceller is depended on the nature of the line
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Trans. Data Mod 2 Nonlinear Linear
e rrer——— o — = 1.D
Accumulator
Echo Tail Canceller
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HB
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DA = Digital Accumulator
TEC = Transversal EC
MEC = Memory EC

Figure 2.13: Confliguration of three-stage echo cancellation incorporating DA as tail

canceller,
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Near-end Data

Analo
Far-end Data g

BN = Balancing Network
EQ = Equalizer

Figure 2.14: Block diagram of two-stage echo cancellation.

code to be used. AMI and 4B3T line codes have high pass spectrum.?® As a result,
they cause short echo tail. Codes such as 2B1Q or 3B2T will cause very long echo
tails.

A method proposed in [66] uses a recursive tail echo canceller based on a digital
accumulator, with transfer function iﬁ To cancel the echo tail, the echo tail
response is generated by the digital accumulator through the evaluation of the running
digital sum (RDS) of the AMI line code®. Since AMI line code has a finite RDS [70]-
[72], the digital accumulator is always stable. Figure 2,13 shows this three-stage
echo canceller. The hardware requirement of the digital accunulitor is winimnm,
However. it can not be used as a 1ail echo canceller for 2B1Q line code, sinee this
code has a large RDS (70].

[Echo tail suppression using vector quantization was proposcd by Takatori et al.,

%In these codes, redundancy is used to control the spectrum.

SAMI line code: encode a zero-bit as a *0” transmitted symbol, and code one-bits alteruately as
" ” L 1
+”" and "-",

d J
-,
-
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[69]). In this realization a 4B3T line code at 120 kbaud is used. The vector quanti-
zation is performed by an infinite echo estimator with digital accumulator and gain

' T . R =1 ‘ .
controller. This digital accumulator with transfzr funciion &2 caleulates the RDS

e
of the 4B3T input sequence. Infinite echo estimator is always stable, since, the RDS
of 4B3T code is finite [71], [73]. The vector quantization technique, combined with
high-pass receiving filter, reduced the number of taps to a minimum.

An analog tail echo canceller based on an automatically controlled balancing net-
work circuit is reported in [74]. The purpose of this circuit is to suppress the ccho by
matching the line impedance and balancing network im'peda.nce as closely as possible,
A selectable balancing network (eight possibilities), which considered eight impedance
-characteristics each, was used to reduce the transhybrid loss. An improvement of more
than 18 dB over a simple resistor termination was obtained.

High pass receiving filter is used to reduce echo tail length (e.g. in [75]-[79]). This
is very efficient method to suppress echo tails. However, excessive high-pass filtering
coes allow more NEXT noise. That will compromize the performance of the equalizer.
A (1 — D) version®” of this method is widely used.

An IR tail echo canceller is reported in [80], [81]. Figure 2.15 shows the recursive-
type filter connected in tandem after the second-stage echo canceller (covers the first
9 baud intervals). High pass receiving filter and balance network are used to shorten
the echo tail. The value of the fixed pole of the [IR filter is calculated from the d.c.
cutolf characteristics of the hybrid.* The gain-parameter 3 is heing adapted by LS
algorithn 1o vrack the echo tail response.

[ [82], an 1R tait echo canceller and a (1 = D) filter ave compared. Fignre 2,106
Hlnstrates = parallel HR filter used as tail canceller. The coefficients of vie the 1R
lilter are designed from the d.c. cutolf characteristics of the hybrid. Since the echo

taii decyeases very slowly, an HR filter with large time constant is required. Therefore,

S s ome delay element,
“The echo tail response is modeled by a first-order 1R filter.

(G2
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Figure 2.15: Conlignration of echo tail canceller using T filter with variable giin.

HB

03




this filter’s transfer function has poles near unit circle, and a high degree of accuracy
is required. A transversal-type AFIR filter of order 64 taps was used to cancel the
main echo response. The (1 — D) filter shown in Figure 2.17, reduces the echo tail.
since the echo tail decreases monotonically [82]. The advantage of using (1 - D) fher
is that shorter echo canceller length can be acheived. However, the use of (1 — D}
filler decreases the SNR since it enhances the noise. Another disadvantage. a --level
received signal is transformed into a 7-level signal by the (1 — D) flter.{Assmming

there is no channel distortion. Extra hardware is required to retransform the signal.

Data in 2810 -l TX
Coder l
IIR Filters
TEC
g_" 5 ] g—( z I
D D
- am WO s -
v 5 N+ Received
~&——1 RCV Signal
+

Figure 2.16: Block diagram of parallel 1IR filter to suppress echo tail.

o . . . =l e
A combination ol non-adaptive IR Glter and (1 = ¢ 727 D) receiving tilter is used

=lil

to reduee the pumber of celo canceller taps [83]0 The TR coelficiem is set 10 =7
where 2, T, and L and the termination resistance, the baud interval, the wductance
of the transformer, respectively. Since the gain of the lIR filter is non-adaptive, any

parameter value changes of analog components could degrade the degree of cancella-

Gl



Input : - Qutput

Figure 2.17: Block diagram of the (1 — D) filter.

tion.

cho tail cancellation based on analog coutinuous orthonormal functions (iR
filters) was investigated in {99].

A similar problem exists for the DFE due to the long eciio tail of the impulse
response of transmission path. Therefore, the complexity of the DFE can be reduced
by using a similar tail suppression schemes. An adaptive quantized feedback is used in
(82] to reduce the complexity of the DFE.?® A technique is proposed by P. Molianraj
et al., [85] which uses an adaptive piecewise linear fit filter to fiv the tail ol the

post-cursor 181

2.5 Conclusion

In this chapter, we discussed the transmission impairments of the loop media that
affect the system performance and design. Two transmission schemes have been pro-
posed to achieve fll-duplex two-wire transmission.  These two schemes are TCM
and FCH. Sinee ECH was seleeted by the standard committee, we concentrated on
this technigque. Tinplementation design challenges for the 2B1Q transceiver were sin-
marized. 2B1Q line code was determined to have the best performance/complexity
tradeoll of the proposed line cades. The general theory of the echo canceller was pre-
sented. Recent techniques in echo cancellation were briefly reviewed. A comparison

of various eclio tail cancellers was presented.

af, * » '
“Quantized ferdback was first used by F. D, Waldhauer to compensate for the baseline wander

IS1 [84]. :



Chapter 3
Theory of Interpolated FIR Filters

It is the objective of chapter 3 to overview the general theory of the narrow-band
interpolated FIR filters. This overview is a summary of the three major papers [88]-
[90] that have been published on the IFIR filters. For completeness, it is essential
to have a good understanding of the fundamental properties and limitations of these
narrow-band filters. To this end, the chapter begins with the introduction of the
[FIR filters in section 3.1. An analysis of IFIR filters in the time domain is given in
section 3.2. This concept will be utilized in the derivation of the MSE behavior of the
adaptive IFIR structure in chapter 4. The design steps of IFIR filters are outlined
i section 324 [Uis important to note that the IFIR filter design process is based on
digital interpolation fornwlated in the frequency domain. In section 3.1, a detailed
description of the IFIR filter cascades (i.e., sparse filter and interpolator) along with
the approximate design formulas is given. Section 3.5 briefly describes the finite
wordlength attributes of the IFIR filters. The computational efficiency of the IFIR
filers is demonstrated by several illustrative examples in section 3.6, Concluding

remarks on the chapter are given in section 3.7.
3.1 Introduction

Finite impulse response (FIR) filters ar2 known to possess desirable properties sucl

as guaranteod stability. ahsence of limit cycles, and linear phase. if needed. Their

GG



major disadvantage is the large number of arithmetic operations needed for the im-
plementation, as higher order filters are often required. The number of multipliers
needed for implementation is equal to the order of the filter in the case of a general
phase. The minimum length of the low-pass FIR filter to meet the given frequeney
clomain speciﬁcaiions is approximately [36]

—20log,g \/0p0s — 13

N = 3.1
h 16A, +1 (3.1)

where &, and &, are the passband and stopband ripples, and Ap (= fp — [u) is
the transition bandwidth. The above estimate is more precise when the passband
and stopband ripples are small. If the ripples are large, a better estimate is given by
a more complica.tted expression in [87]. In direct form implementation, cach multi-
plier determines the value of one impulse response sample independently of the other
samples. However, in narrow-band FIR filters there is a relatively strong correlation
between adjacent impulse response samplé values. E developing filter structures that
exploit this correlation, the number of multipliers required in the implementation can
be significantly reduced.

One of the computationally efficient realizations for narrow-hand FIR filters is
the Interpolated FIR filter, or simply, the IFIR filter [88]-190], which is a cascade

realization of the form

H(Z) = F(Z")G(Z) (4.2)

where s the interpolation factor and

Fmﬂ=znwr“ (3.3
n=U
J

G(Z)= Z gln)z™" (3.1)
n=0

G7




In this realization, the first FIR structure, F(Z%), called the sparse filter. has
a very sparse impulse response (resulling in a greatly reduced number of arithmetic
operations) with only every Lth sample being non-zero. Moreover, F(Z%) has a peri-
odic frequency response with period 27/L. Because of the periodicity of the response
of the F(Z), it has multiple undesired spectral images centered at 2x//L witl
A =1,23...,L -1 The second FIR structure, G(Z), a very simple interpola-
tor of short length, fills in the missing samples by interpolation' and attenuates the
undesired spectral images of the response of the sparse filter below the prescribed
stopband level. In [88], it was shown that the IFIR structure reduces the number
of multipliers and adders by almost a factor of Z. In addition, roundoff noise and
coefficient sensitivities improve.

In the design of IFIR filters, one important parameter to be selected is the inter-
polation factor L. As L increases, the complexity of the spavse filter decreases but the
complexity of the interpolator increases. The IFIR filter design method is performed
in frequency domain. In order to generate the interpolated impulse response H{Z),
we cascade the sparse filter F(ZL) with the interpolator filter G(Z). For a chosen
L, the IFIR filter design is started with the design of the model filter F(Z%). The
model filter is defined as a filter that has a passband and transition bandwidth that
is L wider than the desired frequency response. The sparse filter F(ZL) is obtained
from the implementation of the model filter F(Z%) by replacing each delay with /.
defays. The sparse filter band edge frequencies (in the fivst period of the response)
are equal 1o thuse of the desired response. After designing the model /sparse tilior,
the interpolator is designed 10 attenuate the speetral replicas of the respotize ol the
SParse [ih,f.'lj-m.i[‘lllls. the passband ol the interpolator is chosen to have a widih equal

1o the stopband edge f, of the overall 1FIR design,

"Mathenwatically, o b-th order interpolation is to fit & + 1 points by a &-th order polynomial. For
exmmple, first order interpolation is to use a straight line to fit two given points and second order
interpolation is to fit three given points by a parabola.

68



Consider the model filler F(Z) with the impulse response f (n). f(n) is filled in

with L — 1 zero-valued samples between each pair of samples, giving the signal,

o fomfLy n=iL, i=0,%1,£2,. ...
fin)= { 0 otherwise (3.5)

‘That is the response of F(Z*). An example of IFIR implementation for L =1is

shown in Figure 3.1.

Figure 3.1: 1FIR filler structure with L=

3.2 Mathematical Formulation of IFIR Filters in
the Time Domain

The 1FIR Gler is shown in Fignre 3.2 The overall time response I, s iven by
B
ha =D fikdn-Li (3.6}
k=0

h, = F'G (3.7)

G4



™ Vn

Figure 3.2: Block diagram of Interpolated FIR (IFIR) filter.

Then, we can represent a vector that contains, the interpolated impulse response

samples as

H=[hohy ...... hi.. T : (3.8)

where

F=[fofr...... far)” (3.9)

F is the vector of non-zero coefficients of F(Z%). The vector of the interpolator

coefficients is defined as

G=[gom ... al” (3.10)

where 3 is the number of the non-zero coefficients in F and j is the number of

taps in G. The output y, can be expressed as

Jj 3
Yo = 3 O Gifiatumicin (3.11)

=0 k=U

Also, the output g, can be espressed in vector notation as?

. =F'XG=F"M (3.12)

*Here we have dropped the sabscript # from the matrix X and the vector M for convenience.
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where X is, the matrix for the input data, represented as

Tn Tn-1 vee In-j
Tn-t Tpa1=-L "** Tn-j=L

]
]

(3.13)

, Tn=gL Tn-i-pL **'* Tn-j—-3L |
The vector M consists of inner products of the input data and the interpolator

coeflicients,

M=XG=[mgmg ...... mgy, |7 (3.1.1)

or

M=XG= [Zgimn-i Zgiwn-i-x, ------Z:gimn-i—ﬂl- 7 (3.15)
3.3 Design Procedure

The IFIR filter design process is based on frequency domain propertics of digital
interpolation. The design of the interpolator G(Z) can be formulated as the design
of a multistop band FIR filter having passband matching the wanted response cf the
spatse filter F(Z%) and stopbands overlapping the unwanted replicas of the sparse
filter response. Y. Neuvo ot al., [88], used the Parks-McClellan [91] algorithm to
design simple interpolators, [y a recent paper by T Saramdki ot all, 03] 0 is shown
Low the overall TFIR e inchsding the sparse liber AR interpolator GO and L
catt e optimized to arvive at the smallest munber of required arithimetic operations,
Both single-stage and multistage implementation of G(Z) were discussed. This vecent
method was based on iteratively designing the sparse ﬁ]tc‘.'.'nilld the inté i'aolnlm' nsing

the Remez multiple exchange algorithm. Nevertheless, we will only outline the design



steps for the earlier (single-stage) method, since it will be ulilized in the design of the

tail canceller in chapter 5.

3.3.1 Selection of L

The largest value of L, L,,,,, that can be used depends on the specifications of the
IFIR filter. If the stopband edge frequency of the low-pass IFIR filter is denoted by

w, {radians), then the maximum value of L is

Loz = l_’r/wsJ (3.16)

where |z} stands for integer part of 2. In practice it is prudent that a somewhat
smaller value than L,,,. be selected as the requirements for the interpolator hecome

otherwise more stringent if it has to select one of two very close passhands of [(Z*).

3.3.2 Design Steps

The design of the IFIR filters can be summarized as follows.

1. From the given equivalent FIR filter stopband edge frequencies, calculate L,,,,
(Eq.(3.16)) and select a snitable L < L,,,. After L has been selocted. the
positions of the unwanted repetitions of the response of the sparse filter are

known.

2. Design the model filter /(Z%). Tlhe band edge frequencies of the model filter are
obtained by multiplying the edge frequencies of the sparse filter in the imervad
[0.7/ L] by L. Then, the sparse filter F( 2% is obtained from the implementation

of the moded filter F(Z) by replacing each delay with £ delays.

3. Design the imerpolator G(Z) to attenuate these repetitions of the response of
the sparsc filter to or below the stopband level. G(Z) is designed as a multi-

stop band FIR filter having passband matching the wanted band of F(Zky and

-1
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stopbands overlapping the unwanted replicas of this band. The interpolated

impulse response H(Z) is obtained by cascading F(ZY) with G(Z).

To generate the interpolated impulse response, F(Z%) is cascaded with G{Z) as
shown in Figure 3.1. The design of the model filter and interpolator can be done using
anv FIR filter design programs. We used the program DFDP?3 [105] (sce examples in
section 3.6). Frequency domain behavior of the different signals in the various stages
of the implementation are illustrated in Figure 3.3. Note that the stopbands ol the

interpolator are equally spaced.

Model
S, ©
mn Wy ®
Sparse
w Ll 2 _ 0L 120/ I TR
Interpolator
\ SB SB 5B SB SB SB SB —w
n
IFIR
|, \ —
wy 1L n

$ B = Stopband

Figure 3.3: An example to ilustrate ltequencey response of model. sparse. interpolater,

and 1F1R Alter, L =13

3Digital Filter Design Package
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3.4 Computational Requirements
In this section, the approximate design formulas for the IFIR filters are provided.

Length Estimation

For the length of the sparse filter F'(Z%), a good estimate is

Nr = [N/L] (3.17)

where N is the minimum order of an optimum direct-form FIR design to meet
the given overall criteria. The magnitude response of the sparse filter F(ZL) can be

approximated as shown in Figure 3.4.

Sparse

w, /L o, /L 2n/L - o, /L 2n/L

Figure 34: A view of the response of the sparse filter and its first spectral image
central at 2=/ L,

3.4.1 Model Filter

In VFigure 3.3, it is important to note that in the interpolated impulse response filter.
the passband and transition bandwidths are 1/ Lth of the corresponding widths of the
mode! filter F(Z%). Thus, the length of the model filter is approximately 1/Lth of

that of the conventional FIR filter required to meet the given specifications, reducing

7



the multiplier requirement to 1/Lth of the original requirement (not including the

interpolator). The required length of the model filter is given , approximately, by [33]

Noy o —20log,q \/6pds — 10 T
M= 14.6AF,

where Ap,, (= LAF) is the transition bandwidth of the model fiiter. The length ol

(3.18)

the model filter Ny can be calculated in terms of the ratio of the transition ba nd wi(I_l.h
of the conventional FIR filter and the transition bandwidth of the model filter as
Ap

Ny N—+1 : 314
M A, (3.19)

3.4.2 Interpolator Filter

This subsection gives a detailed discussion on digital interpolators. Of these, two
techniques of the design of the interpolator filter are considered: Recursive Running
Sum interpolators and Optimal interpolators. Formulas characterizing the number of

multipliers and the minimal value of L minimizing the complexity of the IFIR will be

provided.

Recursive Running Sum (RRS) interpolator

The RRS is multipier-free FIR filter with unity coefficients [93]. Direct-form im-
plementation of the RRS interpolator is shown in Figure 3.5 and mathematically is

represented as

Ng-1
. GZ)= S ¢(n)2™" (3.20)

n=0

with Ng = L and g(n) = 1 for n = 0,1,2, ..., Ng — 1. The frequency response of

the RRS interpolator of length L is given by

sin{ Lw/?2)

Gle) = Tonter2)

(3.21)

=]
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The RRS interpolator has zeros at frequencies 2=K/L , K = 1,2,3,......,L — |
which are the centers of the undesired images of the desired spectrum of the sparse
filter. The first zero is located at the frequency 27 K/L and the first sidelobe is the

highest sidelobe with an approximate attenuation of 12.5 dB.

21 z1 Z-
Input =TT T
KK
"""""""""" - Output
1 1 1

Figure 3.5: Direct-form implementation of the RRS.

Selection of Minimal L

The total number of taps' needed for the IFIR filter realization using a single stage

the RRS interpolator is given by

N, = Np 4+ Ng (3.22)

N.=N/L+1 (3.23)

where Np and Ng are the number of taps in the sparse filter and the RRS in-
terpolator, respectively. Differentiating N, with respect to L and equating it to zero

atd solving the resulting equation, we gel

me = \/T . | (‘-)”

Lomin has to satisfy-the condition that

“The RRS interpolator has no multipliers.



Lin € Limaz = |_1r/w,_| (3.25)

The minimal number of taps is given by

Nemin = N[VN + VN (3.26)

To illustrate the dependence of the IFIR computational complexity on the inter-
polating factor L, Eq.(3.23) is plotted in Figure 3.6. It can be observed, if L increases,
the complexity of the sparse filter decreases while the complexity of the interpolator
increases. For a given value of L, the length of the interpolated impulse response .

using Eq.(3.8) and Eq.(3.17) is

Nyp=L(Np=1)4 Ng (4.27)

200

= Sparse (1lter
— |ntergolator

100

# of Taps

0 T L Y
0 10 20 0 &0
L

Fianre 30\ plot of the number of taps versus L for the sparse filter 25 and the
interpolator G4,
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Optimal Interpolator

The multistop band interpolator is designed using the Parks-McClellan program to

optimize the number and locations of the zeros. The interpolator’s frequency spec-

ifications are obtained from the overall IFIR filter. The stopband regions of the

interpolator must totally contain the unwanted replicas of the response of the sparse

ter F(Z"*). The passband of the interpolator fpi 1s chosen to have a width equal

'.'m_:i:e stopband edge f, of the overall IFIR design (see Figure 3.7). The interpolator

specifications used in the following analysis are

Passband € [0, fu]
Stopbands € [K/L-f,, K/L+f,] , K
Passband ripple = 6,

Stopband ripple = 6,

Jpi is chosen to be

.rpr' = f.s'

The frequeney fris delined as

.Il = (Js + ’Pl)

I

(3.42)

(3.33)

The areas in hetween the preseribed stopbands can be considered don't care bands

where the amplitude response of G(Z) is tolerated to take on any value less than one

[85]. These areas ¢ neide with the stopband regions in the sparse filter which already

possess the desired attenuation, An approximate value of the length of G(Z) is (39]

T8



G(f)

Stopband
T e, f
o UL - f, VL Ut - f;

Figure 3.7: A view of the respouse of the interpolator filter and its first stophand
centered at 1/L.

Ng =1+ aNAr/Ag, (3.34)

o is small number less than 1 [89]. The interpolator’s transition bandwidth can

he expressed as

Apg =[1/L]=fs— fu (3.35)

Choice of Minimal L

The total number of .mmltipliers M, required in the overall implementation (if an

optimal single stage G(Z) is nsed) is given by

M, = Mp+ Mg ' {:3.36)

It can berederived by substitnting for Np and Ng [rom Eq.(3.19), Eq.(3.31), and

Fe.(3.35) respectively

M, = NAR{(1/LAR) + aLf(1 = Lf)} +2 (3.47)
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Lauin is found by differentiating Eq.(3.37) with respect to L and equating it to

zero and solving the quadratic equation [89]

Loin = l/[f; + v/ GAF]

The above equation reveals that, having f, and f, of the equivalent low-pass 1R

(3.48)

filter, the minimal value of the interpolation factor L can be determined and used in
the sparse filter //(Z%) d gn. In Eq.(3.37), substitute for Ly, then the number of
multipliers in the optimal case is

A’[O.ll'll'ﬂ = NAF{(]-/LminAF) + aLmin/(]- - Lml'nfl)} + 2 (3'39)

To summarize, Table 3.1 compares the number of computations required by the

IFIR filter with that of an equivalent conventional FIR filter meeting the same fre-

quency domain specifications.

Method | # of multipliers | # of adders | Type of G(Z)
FIR N N-1 -
IFIR NiL+ L N/L+ L -2 RRRS
IFIR NiL 4+ Ng N/L + Ng =2 Optimal

Table 3.1: FIR vs IFIR, a complexity comparison.

3.5 Finite Wordlength Properties of IFIR filters

In this section, coeflicient, sensitivities and output roundoll noise properties ol the
IFIR Gher ave analyzed and shown to be better than those of the direct form 1R
filter. [irst. we consider the coeflicient qnantization noise in direct Torm FIR filters.
An upper bound Tor the standard deviation of the cocflicient guantization errvor is
derived by L. Rabiner and 3. Gold {93):

(3.10)

a(w) <

[

<N



where

q = Nuantizalion slep size (3.11)

N = Filter length (3.42)

In the implementation of the IFIR filter, Y. Neuvo et al. [88) make the asswmption
that G(Z) does not affect the cocfficient sensitivity. Therefore, it is adequate to
analyze nicrel_v the effect ¢f quantizing the coefficients of the sparse filter IAVASY
This is a justifiable assumption as in the vicinity of the passband, where the gain of
the interpolator is approximately one®, the distance to the zeros of the interpolator is
large; i.e., the transition bandwidth of the interpolator filter is fairly relaxed.® Closer
to the zeros of the interpolator, the required stopband attenuation is exceeded so much
that the coefficient sensitivity is no problem. On the unwanted replicas of the sparse
filler F(Z%) response, the attenuation caused by the interpolator is easy to check
using quantized interpolator coefficients, if necessary. According to these arguments
it is sufficient to analyze only the effect of quantizing the coefficient of F(Z%). The
standard deviation (¢p;r) of the coefficient quantization error of a conventional filter
of length LN can be compared with that of an IFIR of lenght N, {(g)pir) derived
frotn F(Z%) of length N. For large N, it can be shown using Eq.(3.40). that 11°IR

and FIR are related as

opin = Loy ERE

To determine the ontput. toundoll noise variance T ol a direct form IR (l-
ter with length LA, we assume that all mualtiplication products are rowded helore

they are summed (implies that cacli tap has a roundoff noise source). Thus. the total

"In all of our IFIR. filter designs, an amplitude of one is used.

51, F. Kaiser showed that direct form FIR flters have insignificant coeflicient sensitivities il the
transition bandwidth is not steep [110].
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output roundoff noise is the sum of LN uncorrelated noise sources, each uniformly dis-
tsibuted between —q/2 and ¢/2, with variance q*/12. Therefore, the output roundoff

noise variance (Y rzg) at the output of a conventional filter of length LNV is

LNg¢
12

Trir = (3.14)

An IFIR filter derived from sparse filter of length V has the output roundoff noise

variance

2 .
2 q 1=

Tirir = [Nzl_:g.- + (9]-1—2 (3.45)

where ¢; are the interpolator taps and © is resulted from the noise generated in

the interpolator section. Y. Neuvo et al. [88] showed that if NV is large, then the noisc

contributed by the interpolator can be neglected. Thus, we can relate the variance of

the IFIR to that of the FIR as

Trir = LT rir (3.40)

3.6 Design Examples

We have designed numerous IFIR filters with various specifications. In this section.
we introduce some illustrative examples and contrast the hardware complexity re-
;

qrirements with those of the direct form FIR implemelltéfions. All the filters are

designed using the Parks-McClellen program availablé'iﬁ the DFDP.
Example 1

In this example, the desired passband and stopband ripples are of equal magnitude.
The conventional low-pass FIR filter has its passband edge at 20 mHz and its stopband
cdge at 33 mHz. The passband ripple is to be at most + 0.03 while the stopband

atlenuation is to be at least 30 dB. The sampling rate is 1 Hz. The conventional lincar



phase FIR filter designed using the Parks-McClellan filter program in the DFDP,
requires a filter length 120. The frequency response for the conventional ﬁ'it.er is shown
in Figure 3.8. The minimal value of L calculated from Eq.(3.38) is G. Lin OCCUTS
well below the upper bound L., = |7/w,] (= 15). Selecting L to be 6 and following
the design steps outlined earlier, the length of the model filter (shown in Fignre 3.8)
is 20, and the interpolator is of order 16 (also shown in Figure 3.8). The hardware
requirement for the conventional FIR and the IFIR are summarized in Table 3.2, To
illustrate the dependence of the computational efficiency of the IFIR structure on the
value of L, another IFIR filter is designed with the above specifications and L = 10.
As it appears in Table 3.2, the use of non-minimal interpolation factor L can increase

the complexity of the IFIR filters.

Method | L | order | Np | Ng | multipliers | adders | savings
FIR 1120 [ -1 - 60 119 -
IFIR | 6] 36 | 20 16 18 34 70%
IFIR |10].58 | 18| 45 29 56 51% |

Table 3.2: Hardware details for the filters designed in Examplé 1.
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Example 2

This is an example where the passband is very narrow. The sampling rate is 1
Hz. The passband frequency is at f, = 1 mHz and the stopband frequency is at
f, = 13 mHz. The desired passband and stopband ripples have equal weights in the
design. The passband ripple is to be at most £ 0.018 while the stophand attenuaion
s to be at least 35 dB. The conventional linear phase filter requires 130 taps. Using
£¢.(3.38), L, is calculated to be 10.12 Rounding, we use 10 as the interpolating
factor. For this value of L, the interpolator has an otder 21 while the corresponding
model filter has an order 16. The frequency response for the conventional and the

IFIR realizations are shown in Figure 3.9 and the respective hardware details are

summarized in Table 3.3

Method | L | order | Np | Ng | multipliers | adders | savings
FIR 11 130 - - 65 129 -
IFIR Y 10| 37 16} 21 19 35 1%

Table 3.3: Hardware details for the filters clesign'{gd in Example 2.

From these tables, it is observed that the IFIR implementation provides a substan-

tial reduction? in the number of arithmetic operations over the conventional direct-

[orm structures.

"The price paid for the reduction is a slight increase in the number of delay elements.
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3.7 Conclusion

The general theory of the IFIR filter design has been presented. IFIR filters are
based on interpolation of the impulse response. The IFIR filter is a cascade of a
prefilter with sparse impulse response and a frequency response periodic with 2= //.
followed by an interpolator filter filling the missing impulse response samples and
attenuating the undesired spectral images of the sparse filter response. A siple
design procedure based on frequency domain has been reviewed. Two approaches
to the design of the interpolator filter of the iFIR structure have been explained:
the RRS interpolator and the optimal interpolator. Formulas describing the total
number of arithmetic operations and the minimal value of the interpolation factor L
minimizing the computational complexity have been given. It has been shown that
IFIR filters take 1/Lth of the adders and multipliers and , in addition, possess 1/Lth
of the output roundoff noise level and 1/ VLth of the coeflicient sénsitivity of an
equivalent FIR filter. The IFIR filters are shown to be very efficient in synthesizing
narrow-band response. This was demonstrated through some examples. Additionally.
this computational efficiency will be fully exploited in approximating the tail narrow-

hand response (in the following chapters).
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Chapter 4
AIFIR Echo Tail Canceller

Due to the low-frequency components of the 2B1Q signal, a long echo tail is generated
from the hybrid transformer. The presence of such a long tail in the echo response
can dramatically increase the complexity of the echo canceller. The use of AFIR
to cancel the echo tail is not effective due to the very high order required. In this
thesis, we propose the use of a two-stage canceller for echo cancellation. The first
stage is an AFIR filter that covers the first few symbol intervals of the echo path
impulse response. The second stage is an adaptive interpolated finite impulse response
{AIFIR) filter which approximates the echo tail. The AIFIR filter is used as an ccho
tail canceller since it has been shown to be capable of efficiently impleémenting very
narrow band impulse responses. Significant complexity reduction was attained by
using this new structure. The AIFIR structure retains all the advantages of the IFIR
filter [88] without affecting the simplier calculations requirement of tl;e 2B1Q line
code (3 bit/symbol; in binary 2's complement representation of the 4-level symbol).
The adaptive IFIR filier is deseribed in section 1.1, A comprehensive mathematical
treatiment of the AIFIR structures is given in section -L.2. Noreover. Ihe AIFIR
lilter is compared with an AFIR filter in terms of the computational requirement in

subsection 4.2.1. The analysis of the proposed two-stagz echo cancellation employing



4.1 System Description of Pi'oposed Two-Stage
EC

The rationale behind ihe two-stage cancellation scheme is the shape of the echo path
impulse response. The first section of the impulse response is coarse,' whereas the
tail part of the response is a slowly decaying ex ponentail (with a large time constant).
Thus. there is a strong correlation between neighboring impulse response values. The
veason for the AIFIR approach is the nature of the echo tail response. In frequency
domain, the echo tail frequency response is a narrow-band response.? IFIR filters are
very effective in simulating narrow-band responses (as shown in chapter 3). Therefore,
IFIR filters are well suited for approximating the tail section. The IFIR filter has been
compared with other computationally efficient FIR filters structure and proved to he
the most efficient filter [90].

There has been a number of published designs that deal with the cancellation of
the echo tail response. A popular method is to simulate the long echo tail of the
echo path response with a fixed pole first-order IIR (infinite impulse response) filter
or filters, with adaptive gain [80]-[S3], [108]. The value of the fixed pole is calculated
from the d.c. cutofl characteristics of the hybrid. Due to the fact that the echo tail
response decreases very slowly, an 1R filter with large time constant {pole near the
unit circle) is required. Thus, this filter requires high precision implementation. An
R filter with adaptive pole(s) has been used to approximate the echo tail response
[109]. However, complicated adaptation algorithms are required Lo maintain 5£;\hiliL,\f
during adaptation. Another technique to suppress the echo Lail is to use (1 = 1)
high-pass receiving flter (e.g.. in [32]). Nevertheless, this filter dooes allow mure of
the elleets of noise and crosstalk. Another disadvantage, a A-level received signal is

wransformed into a 7-level signal by the (1 — D) filter. Extra hardware is reguired to

IThe first-stage AFIR canceller is used to represent this section.
2This tail can be modeled by a first-order 1IR filter with a pole close to the unit circle.




retransform the signal.

The proposed tail canceller is an adaptive version of the interpolated FIR filter
(IFIR) introduced in [10]. It is based on providing a long impulse response using
fewer coeflicients and making use of the special properties of narrow-band frequency
response filters. Moreover, the AIFIR technique is more general and can be utilized to
reduce the complexity of DFEs. Next, we will deseribe the structure of the adaptive
IFIR filter. |

The proposed architecture of the tail canceller is based on adapting the coclicients
of the sparse filter F(Z%) while keeping the interpolator taps fixed [10] when simu-
lating the echo tail narrow-band response, as shown in Figure 4.1. The interpolator

taps are held fixed to simplily and reduce the complexity of the proposed approach.

dn
Trans. 1t
s
Data Ya
1 ‘

Figure 4.1: Block Diagram of Adaptive IFIR Filter,

Since the AIFIR tail canceller maiutains the compatational efficiency (e the
nnmber of arithmetic operations) of the IFIR filter, a lower order echo canceller can e
achieved. The received 2B1Q) signal is coded in 3-bits/symbol. It is thus advantageous
to preserve the precision needed at this low level. As shown in Figure 4.1 , the first

section of the AIFIR will receive this 3-bit data requiring 3-bit delays and 3xr bit
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multipliers, r being the number of bits/coefficient. The coefficients of this section are
updated according to the LMS algorithm [95], [96]. The output is then fed into the
interpolative low-order section which will be working on a higher precision level (i.c..
higher than the first cascace) with fixed coefficients. The following section analyzes
the convergence properties of the AIFIR flter and coh‘:pares them with rhose of a

conventional AFIR.

4.2 Analysis of Adaptive IFIR Structures

Many forms of adaptive algorithms exist which vary greatly in computational com-
plexity. In this thesis, the LMS algorithm is used to iteratively update the taps of the
sparse filter F(ZL) so that the overall AIFIR response matches the impulse response
of the echo tail. We now proceed to derive the MSE for AIFIR filter based on the

system depicted in Figure 4.1. the error is

€h = du = Un (l 1) .
The output of the AIFIR can be expressed as

i 8
¥n = Z Zgika(n)zn-i-Lk (4.2)

i=0 k:O.

or expressed in vector notation as

= FTM (‘I';)

F and M have been defined in section 3.2, Subscquently, the error signal {or the

AIFIR filter can be written as

th =d, ~ F'M (:1.-1)

The instantancous squared error is
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e2 =d? —2d,FTM + F"MM’F (4.5)
If we take the expected value of Eq.(4.5) and invoke the statistical assumptions

regarding input signal, echo path, and error signal defined in subsection 2.3.1, we

have the MSE

MSE = Ele?] = E|d?] — 2E[d,M7|F + T E(MM7|F (1.6)

Let R be defined as

R = E{MMT) | (1.7)

ma momyg -+ ToMaL
mymg mi .- mpmgg
| mgpmo mgLmy -0 map

R is designated as ‘modified correlation matriz’. R is a modified version of the
conventional correlation matrix in the sense that its entries are inner products of input
data and interpolator coefficients (as defined in chapter 3). In fact R is a diagonal
matrix with the uncorrelated input data assumption.® The variance of any diagonal
clement is equal to o2||GJ?, where |G| = L, g}

Let P be defined as

P= I'.'[r!,,MT] = Lldamg doang oo ri,,m;_,,]T . {1.9)

I'len, we can reexpress the MSE (Eq.(4.6)) in terms ol Eeq.(4.7) and Fe.(1.8) as

MSE = E|e}] = E[d%] - 2P7F + F'RF (1.10)

*Migh value of £, will make sure that mp and my are uncorrelated (see Appendix C for pseudo
proof).




The gradient is

Jn = 2RF - 2P (4.11)

The minimum mean squared error (MMSE) is obtained by setting the gradient

equal to zero and substituting for R in Eq.(4.10)

MMSE = E[d?) -~ PTF,, (4.12)

where F,,; is the optimal coefficient vector.
Now, the update equation of the LMS algorithm for AIFIR filters can be derived.

From Eq.(4.4), we can express the gradient estimate as

Vn = —2e,M (4.13)

Then, the weight update equation is

Foi1 =F. +ae,M (4.14)

where a is the gain parameter.

The above expressions are similar to the expressions for the conventional adaptive
FIR (AFIR) [97). Thus, we are still dealing with the standard form of equations.
However, there are some differences. Firstly, the input data is passed through two
filters which results in a matrix X for the input signal (sce Eq.(3.13)) instead of the
brput data vector Xoapplied 1o the conventional AFIR (see Eq.(1.15)). Secondly. the
weight update equation is dilferent from the one for the standard AR, ll.' dillers in
the tap weight update increment, Eq.(4.14) shows M instead of X. The vector M
consists of inner products of input data and interpolator taps. However, the nature
of the computation required in the AIFIR filter is not different from that uscd for the

standard AFIR.
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4.2.1 Complexity Comparison: AIFIR vs AFIR

We now compare the number of computations required for the AIFIR filter with that
required for an eqﬁivalent conventional AFIR filter estimating the same response.

Starting with AFIR filters, the LMS algorithm interactively adapts the tap weights

by

wn+l = VV“ + Q’Enx ('ll'-))

Direct implementation of Eq.(4.15) requires two multipliers per filter tap, one’ to
produce the tap weight update, ae,z,-; and a second to calculate the signal sample-
tap weight product, w;z,;. Thus, N multipliers are required to compute the sample
output and N multipliers are required for an update of all weights. Also (N —1)
adders are required. For an AIFIR structure, the number of non-zero coeflicients for

the sparse filter F(2Z%) can be estimated as,

Ne = |N/L| | (4.16)
where |z denotes the largest integer < @, and [z] denotes the smallest integer

> 2. Therefore, the number of multipliers required for the implementation of AIFIR

is

Ni= |N/L| (3 x r) multipliers + Ng (r x v) multipliers (4.17)

where 7 is the number of bits/coelficient and input data is assumed to be 2B1Q
symbols, Ng is the order of ({Z). From Eq.(1.1T), we can see the savings in the
required number of multiplications/output. computation as compared with an Nl
arder AFIR approximating the same response requiring N mnltipliers ol size (3 x r).
Now consider the number of muli.iplicatimw recuived for the update equation

[Eq.(4.14). The individual components of A are an inner product of data inputs and
4

«r is chosen to be a power of two.
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interpolator tap values. Because of the inherent properties of AIFIR, mg will become
my, after [ sample times. Thus, during the operation of the AIFIR, all we need to
compute is mg and feed mg to a serial shift register. Ng multiplications of (3 x r)
bits cach are needed to compute one inner product. This computation is requires
in addition to the |N/L] multiplications of (» x r) bit each needed to upcate the
coefficients of the sparse filter as in Eq.(4.14). The number of multipliers needed for

the AIFIR update equation |

nip = |N/L| (r x r) multipliers + Ng (3 x v) multipliers (4.18)

[t follows from Eq.(4.18) and Eq.(4.17) that the AIFIR filter would require a
total of (N; 4+ n;) to compute the output and update the coeflicients compared to
the transversal AFIR filter estimating the same response. For large L’s significant
savings are obtained. The complexity of the two-stage canceller of Figure 4.2 can be
determined. In order to implement the AIFIR echo tail canceller (assuming lincar
phase design for the interpolator), then 2(Ng + [Ng/2]) multipiiers are required.
The main echo canceller requires 2Ny multipliers of size (3 x ). With respect to
the complexity of the AIFIR tail canceller, to perform filtering, Nr multipliers of size
(3 x 7) and [Ng/2] multipliers of size (r x r) are required. To perform adaptation,
Np multipliers of size (r X r) and [Ng/2] multipliers of size (r x r). Because of
the simple binary nature of the received 2B1Q data, the multipliers of size (3 x 1)
can be replaced by shiltfadd operation (that is only assumed lor the AIFIR filter).
Consequently. the complexity of the main echo canceller and the 1ail eeho eanceller,

I't 's;u_-l'l.i\'t.'l_\'

COMPLEXITYype = 2Ny (3 x r) mullipliers (1.19)

COMPLEXITY irin = Nrp 4+ [Ng/2] (r x ») multipliers (4.20)
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Table 4.1 compares the number of computations required by the AIFIR filter with

that of an equivalent conventional AFIR filter estimatinging the same response.

Method | # of multipliers # of adders Type of G(Z)

AFIR IN 3N —1)
AIFIR | 3(VJL+1) | 2AN/L+L-2) RRS

AIFIR | 2(NJL+ Ng) { 2(N/L+ Ng —2) Optimal

Table 4.1: AFIR vs AIFIR, a complexity comparision.

4.2.2 Two Stage Echo Cancellation Utilizing AIFIR Filter

Figure 4.2 shows the structure of the proposed two-stage echo canceller. The first
stage is an AFIR echo canceller that spans the first few baud intervals of the impulse
response, and the second stage estimates the echo tail by employing an AIFIR filter
as a Tail Echo Canceller. In chapter 5, we will present the simulation results of the
system in [Figure 4.2.

This subsection examines the interaction between the Main Echo Canceller (MEC)
and the Tail Echo Canceller (TEC). The echo impulse response is separated into a
main echo pulse covering the first few baud intervals and an echo tail. Thus, we can

model the echo path response as

Nar-1 00
dy= 3 bxpe+ D bituk . (4.21)
k=0 k=N

where the first Ny terms are implemented by the Main Echo Canceller. To find
the optimum set of coelficients and the MSE, it is assumed the data® z,, is uncorrelated
with the noise and far-end data, s, (sce assumptions in section 2.3). The following

veetors will be nsed in the analysis;
I. the main echo pulse vector B=(bg by ...... bNM_l]""

2. the tail echo pulse vector T = [t ¢; ...... vz Nt oo )T

5 Also assumed to be uncorrelated among themselves
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F (ZL )= Sparse Filter
G ( Z )= Interpolator Filter
MEC = Main Echo Canceller

Figire 4.2: Block diagram of two-stage ccho cancellation incorporating AIFIR lilier

as a Lail canceller.




3. the Main Echo Canceller coefficient vector C = [con €10 -+ ---- ENy=1m)7

4. the Tail Echo Canceller coefficient vector H = [hpn hagy -..... By vn]”

Using the above definitions. the output of the two stage echo canceller is

Ny—13 Ny -1

Yn = 3. CkTaok+ D Mk (+1.22)
k=0 k=Nns

The received signal can be expressed as
ra=BTX+TTX +s,+0, (1.23)

where ((,, = L2 n, hx¥u—s) is the residual uncancelable echo corresponding to cclio
delays that exceed the number of coefficients in the echo canceller. The s, is far-end

signal plus noise.

Then, the error after subtracting the echo canceller output is

en=(B-CYX+(T-H)"X+s, +¢(, (4.24)

en=UTX +VTX 45, + ¢, (4.25)

U and V are the coefficient error vectors. The expression for the MSE is

Ele;] = o E|

U, [P+ a2E[| V. ) + 0] + o} (1.26)

The coellicients of the Main Echo Canceller and the Tail Echo Caneeller are ap-

dated every syinbol imterval according to
Cre1 =C, + pe;X (-‘I_.‘.!T)
H,..=H,+ae,M (-1.28)
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From Eq.(4.26) it can be scen that investigating the behavior of the MSE in-
volves finding expression for E[||[U, ][] and £[||V,][?]. Analogous to the derivation
in the previous analysis, the mean squared coefficient error vector for the Main echo

Canceller and the Tail Echo Canceller are

Ell Unar IF] = (1=2p03 4420 ZNyy ) E[|| Un [Pl+#20 i Ny Ef|| Vi |Pl41°02 N0 (02 407)
(1.29)

Ell Vot ) = (1-2a¢a?+a|G|Po) El| Vi [P+ GIPoE]| Uy [3+a2||GlPo2(02+02)
(4.30)
where ¢ is a sum of interpolator taps. Now, the problem becomes the sanie as

that solved in [38]. To express Eq.(-1.29) and Eq.(4.30) in matrix form, let

£ Un |I7] ] :
Dn = ‘1'03.]. .
v o3
2.2 2, .2
_ | #ozNu(a? +a?) .
= [ @*IG|[?o%(6? + o?) (1:32)
T piaiNyy ,u.za’:.f\’i\, o
= [ *lGIFe " 1~ 2a¢ot + a?|GIfe )
Then. Ee.(-1.29) and Eq.(-1.30) can be expressed as
D"+[ = HDH + I{ (]31]
Eq.(h34) can be iterated to yield
-1
D,=H"Dy+ Y HK (1.35)

i=0
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The first term of Eq.(4.35) is transient® and will converge to zero if all eigenvalues
of H are within the unit circle [98]. Its rate of convergence is governed by the largest
eignvalue Ayqx. The second term is the steady state error of both cancellers and can

he evaluated as

. A yite _ -l e
lim D =Y HK = (I-H)7'K (4.36)

=0

Therctore, the total steady state error (SSE) is

Ny + ap ) 2 g-
- - . ..;
2“’3(!an:+&!’)(0-’ + o) (40

where p = ||G[?/¢. Then the steady state MSE is

SSE =

o(1Ny + ap)
2 —a2(uNum + ap)

MSE =(1+ )(o? + a?) (4.38)

The relative values of the step-size parameters g4 and a should be chosen to make
the maximum eigenvalue Amqr of H as small as possible. Consequently, convergence

rate is maximized. The fastest convergence is obtained by choosing p and a as [58)

1
"~ aX{(Np + p)

That causes the highest MSE. Lower MSE can be achieved at the price of slower

p=a

(4.39)

convergence by selecting smaller values of p and o.
We now consider the nmber of bits required for the tap representation of the
AFIR echo caneeller. Tu [38]. it has heen shown that the tap wordlength capn be

found as

U
el | Iwo I (4.40)
L]

"It is evalunted as a series of terms involving the nth power of the eisenvalues of H [58].
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W, = tap wordlength in bits
| Uy || = rms value near — end signal
os = rms value far — end signal

it = step — size

In a typical worst case situation, where the ratio oi‘ near-end to far-end signal
power HE_:H = 40dB, the tap wordlength is calculated to be 16 bits (i = 5.6 x 1073).
It has been shown in [90] that the taps of IFIR filter required 1-3 bits less ;tllan the
equivalent FIR filter. Therefore, we anticipate that the AIFIR filter will have a tap
wordlength close to that of the AFIR filter.

4.3 Conclusion

The basic intent of this research is to develop adaptive thinned FIR filter structurcs
to reduce the complexity of the echo canceller. In this chapter, we proposed a new
architecture for the echo tail canceller. The proposed tail canceller is an adaptive ver-
sion of the interpolated FIR filter introduced in [88). The general theory of the AIFIR
structure has been derived. The analysis of the proposed two-stage ccho canceller was
developed. Tt was shown that the AIFIR structure is very eflicient in estimating the
echo tail narrow-band response requiring significantly fewer multipliers and adders
compared to the direct form adaptive FIR filter. The suggested AIFIR filter also
maintains simplier calculations required by the direct form AFIR and requires only

the basic FIR computations. In chapter 5. extensive simulations will be performed to
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show that 60 dB echo cancellation performance is attained by the proposed two-stage

echo canceller at highly reduced computational complexity.
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Chapter 5

Simulations and Results

in this chapter, the proposed two-stage echo canceller is simulated. The first stage
is simulated as an AFIR filter to cancel the main echo part. The second stage is
simulated as a cascade of an adaptive sparse filter and a non-adaptive interpolator to
cancel the tail section. All simulation programs were written in C and compiled using
the VM/CMS Waterloo C compiler on the mainframe computer. The DFDP package
[105] was used to design the interpolator filters. The essential details and definitions
pertaining to the system simulations are explained in section 5.1. In order to have a
wide sample of nonloaded® subscriber loop lines (see Appendix A for details on these
loops}), echo path impulse responses were numerically generated? for subscriber loops
with various configurations. The AIFIR echo tail canceller design method is out-
lined in section 5.2 where special emphasis is placed on the loop echo tail {requency
response. In section 5.3, extensive simulations were carried out to investigate the
performance of the overall echo canceller. These investigations were primarily on the
elfects of parameters such as the passband edge® frequency f, and stopband ripple 8,
ol the interpolator, as well as the length of the first stage echo canceller Ny on the
echo canceller performance. The first two parameters affect the design of the inter-

polator/tail canceller. Tt will be seen later that some selections of these parameters

""T'hose lines not containing inductive coils make up 77% of the loop population.

*For example, loops such as #2, #5, #6, #7, #11, #12, and #13. Loop#9 was supplied by My
G. Davidson. Loop#10, and #0 were supplied by Dr S. Aly.

311 is the actnal stopband edge frequency of the tail frequency response.
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resulted in more complex interpolators than necessary. Investigation#l was carried
out to study the [avorable/adverse effects of the main canceller length Ny on the
svstem performance. The objective of investigation#2 is to understand the effeet
of the interpolator passband [requency f, on the system performance/complexity.
Since the first two studies were based on the utilization of an interpolator specifically
designed for the loop used, generalization of the interpolator section was essential.
Thus, the effects of employing a compromise interpolator for all loops was consid-
ered in investigation#3. Finally, the effects of the stopband ripple 8, on the overall
system performance were determined in investigation#4. The proposed AIFIR filter
approach was compared with the echo tail canceller of Davidson and Falconer (100]
in section 5.4. The results show that the suggested tail canceller is quite efficient.
This proposed tail canceller approximately requires 27% of the hardware of the AFIR

canceller. Concluding remarks on the chapter are given in section 3.5.

5.1 Simulation Detalils

‘The simulation results for the two-stage echo canceller (shown in Figure 4.2) are
reported here. A number of assumptions and details ought to be pointed out before
presentation of the results. In order to ensure that adequate echo cancellation is
attained from the proposed echo canceller under different line arrangements, our
investigations cover the cffecis of loops of different, lengths, number of bridged taps.
and line gauges. We used a program that was developed by Dr D .1 . Falconer (4
Carleton University) 1o generate the impulse response for echo paths ol any desired
loop configuration inchiding the effects of bridged taps, the transformer, and the

hybrid, I generates the near end echo in two stages [99):

L. The program (inds the transfer function of the ccho path at various points

in frequency, up to half the sampling frequency®.  This translfer function is

Tl used sampling frequency is 640 kilz (8 times the baud rate).
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multiplied with the transmitted pulse transfer function (100% raised cosine

transmit filter was used).

2. The echo path impulse response is obtained using an inverse FFT. This impulse
response contains eight samples per baud. Qur simulations use one sample per
baud (i.e., 80 kbaud sampling rate). Thus, the echo path impulse response is

decimated to 80 kbaud sampling rate.

These echo responses are the input signals to be cancelled by the suggested echo
canceller. Some echo path impulse responses are shown in Figure 5.1 to Figure 5.3.
From these figures, it can be observed that the echo tail response, eventually decays
monotonically in an exponential manner, and lasts® several hundred samples (see
section 4.1 and [69]). Moreover, the echo tail responses possess the same gencral
shape for most loops considered. From these figures, it appears that the echo path

impulse response has three different regions:

¢ A first region in which the echo response changes rapidly (wide-band response).
¢ A second region in which the echo response has a pseudo exponential nature.

¢ A third region in which the echo response can be approximated as an exponential

function(s).

In order to obtain adequate performance, an FIR representation of the coarse

region main echo is a necessity.
5.1.1 Echo Canceller Length Requirement

The purpose of this subsection is to determine the minimum length ol an echio canceller
that is required to mect a specified Echo Cancellation Accuracy (ECA). To find the

length requirement® of an echo canceller for a given Echo Cancellation Accuracy

®Echo tail lasts over a thousand sample for 320 kbaud sampling rate [100].
“i.e., how long must the echo canceller spans to achieve the required cancellation accuracy ?
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Figure 5.1: Echo path impulse response of Loop#2.

106



MAGNITUDE

e Response

............

-----------------

Loop#6 Echo Path Impuls

----------------------

............

...................................................................

.....................................

---------------------------------

......................................................................................................

.........

......................................

..................

50 100

Baud Periods

150

Figure 5.2: Echo path impulse response of Loop#6.

107




MAGNITUDE

x10-? Loop#9 Echo Path Impulse Response
0.5 . T T

i
ot .
0.5} -
b .-
IR TL.{ L S—— e ST S -
7Y 1 I— S SOOI SH— -
0% {! [—— EIT— FRR——— RO U -
0 % i0o i5 200 250
Baud Periods

Figure 5.3: Echo path impulse response of Loop#9.
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(ECA), we determine, the ratio of the residual uncancelable echo’ to total echo on

an energy basis. This ratio® is represented as

Residual Echo Energy i
. < ECA 5.1
Total Echo Energy — ¢ (3.1)

In this thesis 60 dB echo cancellation accuracy is used unless otherwise staled.

'To attain the 60 dB ccho cancellation accuracy, the residual echo encrgy must
he reduced below 60 dB compared to the total echo energy. Thus, we can find the
number of echo canceller taps needed for a given echo cancellation accuracy. It is
interesting to report that for all the loops considered, a careful look at the impulse
response showed that these responses possess numerical oscillations® after about the
420t sample. In practice the response of the echo path will not have these numerical

oscillations which are partly caused by the FFT accuracy!.

Performance Measures

Since the far end data is attenuated by the channel, a reduction in echo power of
as much as 60 dB is required for an SNR of 20 dB. With this criterion in mind, the

measure of echo cancellation performance!! (ECP) is defined as

Actual Echo Energy Before Cancellation
Residual Echo Energy After Cancellation

ECP = 10log,, dB  (52)

For the first stage echo canceller, it can be defined as [103], {103], [104]

It is the echo part that exceeds the echo canceller tap length,

31f this ratio is not satisfied, then the energy of uncanceled echo will compromize the performanee
of any echo canceller. .

YExcept Loop#9.

WA Radix Two FEI was uswed in the loop generating program to go from the frequeney domain
to the time domain. The FFT assumes that a periodic function is being transformed and that the
fenction is bandlimited to 320 kNz, The truncation of the echo transfer function will cause nnmerical
oscillntions in the echo path impulse response.

111 means the degree of cancellation achieved by the echo canceller (i.e., how much of the near-end
echo power is canceled ?).

109



Tiet
ECP =101 —

1 €10 ::g—l(bt — C,')""
tV."!

where T b2 is the actual echo energy of the echo path impulse response before

dB (5.3}

cancellation. For the second stage (tail canceller), if we assume perfect cancellation

by the first stage canceller, the echo cancellation performance (ECP) can be defined

as

T b
ECP2 = 10 loglo :N‘E;—(t. _,,'h)2 dB (5.‘1)
=Ny ™t 1

The above equations will be used in our investigations as performance merit for

the echo canceller.

5.2 AIFIR Echo Tail Canceller: Design

The design of the AIFIR Echo Tail Canceller is based on the frequency response of
the echo tail to be estimated. Due to the fact that the design of any IFIR filter is
performed in frequency domain (see chapter 3), a study of the tail frequency responsce
for all considered loops is essential. Next, the frequency response of the echo tail for
Loop#2, Loop#35, Loop#6, Loop#7, Loop#9, Loop#11, Loop#12, and Loop#13 is
produced via an FFT. An interpolator is then designed for optimum performance on
a given loop. Later, we will show how to design a compromise interpolator for 60 dB3

ECP performance on all loops considered.

5.2,1 Echo Tail Frequency Response

The echo path impulse response was separated into main ccho pulse and echo tail.
An FIT of the tail echo pulse was performed to obtain the frequency response ol the
tail section of Loop#2, Loop#i, Loop#G6, Loop#T, Loop#9, Loop#!ll. Loop#12.

and Loop#13. Those frequency responses are illustrated in Figure 5.4 to Migure 5.11.
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A parameter such as the passband frequency'? f, of the interpolator G(Z ) is selected
from the frequency responses to be used in the design of AIFIR filter. This selection is
based on a criterion of 22 dB ratio for the highest point in the amplitude response and
the point corresponding to f,. Table 5.1 lists the passband frequencies f, (in mHz.
normalized) as a first trial. The selection of these passband frequencies is based on
thie tail spectrum of the above loops. It will be seen later that this selection resulted

in more complex (i.e., higher order) interpolators than necessary.

Loop# fo
2 15.62 mHz
5 15.00 mHz
6 13.67 mHz
7 14.65 mHz
9 11.72 mHz
11 16.60 mHz
12 15.43 mHz
13 It 15.23 mHz

Table 5.1: The first selection of passband frequencies fo

5.2.2 AIFIR Design Steps

The AIFIR filter is composed of the sparse filter F{Z%) and the interpolator filler
((Z). The sparse filter F(Z%) is adapted so that the overall t'requenc_\'“rcsponsn
tracks the echo tail frequency response. The interpolation factor L determines the
number of non-zero taps of the sparse filter. The interpolator is then designed as a
tulti-stopband FIR filter. Its passhand is selected on the basis of the actual stophan]
edge f, of the tail frequency response (Table 5.1). The design process of the AIFIR

lilter s summarized next:

L. From the given tail stopband edge frequency fy (i.c., the selected interpolator

passband edge), we determine Loz (= [1/2f,]). In this thesis, L is selected"

¥ The passband width of the interpolator is chosen to equal the stopband frequency f, of the tail
spectrum,

13This selection satisfies the condition L < Limaz(= 30) for no spectral ailiasing.
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TAIL#2 Frequency Response.
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Figure 5.4: An exploded view of Loop#2 tail frequency response.
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TAIL#S Frequency Response.
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Figure 5.5: An ¢xploded view of Loop#5 tail frequency response.
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TAIL#6 Frequency Response.
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Figure 5.6: An exploded view of Loop#6 tail frequency response.
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TAIL#7 Frequency Response. ‘
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Figure 5.7: An exploded view of Loop#7 tail frequency response.
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TAIL#9 Frequency Response.
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Figure 5.8: An exploded view of Loop#9 tail frequency response.
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TAIL#11 Frequency Response.
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Figure 5.9: An exploded view of Loop#11 tail frequency response.
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TAIL#12 Frequency Response.
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Figure 5.10: An exploded view of Loop#12 tail frequency response.
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TAIL#13 Frequency Response.
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Figure 5.11: An exploded view of Loop#13 tail frequency response.
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to be equal to 15 unless otherwise mentioned.

1o

The sparse filter F(ZL) is implemented as an adaptive FIR filter with L delays
between the coefficients. These coefficients are initialized to zero value at the
start of the adaptation. The length N of the sparse filter (i.e., the number of

non-zero coeflicients) is estimated using Eq.(<.16).

3. For the specified L. the positions of the undesired spectral images of the sparse
filter spectrum are determined from Eq.(5.6). We design the interpolator fiiter
G(Z) to suppress these undesired spectral images to or below the specified stop-
band attenuation. The interpolator G{Z) is designed as a multistop band FIR
filter having passband matching the wanted response of F(Z%) and stopbands
overlapping the unwanted replicas of the sparse filter spectrum. Thus, the over-
all cascade of the sparse filter F(Z Ly and the interpolator G(Z) approximates

the echo tail spectrum.

The intetpolator (7(Z) specifications used in our simulations are

Passband € [0, [, ] (3.5)

Stopbands € [K/L—f,, K/L+ f,] , K =1,2,..514. (5.6)
Amplitude gain = 1 (5.7)

Interpolator order = Ne (58]

Passband ripple = §, (5.9)

111 wiil be seen later that the stopband level affected the echo cancellation performance.
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Stopband ;-ipple = é, (5.10)

We start the design of the AIFIR filter such that each loop has a particular
G(Z) tailored for it. The following is the design of G(Z) based on 1001)‘#'2 tail
frequency response. The chosen interpolation factor L is selected to be equal to 15.
As an example, the design method of the interpolator filter based on the frequency
response of loop#2 is given here. The passband edge frequency f, (from Table 3.1)
is equal to 15.62 mHz. Thus, the specifications of this particular G(Z) are listed in
Table 5.2. The interpolator is designed using Parks-McClellan program in the DFDP.
It was found through extensive simulations (to be reported later) that the degree
of attenuation of the stopbands should be at least greater than 32 dB to attain the
required cancellation accuracy. With this criterion in mind, the interpolator order

found by the DFDP was 46 taps (i.e., 23 actual multipliers).

Passband edge 15.62mH =
Stopband# 1 51.05 — 82.29mH =
Stopband#2 | 117.71 — 148.95mH:
Stopband#8 || 184.38 — 215.62mHz

" Stopband#{ | 251.05 — 282.29mHz

Stopband#5 || 317.71 — 348.95mH 2z

Stopband#6 | 384.38 — 415.62mH

Stopband#7 | 451.05 — 482.29mH 2

Table 5.2: The passband and stopband widths of Loop#2 interpolator, L = 13,
sampling lrequency normalized to 1 Haz.

5.3 Simulation Set-Up

Simulations were carried out to investigate the performance of the suggested two-
stage echo canceller. Effects of paratneters such as the passhand edge lrequency f,.
stopband ripple 6,. and ¥y on performance will be studied and reported. We will also

investigate whether or not adequate echo cancellation performance can be atlained
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if a compromise interpolator is used for all loops. The system depicted in Figure 4.2

was simulated as follows:

1. An adaptive FIR filter with variable length Nas was simulated'® as the Main
Echo Canceller. This canceller is used to cancel the main echo pulse of the echo

path impulse response.

12

An adaptive IFIR filter based on the method of section 5.2 was simulated as the
Tail Echo Canceller. The first cascade (sparse filter F(Z*)) is being adapted so
that the overall IFIR response tracks the tail response and the second cascade
(interpolator) is kept fixed (i.e., non-adaptive). The adaptation of the echo
canceller is being done in presence of the far-end data and noise. A noise source
with Qariance o2 = 10~ was added to the output of the hybrid. The hybrid
was simulated as a 420 sample FIR filter with taps equal to the baud rate
sampled echo path impulse response of any loop considered. Péeudo random
noise generated sequence!® was employed as an input to the two-stage echo
canceller and the simulated echo path. A common error signal is used for joint

adaptation of the Main and Tail Echo Canceller {(see Figure 4.2).

5.3.1 Investigation#1: Effects of Main Canceller Length

The purpose of this simulation is to study the effects of the Main Echo Canceller
(MEC) length Ny, on the echo cancellation performance. As stated carlier, 60 dl3
of echo cancellation is required from the two-stage canceller. The echo path impulse
response s divided into main echo pulse of length Ny, and echo tail pulse ol length
N The selection of the time instaut (Nyy) at which the echo path impulse response

is separated into main echo pulse and tail echo pulse should be made on the basis of

Bnitially, all the taps are set equal to zero.
5Tlhe difference between the far-end and near-end noise source is the use of different sceds in the
noise generators (i.e., to obtain uncorrelated processes).



minimizing the complexity of the overall system and will be found through simula-
tions. Since (N + N}) is fixed at the length of the loop response. then increasing Ny,
antomatically decreases the potential for savings in the tail canceller. At the sanwe
time, decrcasing Ny below some limit will result in attempting to cancel the main
echo using the AIFIR section. This obviously will result in significant cle'gra(latiou
of performance. In this section we will study the effects of Nas on the overall echo
canceller performance. To isolate this effect only, we designed the interpolator to
give best performance on a given loop (i.e., specific interpolator/loop). For stophaud
attenuation §, > 32 dB, the DFDP program resulted in Ng equal to 46 taps {or all
interpolators. For L equals to 15 for all the loops, the sparse filter order is 22 non-zero
coefficients (from Eq.{4.16)). The locations of the spectral images of the response of
the sparse filter are determined and attenuated by G{Z) (e.g., see Table 5.2). Thus,
an interpolated response of 361 samples (from Eq.(3.27}) is generated by the AIFIR
lilter to cancel the tail pulse. In order to implement the AIFIR tail canceller. 63
taps {from Fq.(4.17)) are requived. Results for some of the Bellcore lines using “.]""
two-stage echo cancellation (with various lengths of Njs) are given in Table 5.3 to
‘Table 5.10. Also, iﬁclucled in these tables are attributes such as the two-stage echo
canceller Total Length and the COMPLEX ITY)\1gc of the main echo canceller (from
Eq.(4.19)). The COMPLEXITY ;5 1r of the tail echo canceller (from Eq.(4.20)) is
15 r x r multipliers. For the loops considered here, the echo cancellation perlormance )
{ECP) as a function of Ny, is depicted in Figure 5.12 to Figure 5.19 clavilving 1he
elleets of increasing/ decreasing the length of the first stage canceller ¥y (i.c.. N-axis)

for unchanged interpolator.
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Total Length | Ny || Nir | ECP 8 [Ne/2] fo COMPLENTTY viee
indB | in dB in mHz
371 10 || 361 || 56.29 || 35.05 23 15.62 20
376 15 | 361 539.17 || 35.05 23 15.62 20
381 20 || 361 | 60.01 | 35.05 23 15.69 40
386 a5 || 361} 61.13 || 85.05 23 15.62 50
393 32 || 36! || 62.73 | 35.05 23 15.62 6.4
401 40 || 361 || 64.20 | 35.05 23 13.62 St
411 30 | 361 { 65.63 || 35.05 23 15.62 100

Table 5.3: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#2.
The main canceller multiplier size is 3 x r. The COMPLEXITY ;r1r of the tail

echo canceller is 45 r x r multipliers.
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Figure 5.12: A graph to illustrate the effects of Main Echo Canceller length Ny on
perlformance. The same G(Z) is used for each value of Ny As ¥y increases echo

cancellation perlormance improves: Loop##2.

194




Total Length || Ny | N, | ECP 8 [Ne/?] 5 COMPLEXTTY g
indB | in dB in mH=
371 10| 361 |} 57.16 || 36.12 23 15.00 20
376 15 || 361 | 60.86 | 36.12 23 15.00 30
381 20 || 861 || 62.46 || 36.12 23 15.00 40
386 25 || 361 62.90 || 36.12 23 15.00 a0
393 32 || 861 || 64.05 | 86.12 23 15.00 6.4
401 40 || 861 |} 65.68 || 36.12 23 15.00 30
{11 30 | 361 | 66.17 | 36.12 23 15.00 100

Table 5.: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#5.
The main canceller nmmltiplier size is 3 x r. The COMPLEX ITY y1pin of the 1ail

echo canceller is 45 r x r multipliers.

ECP In dB
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Figure 5.13: A graph 1o illustrate the effects of Main Echo Canceller length Ny on
perlormance. The same G(Z) is used for each value of Naro As Napincreases echo

cancellation performance improves: Loop#5.
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Total Length NM N.' ECP 6, [JVG/Q-] fp COMPL EX ITY_U L
indB| in dB in mHz
31 10 || 361 | 56.48 || 38.72 23 13.67 20
376 15 || 361 58.89 || 38.72 23 13.67 30
381 28 361 60.13 ) 38.72 23 13.67 40
386 25 || 61 [ 60.25 | 38.72 23 13.67 3l
393 32 || 361 Y| 62.39 | 38.72 23 13.67 ny
401 40 | 361 || 64.95 | 35.72 23 13.67 &t
411 30 || 361 || 66.53 || 38.72 23 13.67 100

Table 3.5: Echo Cancellation Performance (ECP) vs Njs {(specific G(Z)): Loop#6.
The main canceller multiplier size is 3 x r. The COMPLEXITY rir of the tail

echo canceller is 45 r x » multipliers.
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Figure 5.14: A graph to illustrate the effects of Main Echo Canceller length Xy on
performance. The same G(Z) is used for eaclr value of Nyyo As Ny increases echo
canceflation performance improves: Loop#6.




Tolal Length | Nay || Niow [| ECP b, [Na/2] fo COMPLENTTY i
“ in dB || in dB in mfz
371 10 || 361 || 57.79 || 36.85 23 14.63 20
37 15 1 361 | 38.45 || 36.85 23 14.63 30
381 20 || 361 | 61.18 || 86.85 23 14.65 40
386 25 || 3611 61.67| 36.85 23 14.63 30
398 32 & 361 | 62.89 || 36.85 23 14.65 i
401 40 || 861 |} 64.03 | 36.85 23 14.65 80
411 50 || 861 Y| 65.07 || 36.85 23 14.65 100

Table 5.6: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#T.
'The main canceller multiplier size is 3 x r. The COMPLEX ITYsijrin of the tail
ocho canceller is 43 » x » multipliers.
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Figure 5.15: A graph to illustrate the effects of Main Echo Canceller length Ny on
performance. The same G(Z) is used for each value of Ny;. As Ny increases echo
cancellation perlormance improves: Loop#T.




Tolal Length | Nas | N; ECP b, I-IVG/Q] fp COMPLEXNITY g
in dB || in dB in mHz
271 10 || 361 | 58.09 | 42.79 28 11.72 20
37 15 || 3C1 )| 61.74 || 42.79 23 11.72 30
381 20 | 361 || 62.23 || 42.79 23 11.72 40
380 25 || 361 || 62.36 1| 42.79 23 11.72 b1L,
393 32 1 361 64.86 | 42.79 23 11.72 64
401 40 || 361 | 67.85 || 42.79 23 11.7% &0
411 30 || 361} 68.01 || 42.79 23 11.72 100

Table 5.7: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#9.
The main canceller multiplier size is 3 x ». The COMPLEX ITY ypn of the tail
echo canceller is 45 r x r multipliers.
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Figure 5.16: A graph to illustrate the effects of Main Echo Canceller Tength Ny on
performance. The same G(Z) is used for each value of Ny As Ny increases ocho
cancellation performance improves: Loop#Y,




Total Length | Ny | Nir | ECP &, [Ng/2] o COMPLEXITY g
in dB || in dB in mHz
371 10 || 361\ 57.24 | 33.85 23 16.60 20
376 15 || 361 | 59.31 || 33.85 28 16.60 30
381 20 || 861 || 60.56 || 33.35 23 16.60 40
386 25 || 361 || 61.28 §| 38.35 23 16.60 5
393 32 || 361 || 63.76 | 33.35 23 16.60 64
401 40 || 361 | 64.98 || 33.25 23 16.60 7
411 30 || 361 || 66.09 || 33.85 23 16.60 100

Table 5.8: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#i|.
The main canceller multiplier size is 3 x . The COMPLEX ITY 411711 of the tail

echo canceller is 45 r x 7 multipliers.
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Figure 5.17: A graph to illustrate the effects of Main Echo Canceller length 'y, on
performance. The same G(Z) is used for each value of Ny;. As Ny increases ocho
cancellation performance improves: Loop#11.




Total Length | Ny [ Niy || ECP || 6, || [Ne/2] o COMPLEXTTY\ic
in dB || in dB in mH:z
371 10 | 361 56.90 | 35.36 23 15.43 20
376 15 1 361 60.04 || 35.36 23 15.43 30
381 20 || 3617 61.95 || 35.36 23 15.43 10
386 25 || 361 | 62.31 || 35.36 23 15.43 50
393 39 17361 65.08 || 35.36 23 15.43 6]
401 {0 | 361 66.59 || 35.36 23 15.43 30
411 50 || 361 67.24 | 35.36 23 15.43 100

Table 5.9: Echo Cancellation Performance (ECP) vs Njs (specific G(Z)): Loop#12.
The main canceller multiplier size is 3 x r. The COMPLEX ITY sirin of the tail

echo canceller is 45 r x » multipliers.
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Figure 5,18: A graph to illustrate the effects of Main Echo Canceller length Ny on
performance. The same G(Z) is used Tor each value of Ny, As Ny inereases echo
cancellation performanee improves: Loop#EE2.
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Jotal Length | Ny || Ny | ECP s [Ne/2] fr COMPLEXTTYvge
in dB || in dB in mH:z
371 10 || 361 | 57.81 | 85.75 23 15.23 20
376 15 || 361 59.43 | 85.75 23 15.28 30
381 20 || 361 ) 61.17| 35.75 23 15.25 40
386 25 || 361 | 62.89 || 35.75 || . 23 15.23 afl
393 32 | 361 64.12| 35.75 23 15.23 64
401 40 41 361 )| 65.88 || 35.75 23 13.23 80
J11 30 || 561 | 67.09 | 35.75 23 15.23 {00

‘Table 5.10: Echo Cancellation Performance (ECP) vs Ny (specific G(Z)): Loop#13.
T'he main canceller multiplier size is 3 x r. The COMPLEX 1Y rin of the 1ail

echo canceller is 45 r x r multipliers.
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Figure 5.19: A graph to illustrate the effects of Main Echo Canceller length Ny on
perlormance. The same G(Z) is used for each value of Npr. As Ny increases acho
cancellation performance improves: Loop#13.
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The conclusion based on these results is that the echo cancellation performance of
the simulated system improves as the length of the Main Echo Canceller Ny inereases,
I'his is clearly illustrated in Figure 5.12 to Figure 5.19. This is duce to the complete
cancellation of the itregular section and the psendo exponential region of the echo path
by an AFIR filter. As a result, the tail canceller is applied to a totally exponential
region. The AIFIR filter performs best when applied to exponential region. The
price paid for this improvement in performance is the increase in complexity (e.g., sec
last column of Table 5.3 to Table 5.10). The COMPLEXITY,rir of the tail echo
canceller (from Eq.(4.20)) is 45 » x r multipliers since the interpolator parameters
are fixed. For a given Ny, the complexity of the first stage canceller is calculated
from Eq.(4.19) and included in those tables. The higher the complexity, the higher
the performance. Obviously, the complexity of the two stage echo canceller increases
dramatically as the order of the first siage echo canceller increases. For an exact
cancellation of all the main pulse samples, the length of the first stage echo canceller
Nypy must equal the lengih of the main pulse. Therefore, for a minimum complesity
two-stage echo canceller, the order of the first stage canceller is kept as low as possible
while still meeting the 60 db echo cancellation accuracy. From these results, it can
be observed that the 60 dB echo cancellation requirement was attained when Ny is
greater or equal to 20 taps.!” Moreover, for Nas = 10, an increase of Ny by 10 more
taps results in an improvement in echo cancellation performance of at least 3 dB.
For Ny = 20, an improvement in echo cancellation performance ol at feast!™ 2 Jd13
is gained by inereasing Ny by 12 more taps. From Figare 502 to Figure 5,149, 0t s
seen that the increase in the main canceller length Ny Las less signilicant efect on

the performance of the overall canceller when Ny is greater than or equal 1o 0.

I'hus, to minimize system complexity, there is no need Lo increase Ny beyond 20 1aps.
MExeept Loop#7



5.3.2 Investigation#2: Effects of Interpolator Passband f,

In order to explore the limitations and performance improvement/degradation of the
proposed system, a study of the effects of using various values of the passband edge
frequency [, is vital. For L equals to 15 for all the loops, the sparse filter order is 22
non-zero coefficients (from Eq.(4.16). From the previous investigation, Ny, is equal
to 20 taps. For a given loop and a given value of f,, an interpolator was designed and
the various values of Ng and the stopband attenuation §, resulted from the DFFDP are
included in Table 5.11 to Table 5.18. Only the values of Ng up to 54 were considered,
therefore if more than this resulted from the DFDP the entry is left blank. In this
study, an interpolator was designed for variuos values of passhand edge frequency
fp for a given loop. The complete canceller was then simulated. The {ollowing
observations apply to the results in Table 5.11 to Table 5.18. Firstly, it can be noted
that if the value of f, increases, the stopband regions of the interpolator increase in
width. Also, the transition bandwidth of the interpolator decreases. As a result, the
order of the interpolator Ng increases. The opposite is also true. Consequently, a
substantial decrease in the langth of the interpolator is clearly observed. The same
stopband atteruation that was used in investigation#1 is also used here. Therelore,
the effects of changing f, on the performance can be singled out. Lo show how the
echo cancellation performance varies with the changes of f, for a given Ny, results of
the eclio canceller performance (with various values of f,) are tabulated in Table 5.11

to Table 5.18. From these results, we note the following:
Lo ncall eases, GO dB cclio cancellation performance was atlained.

20 As [, decreases, the echo cancellation performance improves until a certain [,
{deflection point) at which the system performance is degraded. Figure 5.20 1o
Figure 5.27 show echo cancellation performance versus interpolator passbhand

edge frequency f, for each of the eight considered lines, for Ny, = 20. It was also
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seen that the best echo canceller performance is obtained with a fairly narrow
passband frequency f, (near the deflection point). It is seen that the deflection

point is between 8 and 10 mHz.

More complex interpolators were used in investigation#1 (their design werce base
on Table 5.1). According to the above results, it can be seen that interpolators
designed based on Table 5.1 are of higher order than necessary. Lower ordey and
thus less complex interpolators can be, designed by careful seleetion of the [, pa-
rameter. In the next part of the investigation, it is desired to find eflects of the
main canceller length on the system performance when these efficient interpolators
ave utilized. Therefore, simulations of investigation#1 should be repeated with these
better interpolators. Also, the findings of investigation#2 can facilitate the design
of a compromise interpolator to be used on all lines. Echo cancellation performance
versus interpolator passhand edge frequency f, is plotted to aid in 'the selection of

one compromise interpolator.
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fo ECP || Nas || [Ne/2] d,
in mHz || in dB in dB

19.58 - 20 - -
15.68 || 60.91 | 20 23 35.05
18.67 || 62.44 | 20 21 34.62
11.72 || 63.18 | 20 20 35.34
9.76 63.95 || 20 18 35.88
7.81 64.30 | 20 13 37.26
6.84 63.81 1| 20 13 35.99

Table 5.11: Echo Cancellation Performance (ECP) vs Jp: Loop#2.
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Figure 5.20: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#2. For each passband edge, a specific G(2)

is designed.



fp ECP JVM rNa/Q-l 5,
in mHz || in dB in dB
19.58 - 20 - -
16.05 || 61471 20 | 25 | 56.00
15.00 || 62.60 | 20 23 - || 86.00
13.05 || 63.69 | 20 21 || 35.75
11.09 || 64.11 ] 20 20 35.66
9.14 | 64.91 | 20 23 || 36.14 |
7.19 6G2.09 20 12 35.51

Table 5.12: Echo Cancellation Performance (ECP) vs f,,: Loop#3.
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Figure 5.21: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#5. For each passband edge, a specific G(%)

is designed
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So ECP || Ny (| [Na/2] b
in mHz || in dB in dB
19.53 20 - -

15.62 || 62.74 || 20 23 35.04
13.67 || 63.05 | 20 21 34.69
11.72 || 64.29 | 20 20 356.27
9.76 || 64.93 | 20 17 34.41
7.81 05.171 20 13 34.13
5.80 || 63.90| 20 12 33.99

Table 5.13: Echo Cancellation Performance (ECP) vs fp: Loop#6.
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Figure 5.22: A plot to show the two-stage echo canceller performance sensitivity to

the chioice of the passband edge f,: Loop#6. For each passband edge, a specific G(Z)
is designed



fo ECP | Na || [Ng/2] s
in mHz || in dB in dB
19.00 - 20 - -
16.60 | 60.92 | 20 24 35.67
14.65 || 61.37) 20 22 34.71
1270 || 61.59 )} 20 2] 34.21
1074 || 6247 | 20 19 34.89
8.79 | 63.681 20 | " 13 36.04
G.84 6209 || 20 12 36.00

Table 5.14: Echo Cancellation Performance {(ECP) vs f,: Loop#T.
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Figure 5.23: A plot to show the two-stage echo canceller performance sensitivity to

the choice of the passhand edge f,: Loop#7. For each passband edge, a specific G(7)
is designed



fo ECP || Nas || [Ne/2] &,
in mH: || in dB in dB

19.58 - 20 . -
15.62 || 61.05| 20 23 35.05
13.67 || 62.87| 20 21 34.69
17.72 || 6348 | 30 | 20 || 35.53
9.79 64.89 (| 20 15 34.91
781 | 6513 | 20 | 12 | 34.69
2.86 || 63.27| 20 12 35.30

Table 5.15: Echo Cancellation Performance (ECP) vs fp: Loop#9.
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Figure 5.24: A plot to show the t“;o-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#9. For each passband edge, a specific ((Z)

15 designed
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b ECP || Na || [Ne/2) 8,
in mHz | in dB in dB
18.28 - 20 -
16.60 | 60.72 | 20 2y 35.63
14.65 | 62.13 ) 20 22 34.15
1270 | 6249 20 | 21 | 35.72
10.70 || 63.81 1 20 13 34.71
8.79 64.59 | 20 13 35,00
6.84 63.11 Y 20 12 35.97

Table 5.16: Echo Cancellation Performance (ECP) vs f,: Loop#l1.
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Figure 5.25: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#ll. For each passband edge, a specific
((Z) is designed
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fp ECP NM I-NG/Q] 5,
in mH:z || in dB n dB
19.14 - 20 - -
17.19 || 60.72 ) 20 24 34.60
15.23 || 61.73 | 20 22 34.60
13.28 || 62.15 || 20 21 34.63
11.33 || 63.79 || 20 20 35.13
9.38 64.08 | 20 13 34.93
742 || 62.41| 20 12 1 34.99

Table 5.17: Echo Cancellation Performance (ECP) vs f,: Loop#12.
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Figure 5.26: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#12. For each passband edge, a specific

C/(Z) is designed
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o ECP || Nas || [Na/2] 8,
in mHz || in dB in dB
18.94 - 20 - -
16.99 || 59.20 20 24 34.92
15.04 | 60.49 | 20 22 34.97
1308 | 6101 20 | 21 | 35.46
11.13 1| 62.33 | 20 20 34.78
9.17 | 63.81 | 20 13 35.33
7.22 || 62.09 1 20 12 35.45

Table 5.18: Echo Cancellation Performance (ECP) vs f,: Loop#13.
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Figure 5.27: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the passband edge f,: Loop#13. For each passhand edge. a specific

(7)) is designed



As a result of the first part of the investigation, lower order interpolators can be
designed b careful selection of the passband edge frequency. For f, chosen in the
vicinity of the deflection point, the complexity of the overall system had substantially
decreased, since the interpolator’s taps were reduced. As a consequence, the inter-
polator order was found to be between 24 and 26 taps for all the listed lines. The
COMPLEXITY 1p15 of the tail canceller is either 34 or 35 multipliers of size r x r.
The generated intcrpola.f.ed response of the AIFIR has 341 samples (from Eq.(3.27)).
The simulations detailed in Table 5.19 to Table 5.26 indicate that the ccho can-
cellation performance is affected by the length of the rpain canceller Vs (as found
in subsection 5.3.1). Some observations could be made from these results. Firstly.
echo cancellation performance using the new efficient interpolators was at least 2 dBB
better'® than that of the investigation#1 interpolators. Thus, in the remainder of
this thesis only the efficient interpolators are considered. Secondly, as found in in-
vestigation#1, provided that the coarse region of the impulse response is completely
canceled by an AFIR main canceller, the echo cancellation performance improves as
Ny increases. Finally, for Npy > 15, echo cancellation performance of 60 dB was
achieved for all loops considered. Also, from Table 5.19 to Table 5.26 (for Ny = 20).
an improvement of almost 5 dB in the echo cancellation performance is noted hy
increasing Ny by 10 more taps. For a given efficient interpolator, Figure 5.28 1o
IMigure 5.35 illustrate that as the length Ny improves, the canceller performance in-
creases. Basically, these figures possess the same general characteristics as Figure 5.20

to Figure 5.27.

""This was observed when Ny was equal to 20.

143



Total Length || Nas || Ny | ECP IR [Ng/2?] fo COMPLEXNITY e
tn dB || in dB in miH=
350 10 || 2401 60.45 || 34.98 13 7.51 20
335 13 || 340 || 63.68 | 34.95 {3 7.81 310
360 20 || 340 64.30 || 34.98 13 7.81 40
363 23 || 3400 65.94 ) 34.98Y @ 13 7.81 a0
372 32 || 340 67.19| 34.98 13 7.81 64
380 40 || 340 68.40 |\ 34.98 13 7.81 S0
390 30 || 340 70.10 | 34.98 13 7.81 100

Table 5.19: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#2.
The main canceller multiplier size is 3 x r. The COMPLEX ITY 4;r i of the tail
acho canceller is 35 » x » multipliers.
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Fignre 5.28: A graph to illustrate the effects of Main Echo Canceller length Ny on
performance (efficient interpolator): Loop#2.
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Total Lenglh | Nag | Vo || ECP T 85 [ TNa/21 T J» [ COMPLENTT Vummr
indB | in dB in mH:z
351 10 (|31 6158 | 6.7 | 13 9.17 0
356 15 || 3410 62.79 || 36.14 13 9.14 30
361 20 || 341 64.91 | 36.14 13 9.14 40
366 %5 3411 6551 | 36.14 |13 9.4 30
373 32 || 341 [ 68.12 | 36.14 18 9.14 tid
381 40 || 341 | 69.71 || 36.14 13 a.14 S0
301 50 || 341 72.05 | 36.44 |13 9.1/ 700

Table 5.20: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#5.
The main canceller multiplier size is 3 x ». The COMPLEXITY 4;rin of the tail
echo canceller is 35 r x 7 multipliers.

=+ ECPindgB
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Figure 5.29: A graph to illustrate the effects of Main Echo Canceller length Ny; on
performance (efficient interpolator): Loop#5.
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Total Length | Nag | Nor | BCP | 6 || (Ne/21 | J» || COMPLENTT Y\ nr
in dB || in dB in mHz

350 10 | 340 60.97 | 34.13| 13 7.81 20

355 15 | 340 62.53 | 34.13 13 7.81 30

360 20 | 340 | 65.17 | 34.13| 13 7.81 10

365 25 || 340 66.02| 3413 13 7.81 50

372 32 |[ 340 68.01 34.13 13 7.81 64
380 40 || 340 7026 || 34.13 13 7.81 30

390 50 340 72.30 | 84.13 13 7.81 100

Table 5.21: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#G6.
The main canceller multiplier size is 3 x r. The COMPLEX ITY 50000 of the tail
echio canceller is 35 ¢ x # multipliers.

ECP in dB

10

20

MEC length

30 40

1

50

60

o ECPinch

Figure 5300 A graph wo illustrate the effects of Main Echo Canceller length Ny on
performance (efficient inmerpolator): Loop#6.
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Total Length || Nayg || Ny | ECP &, [Na/2] fo COMPLEXNITY ;g
in dB || in dB in mHz
350 10 || 3240 61.87 | 36.40 13 8.79 20
253 15 || 340 | 63.25 || 36.40 13 8.79 30
360 20 1 340 || 63.68 || 36.40 18 8.79 40
365 25 || 340 | 65.81 1] 3640 13 3.70 0
373 32 | 340 ) 66.74 )] 36.40 13 8.79 64
750 10 (340 68.51 || 36.40 | 13 3.79 0
290 30 || 340 || 70.41 || 36.40 13 8.79 100
Table 5.22: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#T.

The main canceller multiplier size is 3 x r. The COMPLEXITYtrin of the tail

echo canceller is 35 r x + multipliers.
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Figure 5.31: A graph to illustrate the effects of Main Echo Canceller length Ay on
performance (efficient interpolator): Loop#T.




Total Length || Nag || Nir | ECP 8, [Na/2] b COMPLEXTTY
: in dB || in dB in anlls
339 10 || 339 || 62.37 || 34.69 12 7.81 20
354 15 || 339 || 64.09 | 34.69 12 7.81 30
359 20 || 339 | 63.13 || 34.69 12 7.81 40
364 25 || 339 66.43 || 84.69 12 7.81 /]
371 32 || 339 || 68.48 || 34.069 12 7.81 G4
379 40 1| 3539 || 69.21 || 34.69 12 7.81 30
389 50 1 359 || 72.30 || 34.69 12 7.81 100

Table 5.23: Echo Cancellation Performance (ECP) vs Ny {efficient G(Z)): Loop#Y.
The main canceller multiplier size is 3 x ». The COMPLEXN ITY 10 ol the vail
echo canceller is 34+ x » multipliers.
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Figiere 5320 A graph 1o illustrate the efflects of Main Echo Canceller length Ny on
perfurmance (efficient interpolator): Loop#Y.
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Total Length || Ny [ N, | ECP 8 [Ne/2] fo COMPLEXITY\igc
in dB | in dB in mH:z
350 10 || 840 || 60.21 || 85.00 13 8.79 20
355 15 || 340 || 68.42 || 35.00 13 8.79 30
360 20 )| 340 (| 64.59 || 35.00 18 &8.79 40
205 25 ¢ 30| 63.37 | 23.00 13 8.79 afl
372 32 0 20| 67.42 ) 35.00 13 8.79 64
280 40 1 240 (| 69.04 || 25.00 13 8.79 &)
389 20 340 70.74 || 33.00 13 &8.79 106

Table 5.24: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#11.
The main canceller multiplier size is 3 x 7. The COMPLEX ITY y;rin of the tail

echo canceller is 35 » x » multipliers.
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Figure 5.33: A graph to illustrate the effects of Main Echo Canceller length Ny on
performance (efficient interpolator): Loop#l1.
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Tolal Length | Ny | N | ECP IR [Na/2] fo COMPILENTTY e
in dB Y in dB memlils
3350 10 || 240 59.36 | 34.93 i3 9.58 2
355 15§ 240 62.71 | 34.93 13 2.38 30
360 2 | 340 64.08 | 34.93 13 92.38 40
365 25 || 340 64.99 || 34.93 13 9.38 57
372 32 [ 340\ 66.79 || 34.93 13 9.38 G4
380 40 || 840\ 68.81 || 34.93 18 9.38 80
390 30 | 240\ 70.21 || 34.93 13 9.38 Lo

Table 5.25: Echo Cancellation Performance (ECP) vs Ny, (¢fJicient G(Z)): LoopgFil
‘The main canceller multiplier size is 3 x r. The COMPLEXITY ypp of the tail
echo canceller is 35 r x » multipliers.
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igure 5.3 A graph to illustrate the effects of Main Echo Canceller length Ny on
performance (cfficient interpolator): Loop#12,




Total Length || Ny || N; ECP s [Ne/2] fo COMPLEXITY \jrc
in dB || in dB in mHz
351 10 || 841 58.91 | 83.21 13 9.17 20
336 15 || 341 60.35 || 85.21 13 9.17 30
361 20 )| 341 | 63.81 || 35.2¢ 13 9.17 40
266 25 || 341 | 64.25 || 35.2¢ 13 917 30
273 32 | 341 67.58 || 35.21 13 917 64
381 40 || 241 | 68.93 || 35.21 13 9.17 &80
391 30 || 241 | 70.11 | 35.21 18 9.17 100

Table 5.26: Echo Cancellation Performance (ECP) vs Ny (efficient G(Z)): Loop#13.
The main canceller multiplier size is 3 x r. The COMPLEXITY . ;rin of the tail

ccho canceller is 33 r x » multipliers.
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Figure 535 A graph to illustrate the eifects of Main Echo Canceller length Ny on
performance (flicicul interpolator): Loop# 3.




5.3.3 Investigation#3: Performance of a Compromise In-
terpolator
In subsection 5.3.2, it was found that the value of f, has a significant clfeet on
the performance of the proposed eclio canceller. Here we investigate the effects of
employing a compromise interpolator (i.e., select one value of f,) on echo canceltation
performance for all Bellcore lines considered. For L equals to 13 for all the loops.
the sparse filter order is 22 non-zero taps (from Eq.(4.16)). Thus, an interpolated
response of 340 samples {from Eq.(3.27)) is generated by the AIFIR filter to cancel
the tail pulse. In order to implement the AIFIR tail canceller, 47 taps are required
(from Eq.(4.17)). Results for some of the Bellcore lines using the two-stage ccho
cancellation (with the length of Ny = 20) are given in Table 5.27. From sensitivity
plots {Figure 5.20 to Figure 5.27), it was observed that each plot had a maximum
point. Each maximum point corresponds to a value of f,. The choice of [, must not
increase the complexity of the tail cancelier. Meanwhile, it must not severely degrade
the system performance under any loop. With this criterion in mind, we proposc the
use of f, equals to 7.81 mHz (Loop#6) in the design of the compromise interpolator
since it is the smallest f, valuein the selection. Its corresponding Ng and the stopband
attenuation &, are 25 taps and 34.69 dB, respectively. Also. Loop#6 is one of the
longest lines and thus with higher attenuation. Therefore, the P(ﬁl'fOl‘l'ﬂi\llCC of the
two-stage echo canceller on longer lines should have the priority (;vcn, il this selection
of f, resulted in degradation in system performance on shorter lines, Stated another
way, the reguired echo cancellation accuracy must be met on all loops. In order to
satisfy the above criterion, system might have below optimum performance on some
of the loops. The lollowing simulation is perdormed to investigate the effects of nsing
the compromise imerpolator on system performance. Also, in this investigation we

introduce the use of Loop#10 and Loop#0. The simulation resulls are tabulated in

Table 5.27.



loop# || ECP || Ny fo [NG/2] 8, || Length Complexity
in dB in mi: in dB
2 64.06 | 20 7.81 13 34.69 360 J40 Ixr+35 rxr
] 6195 || 20 7.81 13 34.69 360 J40 Ixr+35 rxr
fy 63.17 | 20 7.81 13 34.69 360 [|40 Ixr+35 rxr
7 62.77 | 20 7.81 i3 34.69 360 |40 3xr+35 rxr
9 64.97 || 20 7.81 13 34.69 360 40 3 xr+35 rxer
11 62,15 | 20 7.81 13 34.69 360 [[40 3xr+35 rx»r
12 60.89 || 20 7.81 13 34.69 | 860 |40 3xr+35 rxr
13 61.56 § 20 7.81 13 34.69 | 360 |40 3xr+35 rxvr
10 60.03 | 20 7.81 13 34.69 ) 360 40 Ixr+35 rxr
0 56.70 | 20 7.81 13 34.69 360 |[40 Ix++35 rxr

Table 5.27: Echo The effects of using a compromise interpolator in the tail canceller
on the echo cancellation performance (ECP): variuos Bellcore lines are considered .




Some obscrvations can be made from Table 5.27. First of all, it can be noted
that by using one compromise interpolator for all the loops, the performance of the
overall system is degraded for most loops if we compare with the simulations that have
one particular interpolatcr designed for a specific loop frequency response. Secondlly.
the echo cancellation performance of all considered Bellcore lines meet the accuracy
requirement that was sot earlier (60 dB) except the loop#0.2Y However. this loop
canses significantly less attenuation of the far end signal, so less than 60 dI3 cchio
cancellation accuracy would be acceptable. Therelore, we propose this system 1o
be used for all lines with 60 dB echo cancellation requirement. From Eq.(4.19) and
q.(4.20), the complexity of this system is 40 3 x r and 35 r x » multipliers. An AFIR
needed to meet this requirement requires 678 multiplier of size (3 x ) to perform
filtering and adaptation. The proposed tail canceller requires approximately 27% of
the hardware of the transversal AFIR canceller. The main attributes of the proposed
system are listed in Table 5.28. For completeness, the frequency response of the
simulated tail (e.g., Loop#6) is shown in Figure 5.36. In addition, the [requency
response of the sparse filter F{Z%) and the frequency response of the compromise

interpolator filter G(Z) are illustrated in Figure 5.37 and Figure 5.38, respectively.

Atlribute Atlainment
Accuracy requirement 60 dB
Complexity 40 3xr+35 rxr
Length of MEC (Ny;) 20
Length of {FIR (N, ) 340 samples
Length of F{Z") (Nr) 22
Length of G(Z) ([Ng/2]) 13
L 15
&y 24413
1, 7.80 mil;

Table 5.28: hnportant specifications of the proposed two-stiage echo canceller,

*U1e is 0.5 kTt 26 gauge line
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Figure 5.36: An exploded view of Loop#6 simulated tail frequency response.
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IFignre 5370 A view of the wanted passband ol the sparse filter #(Z%) (Loop#G) ane
its spectral images (only showing seven of these images). All spectral images musi
be attennated by the interpolator G{2).
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Figure 5.38: An exploded view of the compromize inter'polatb'i'.

5.3.4 Investigation#4: Effects of Interpolator Stopband At-
tenuation §;
In this subsection, we study the effects of the interpolator stopband attenuation &, of
the interpolator on the system performance. For a given interpolator and a sullicient
length of the first stage canceller Ny, extensive simulations®! have showed that the
selected stopband attenuation 6, had a dramatic effect on the performance ol the echo
canceller. Insufficient stopband attenuation adversely degraded the performance of
the echo canceller. On the other hand, high values of é, improved the system per-
formance. For the compromise interpolator of the previous subsection, the passhand
lvequency is kept unchanged at 7.81 mHz. Only the value of the stopband ripple 8,
is viwriedl, For each valie of §,. an interpolator is designed and used in the shoula-
tions. JL s evident that the greater the *d13* value of 8s. the higher the order of the
interpolator Ng, and the higher the complexity. For L equals to 13 for all the loops,
the sparse filter order is 22 non-zero coefficients (from Eq.(1.16)). To show how the

echo cancellation performance varies with the value of é,, simulation results of the

e 10 spaee limitations, only the simulations that nsed 1 compromise interpolator will he -
reeparted lepe,

L56



proposed echo canceller are reported in Table 5.29 to Table 5.36. Some conclusions

can be made from these results.

1. For low values of the stopband attenuation §;, 60 dB echo canicellation perlor-

manee was not attained.

2. Given that the main echo pulse is completely removed by the AFIR main can-
celler {with minimum length N,;), decreasing the level of attenuation (i.e., 8,)
on the unwanted spectral images results in a significant degradation in the sys-
tem performance. As the values of the stopband attenuation é, decreases, echo
cancellation performance degrades. This degradation is partly due to the fact
that insufficient suppression of the unwanted replicas of the sparse filter re-
sponse introduces high-frequency content in the simulated tail response. The
AIFIR filter approximation of the tail response is compromized by the addition

of the high-frequency content to the IFIR filter response.

3. [From results for other loops, it was noticed that the degradation is more noti-

cable for longer toops.

Figure 5.39 to Figure 5.46 illustrate the echo cancellation performance as a fune-

tion of the stopband attenuation §, for each of the eight considered lines, for Ny; = 20.



d, ECP || Ny | [Na/?] Complerity
in dB || in dB3
28.64 || 57.92 | 20 11 40 I xr+33 rxer
34.69 || 64.06 | 20 13 40 Ixr+35 rxr
37.28 || 65.19 || 20 17 40 I xr+39 rxr
41.27 || 67.34 || 20 20 40 I xr+442 rxr

Table 5.29: Echo Cancellation Performance (ECP) vs §,: Loop#2.
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Figure 5.39: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the stopband ripple é,: Loop#2. For each &,, a specific G(Z) is designed.



' FCP Ny |l [Ne /2] Complerity
in dB || in dl3
28.64 || 56.09 | 20 11 10 Ixr+33 rxr
34.69 | 61.98 | 20 13 40 Ixr+353 rxr
37.28 | 63.03 || 20 17 40 Ixr+39 rxr
41.27T\| 65.72 | 20 20 03Ixr+d2 rxr

Table 5.30: Echo Cancellation Performance (ECP) vs §,: Loop#53.
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Figure 3.40: A plot to show the two-stage echo canceller performance sensitivity to
the choice of the stophand ripple 8,: Loop#3. For each §,, a specific G(Z) is designed.



O, ECP || Ny || [Ne/2] Complexity
in dB 1§ in dB
28.64 || 58.37 || 20 11 40 I xr+33 rxr
34.69 || 65.17 | 20 13 40 I xr+35 rxr

"
"

37.28 || 66.24 || 20 17 40 3xr+39 rxr
41.27 | 68.11 || 20 20 40 3 xr+42 rxr

Table 5.31; Echo Cancellation Performance (ECP) vs é,: Loop#G.

o ECPindB

ECP in dB
fa)
I
1

Y e _ e o S
25 30 35 40 45
Stopband Ripple

i T T T

Figure 3.41: A plot to show the two-stage echo canceller performance seusitivity to
the choice ol the stopband edge 8,: Loop#6. For each 8,, a specific (/(Z) is designed.
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by ECP || Nar || [Ne/2) Complexily
in dB || in dB
28.64 || 58.98 | 20 11 40 Ixr+33 rxr
34.69] 62.77 1 20 13 40 Ixr4+35 rxr
37.28 | 65.91( 20 17 40 3 xr+39 rx7r
j1.271 67.70 4| 20 20 40 3xr+42 rxr
Table 5.32: Echo Cancellation Performance (ECP) vs &,: Loop#7.
68
66~
T 64
= ' + ECP NGB
S 62-
1y
60 - '
58 ety et
25 30 35 40 45

Stopband Ripple

Figure 5420 A plot to show the two-stage echo canceller perforinance sensitivity to

the choice of the stopband ripple &,

: Loop#T. For cach &, aspecific G 7)) is designed.




b, ECP || Na || [Na/2] Complexity
indB || in dB
28.64 || 61.38 | 20 11 40 I xr+33 rxr
34.69 || 64.97| 20 13 40 I3 xr+35 rxr
37.28 || 67.48 ) 20 17 40 I xr+39 rxr
41.27 | 70.10 | 20 20 403 xr442 rxr

Table 5.33: Echo Cancellation Performance (ECP) vs §,: Loop#Y.

ECP In dB
o
Pa )
1

30

LN Sume aemn t

Stopband Ripple

35

YT rrrs

40

45

-+ ECP IinaB

Fignre 5030 A plot 10 show the two-stage echo canceller performance sensitivity Lo
the choice of the stopband ripple 8,: Loop#Y. For each o, a speeific G(Z) is desighed.
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b, ECP || Nar || [N6/2] Complexity
in dB || in dB
28.64 || 57.14 || 20 11 40 Ixr+33 »xr
34.69 || 62.15 | 20 13 40 Ixr+35 rxr
3128 || 63.43 || 20 17 40 Ixr+39 rxr
JL2TH 66,46 || 20 20 40 3xr+d2 rxr

Table 3.31: Echo Cancellation Performance (ECP) vs 6,: Loop#11.

ECP IndB
o
D
1

<+ ECP IngB

Tt Ty

30

Stopband Ripple

¥
35

40

43

Figare 5.1 A plot to show the two-stage eclio canceller performance sensit ity o the
choice of the stopband ripple é,: Loop#l11. For each é,, a specilic G(Z) is designed.,
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by FCP T Ny | [Ng/2] Complexily
i dB | in d3
Q.04 36.91 ) 20 i A0 3 xr+3d o xr
34.09 (| G0.89 | 20 13 40 3 xr+4+35 rxr
37.28 || 63.071 20 17 40 3xr+39 rxr
{127\ 64.83 || 201 20 40 Ixr+42 rxr

Table 5.35: Echo Cancellation Performance (ECP) vs 8,: Loop#12.

< ECPIndbB

ECP in dB

T
25 30 3s 40 45
Sto.oand Ripple

IFigure 5.45: A plot to show the two-stage echo canceller performance sensitivity to the
choice of the stophand ripple é,: Loop#12. For each §,, a specific (/(Z) is designed.
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8, ECP | Na || [Ne/2] Complexily
in dB || in dB
2864 | 37.620 20 H 10 Ixr+33 rxr
3760 || 61.56 | 20 17 110 3xr+35 rxr
37.28 || 63.99 | 20 17 JO I xr+39 rxr
41.27\| 67.06 || 20 20 |40 3xr+42 rxr

Table 5.36: Echo Cancellation Performance (ECP) vs &;: Loopz£13.

ECP IndB
o
)
/]

30

"
35

e

40

Stopband Ripple

45

o ECP IndbB

Iigure 5.46: A plot to show the two-stage echo canceller performance sensitivity to the
choice of the stopband ripple 8,: Loop#13. For each &, a specific G(Z) is designed.
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Discussion

To conclude onr observations on the simulation results, we present a briefl discussion of
the diflerent effects of all the parameters considered in the investigations. [or a given
interpolator, it has been found that increasing the main canceller order ¥y, improves
the performance (increases complexity) of the echo canceller. With efficient interpo-
lators. it appears that there is no need to increase Ny beyond 20 taps. Extensive
simulations have shown that the choice of f, had a significant effect on the canceller
performance. The decrease of f), up to a certain point improved the perlonnance.
Choosing a value of f, near the “eflection point offered the best performance. With
this in mind, a compromise intérpolator was used on all loops. As a result, il was
apparent that the canceller performance is degraded. In addition, Loop#0 did not
meet the 60 dB echo cancellation accuracy. However, that is not a problem sinee this
loop causes less attenuation of the far end signal and less than G0 dB echo (‘;mm'lln-
ton acenracy is acceptable. For a given interpolator and Ny, situlation results have
indicated that insufficient stophand attenuation §, adversely degraded the canceller
performance. Moreover, it was found that adequate performance can be attained
if 6§, > 32 dB. With all the adverse/favorable effects of the investigation parame-
ters and the various tradeoffs between complexity and performance, a two-stage echo
canceller. with a compromise fixed interpolator meeting the 60 dB echo cancellation
acenracy was designed in Table 5.28 and was shown to be far less complex than the

A echo cancellor,
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5.4 Comparison With Orthonormal-Functions-Based
EC

In this section, we present a comparison of the proposed two stage echo canceller
utilizing AIFIR filter as a tail canceller with Davidson-Falconer EC. Unfortunately.
there have been very few publications regarding echo tail cancellation for the 2B1Q
line code. The echo tail cancellation methods proposed by the industrial commnunity
were summarized in section 2.4. The most common designs were using a simple 111
lail canceller , some type of a high pass receiving filter, and a precise compromize
network. Therefore, we will limit this comparison to the orthonormal-functions-based
(i.e.. TIR filters) tail canceller scheme proposed in [100], [101]. The method offers good
results. However, The use of [IR filters implies the possibility of problems due to finite
wordlength representation. Moreover, to maintain the orthogonality of the IIR filters,
very accurate representation of the pole value is required.

The basic principle in [100], [101] is somewhat similar with our technique, the
similarity being that a two-stage echo canceller is used. In [100], the first stage echo
canceller is an adaptive transversal-type filter that covers the coarse section ol the
inpulse response. The second stage echo canceller is intended to approximate the Lail
section by using linear combination of orthonormal functions. The weighting factors of
the orthonormal functions are adapted to approximate the tail response. Exponential
linctions and Laguerre orthonormal functions were used. It has been found that
ceho caneellation performance using the Laguerre orthonormal functions was 8 to 11
dl3 berter than that of the Exponential functions. 1t was also noted that 1he echo
cancellation performance improves as the length of first stage canceller (V) nereases,
Moreover, it was reported that the number of terms required in the orthonormal
functions expansion (N,) (i.e., the number of IIR flters) affected the performance
and the complexity of two-stage echo canceller. Of course, the more IR filters used.

the bewter the performance. and the higher the complexity of the system. The two-
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stage ccho canceller complexity was calculated by using (complexity = 2.V, +20\,).
For 80 kbaud. the complexity of this technique was compared to vhat of the AR
iplementation.  For 70 dB echo cancellation accuracy, it was reported that this
teclmique offers a reduction in complexity by 51% compared to a transversal AFIR
of at Jeast 330 taps. In addition, simulations for extremely high bit rates such as
G10 kb/s (320 kbaud) were performed for 70 dB echo cancellation accuracy. These
sinmlations showed an even greater decrease in complexity® (85% less complex than
an AFIR).

We compared both approaches for two cases in {100] for the same ECP requircment

and for Loop#9. The length of the first stage canceller is 20 taps for both approaches.
Example#1 .

For 60 dB accuracy. Davidson-Falconer tail canceller lias a complexity® ol 20 multi-
pliers of size 20 x 20 (with N, = 10 and ECP = 63.6 df2). The total number ol hits
lor the Davidson-Falconer tail canceller is 8000 bits. To compare this to the com-
plexity of the AIFIR filter approach, we design a tail cancellet: with an interpolator
passhand of 7.81 mllz, stopband attenuation of 30.4 dB, Ng = 22, the interpolation
factor L is equal to 15, and the non-zero taps of the sparse filter Np = 22, The
echo cancellation performance achieved by the AIFIR filter approach is 63.8 dB. The
MEIR filter approach possessed a complexity of 33 multipliers’of size 16 x 16. The
tatal munber of bits for the AIFIR tail canceller is 3448 bits. Based on the qualitative
analysis discussed in chapter 4. the AIFIR filter will have a tap wordlength close to
thit of the AFIR filter. Therelore, 16 x 16 multiplier size is reasonable. As seen [rom
the comparison. both approaches are close in complesiry. However, due 1o the Tact
that onr method s an FHR-based. That could be eonsidersd as an andvatage over te

arthonorn! (HR) Dinetions,

T his s & consguenen of the Faet that the number of the THR filters in Lhe iail c.mr.vllu T oues nol
werease with the increase of the hand rate {ton}. ‘

*Plis example is cited [rom table 2 on page 13 for Loop#Y.
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Example#2

l'or 70 dB accuracy, the tail canceller complexity?* of Davidson-Falconer canceller is
28 multipliers of size 20 x 20 (N, = 14). The total number of bits for the Davidson-
Faleoner tail canceller is 11200 bits. The results obtained so far in this thesis are
applicable to 60 dB echo cancellation accuracy. In order to fairly compare the com-
plexity of Davidson-Falconer canceller to that of the AIFIR flter approach, we have
to redesign our canceller to meet the 70 dB requirement. There are some des ign pa-
rameters that need to be changed. First of all, the noise source variance® is changed
toa; = 107" Secondly, it has been found in earlier simulations that the echo cancel-
lation performance can be improved by two methods given that the main echo pulse

is completely removed by the first stage canceller (with sufficient?” length Ny )

L. For a given interpolator and sufficient first stage canceller length Ny, increasing
Nar beyond the required sufficient value causes a considerable improvement. in
the overall system performance. As a side penalty, the complexity of AIFIR

lilter increases,

2. For asufficient first stage canceller length Ny, increasing the level of attenuation
6, (implies increasing Ng) on the unwanted spectral images results in a sulficient
improvement in the system performance. This improvement is achieved at the

cost. of higher AIFIR filter complexity.

Fhe seeond method wis selected sinee it was the least cotplex alternative, This
t~ebire 1o the Gaet than the imerpolator is notidaptive, Thus, increasing the order of
((Z) s less complex than increasing the order of the first stage canceller Ny, For

the tail echo canceller, 41 multipliers of size 16 x 16 are required to attain 70 B3

*This example is cited from page 31 lor Loop#9.
e same is used in {100],
1 is Ll necossary length 10 achieve the reynired ECA,
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acerracy {i.e., Np =22, N =38, and §, = 40.29 dB). The total number of bits for

the AIFIR ail canceller is 10496 bits.

5.5 Conclusion

Due to the shape of the echo path impulse response, two-stage echo cancellation is
used in this vescareh. In this chapler. the proposed two-stage ccho canceller utilizing
e MFIR ilter as a tail caneeller has been simulated. The ATFIR echo tail canceller
design method was given, Sullicient echo cancellation was attained under various loop
configurations. In this thesis, 60 dB echo cancellation accuracy was selected as the
performance requirement to be met by the proposed two stage canceller. The simmn-
lation results for 60 dB echo cancellation accuracy were presented. Considering the
stimulated results, it is evident that the echo cancellation performance is affected by
the design parameters such as f,, 6, and Npy. Provided that the first stage canceller
has the minimum required length to cancel all of the main echo pulse, two methods can
be used to improve the echo cancellation performance. As a penalty, the complexity
of the two-stage canceller increased. The first method is to increase the length of the
inain canceller Ny beyond the minimum required length. This method was dismissed
in Tavour of the sceond method. that is 1o increase the stopband attenuation 6, on
the wnnwanted speetral images of the sparse filter. Since the G{Z) is non-adaptive, i
is less complex to inercase the interpolator order than to increase Lhie main canceller
length. Insuflicient stophand attenuation adversely degraded the perlormance of the
echo canceller. By trial and error, the lowest order of the interpolator was found 10
cusnre meeting the echo cancellation accuracy requirement. The atteibutes of vne
campromise tail canceller to be used on all loops was given, It was also forund that a
main canceller length of 20 taps and an AIFIR tail canceller with an interpolator of
passhand edge frequency f, of 7.81 mHz, stopband attenuation &, of 34 dI3 (implics

Nei = 25), and an interpolation factor L of 15 (implies Np = 22), 60 dB cancellation -
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accuracy could be achieved on a wide range of Bellcore loops. Lastly, the proposed
AIFIR filter approach is compared with the canceller of Davidson & Falconer. The re-
sults show that the suggested approach is quite efficient. This proposed tail canceller

approximately requires 27% of the hardware of the AFIR canceller.
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Chapter 6

Conclusions and
Recommendations

6.1 Concluding Remarks

In this thesis, a technique for two-stage echo cancellation has been presented in which
the tail impulse response is approximated by an adaptive interpolative FIR (AIFIR)
filter. The analytical and simulation results given in this thesis demonstrate that the
use ol the AIFIR echo tail canceller can substantially reduce the complexity of the
two-stage canceller by approximately 73% when compared.to the direct form AFIR
echo canceller. In this thesis, 60 dB echo cancellation accuracy was selected as the
performance requirement to be met by the proposed two stage canceller. Simula-
tion results indicate that 60 db echo cancellation accuracy can be attained on many
Belleore loops using the proposaed two-stage canceller, with a compromize lixed in-
terpolator €(Z), 1 has been fonnd that a main canceller length of 20 taps and an
AFER il eanceller with an imerpolator section having a passband cdge [, of 7.8]
mlz. stopband attenuation 8, of 3 dB (implies N = 23), and an interpolation fac-
tor Lol 15 (implies N = 22), 60 dB cancellation accuracy could be achioved on a
wide range of Bellcore loops. Lastly, the proposed AIFIR. filter approach is compared
witli the canceller of Davidson & Falconer, T'he results show that the suggested ap-

proach is quite efficient. The relevant attributes of the suggested canceller are given
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n Table 5.28. From ihe simulation results,we conclude that:

6.

l.

9

)

Provided that the first stage canceller has the sufficient required length to repre-
sent all of the main echo pulse, the performance of the two-stage echo canceller
. . J

neoroves as the length of the fiest stage canceller Ny, increases. As a potalty,
the complexity of the system inereases. 1t has been Tound that nsing ¢ fliceent

iterpolators, length of the first stage canceller Ny daes not need to excecd 20

taps. These interpolators were designed by careful seleetion of the L, paramter,

The selected value of the interpolator stopband edge Jp had a significant «llect
on the system performance. The decrease of L. up to a certain point (deflection
point}) improves the system performance. Past this point. degradation of per-
formance was noted. Choosing a value of f, near the deficction point offered the
best performance. With this in mind, a compromise interpolator was destencd
for all loops and was shown to meet the 60 dB echo cancellation accuracy lor
all loops considered except Loop#0. However. this loop causes less attenuation
ol the Gae ewd signal, so less than 60 dB3 echo cancellation accuracy wortld e

aceepl able.

For a giveu G(Z) and a sulficient length of the first stage canceller Ny it was
found that the selected stopband attenuation 8, had a dramatic offect on the

performance of the echo canceller. Insufficient stopband attenuation adversely

cdegraded the performanee of the echo cancellor.

Suggestions for Future Work

There are many interesting aspects of AIFIR filtering which could not he pursucd in

the contest of this thesis. A few are outlined below.

A fully adaptive IR filter (.o, the IFIR filter is simulated as a cascade of an

adaptive sparse filter and an adaptive mterpolator ((Z)). This could fuprove
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0.

the performance of the AIFIR filter.

Two implementations of G(Z) presented in [90] should be considered for [nture
research (a must for high bit rates such as 800 kb/s). Multistage interpolators
are more elficient than single-stage imterpolators, The second implementation

i~ an cllicient reenrsive cunning sum interpolators.

In view of the siguitican computational savings obtained in [90] Tor sinmlating
narrow-band responses which can span about 2300 samples. there is good reason
to believe that AIFIR tail canceller could be used in extremely high bit rate

(e.g., 300 kb/s).

For such high bit rates, it is expected that the echo tail impulse tesponse will
spin at least 2000 samples. Provided that main echo pulse is sinmdated by an
ATIR canceller, the tail pulse could be partioned into several tail pulses. Several
ol the AIFIR tail canceller (proposed for 160 kb/s) could be cascaded n series

1o sithulate the total echo tail,

The resnlts in this thesis elearly demonstrate a e Tor Terthier analysis of the

stopband attenuation elivets on performance.
The digital wordlength proberties of the AIFIR filter should be explored.

[ the literature of the multiplier-cfficient narrow-band digital filters, we found
cight dillerent spethods, These imethods conld be explored for the nse as tail
ceho cancellers. A very promsing technigue is che mnltipheative FUE (MR

lilters {10G]. [107] which ean elficiently approximate a given HR iltervpe,

There wonld as well he merit in exploring a new class of 1FIR (IFTR-1TR) filters.
where the *nterpolation is performed by an IR filter, "This may provide fnrther

decrcase in the complexity of the IFIR filter and may yield better perlorinance.



Appendix A

Loop Information

A.i "ellcore Loop Configurations

The structures of the Bellcore loops that were generated in chapter 5 are illustrated

in Figure A1 to Figure A.3. (CO = Central Office, Cust = Custumer).



Locp sl

Loop #2:

Loop #3:

Loop s4:

Locp #3
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295 AWG 24 AWG
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7500 A4S0 2000 3000/ ey
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[
!
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9000 B l PANS)
78 AWG 11 AWG

Figure A.1: Bellcore loops: Loap#1 to Loop#5.
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Licp w6

Loap %7

Lozp ws

Loop #9

Loog w10

|
|
'soo‘
2% ch’ 24 AWG
cusT
co L 500 120007 | 1000 |
28 AWG 20 AWG T 24 AWG ﬂ
cusT
13500
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cusT
co Y. 9000 o loor 5000/
2 AWG 22 AWG 26 AWG
1500 1500 1500
28 AWG 6AWG| 2 Awg
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|
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Figure A.2: Bellcore loops: Loop#6 t_o.Loop#IO.
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Lecp #U

Loop #12

Lacp #13

Loop #14

Locp #15

co

28 AWG

(®

12000/ |
AW 2R

cusT
co 7500’ 4500 1500
26 AWG TAAWG 06 AWG
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1000
24 AWG 100
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co L. 3000 000 | 1500’ 1500°
26 AWG 22 AWG 24 AWG TMAWG
cUsT
. 1 2000° 2
co 6 AWG E §

Figure A.3: Bellcore loops: Loop#11 to Loop#15.
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A.2 Analysis of Hybrid Systems

Subscriber loops in the telephone loop plant can have different line gauges and mav
have bridged taps. In order to determine the transfer function of such lines/echo
paths. a model is requived.

A transmission line or any two port network (e.g., hybrid sircuit) can be modelled
by the ABCD parameters (transmission matrix) (see [112], (113]). Now. the block
diagram of Figure 1.2 can be thought of as the model shown in Figure Al Using

the ABCD parameters, the input impedence viewed from port ! is given by

W _ AW+ BL AL+ B
LT CV+DIL, CZ+D

Let Vg (far-end voltage) equals zero, then a transfer function is obtained as

N

L (AN.])

_Vs) |z AZy+ B

H-(b) B Vip(s) - oL+ 7 = CZ, 2y + DZ,+AZ, + B

(A.2)

Let Vi (near-end voltage) equals zero. then we obtain the transfer funetion of e

channel as

Ve(s) CZ:2,+ D, + AZ, + B

The echo path transfer function E(s) can be readily obtained by multipling H(s)

(A3)

andl ()

Ee) = A+ BUAD - BCYZ,
T €72 ¥ D7+ AZ + B

(N D)

We assume that the echo path transfer function can be represented by an cquive-

lent rational function as [109)

, . ,’3,‘8" .
L(s)= 8y + Z :—\- , (\.H)
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Where A depends on transformer parameters. The above equation reveals that

the echo path transfer function contains a pole and zeros. Therefore, in order to

completely cancel the echo path T.F., a similar rational function must be applicd.

Vi 1 2
v, A, A B (7.} Ve
c D
EC r
Subscriber Line
zL
Vs &r
V; = Near-end Voltage
Vp = Received Voltage
V¢ = Far-end Voitage
V, = Atftenuated Far-end Voltage
Z = Terminating Impedance

Figure Ad: Model of a hybrid connected with subscriber line,
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A.3 Cable Characteristiic':sw

[n this appendix, the four data sheets from [102] that give the attributes by frequency
are tabulated (Table A.1 to Table A.). These data sheets are used! to generate the
npulse response of the echo path and the transmission path. These data shects are
utilized in the loop gencrating programs. The characteristic impedance Z, of the line

is

Zo = R(Z,) + 15(Z,) (A.G)

"Merely data for polyethylene insulated cable (PIC) lines @ 70° F is used. This is in rapport
with TID1 specifications. '

LY
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Frequency | R(Z,) | 18(Z,) | Gamma | Gamnma
in fz in ohms | in ohms | dB/mi | Dey/mi

0 10000 | -10000 | .000001 | .000001
1 0132.32 | -9127.63| .041 27
5 1084.62 | -4081.48 | .092 61
10 2388.76 | -2885.55 | .131 85
15 2359.07 | -2355.63 | .16 106
20 J013.38 | -2039.68 | 185 .97
30 1669 | -1664.81 | .29G 1.5
30 199472 | -1268.64 | .292 1.93

70 1094.17 | -1088.33 | .345 2.29
100 916.43 | -909.6 412 273
150 749.6 | -741.37 804 3.36
200 650.34 | -640.91 981 3.89
300 532.9 | -621.46 709 4.75
500 415.75 | -401.08 909 6.21
700 353.9 | -336.89 | 1.068 7.4
1000 209.3 | -278.66 | 1.263 8.94
1500 248.78 | -223.59 1.52 11.15
2000 219.32 | -190.3 1.725 13.1
3000 185.51 | -150.15 | 2.041 16.63
5000 153.94 | -108.86 | 2.467 22.99
7000 183.92 -86.5 2.744 29.05
10000 127.32 | -66.53 3.015 35.07
15000 118.6 -48.35 3.287 52,15
20000 14.61 | -38.26 3.469 8. 49
20000 LH0.69 | -27.71 2.77 99.22
20000 1011 | -19.14 4.242 160.94
70000 106.26 | -15.31 4.927 229,92
100000 104.74 | -12.69 5.701 312.95
150000 102.94 | -10.32 7,033 461.37
200000 101.63 -8.94 8.127 607.35
200000 100.02 -7.31 9.968 896.55

500000 | 98.32 | -5.67 | 12.001 | 1{68.59
TO0000 | 97.95 | 4.8 | 15.297 | 9096.81
00000 | 96.52 | -4.00 | 18.315 | 2893.98
1500000 | 95.69 | <9.29 | 22480 | Jo5a.87
2000000 | 0508 | -2.85 | 26.002 | #6811
F000000 | 94.56 | -9.93 | 31.919 | 8176.66
5000000 | 93.92 | -1.8 | 41.333 | 14031.41

Table A.1: Cable characteristics for 19 AWG PIC line @ 70° F.



Frequency | R(Z,) 18(Z.) | Gamma | Gamma
in H= in ohms | in ohms | dB/mi | Deg/mi
014000 -14000 | .00000! | .000001

] 12927.71 | -18924.94 | .059 39
5 5781.8 | -5779.59 | 131 36
10 J088.69 | -{086.44 | .185 1,99
I 933869 | -3336.25 | 297 1.5
20 289155 | -2859.05 | 362 173
30 9361.43 | -2358.40 | .321 EXE
50 1829,81 | -1826.2 | 414 2.73
70 1547.08 | -1342.90 | .489 3.2

100 1295.02 | -1290.81 | .65 3.87
150 1056.12 | -1052.52 | 715 1.7
200 917.35 | -910.71 | .8%5 5.48
300 750.95 | -742.28 | 1.009 6.73
500 583.3 | -572.90f | 1.298 | 8.7
700 495,74 | -482.54 | 1.3 | 10.35
1000 J16.16 | -401.58 | 1.819 | 13.43
1500 342.8f | -325.02 | 2.209 | 15.30
2000 299.57 | -279.02 | 2.528 | 17.90
3000 249 -295.89 | 3.043 | 22.92
5000 199.33 | - 167.56 | 3.796 | 20.85
7000 17.89 | -136.92 | 4.942 | 36.38
10000 154 -109.09 | 4.942 | 46.01
15000 | 136.97 | -82.33 | 5.609 61.1
20000 | 197.25 | -66.72 | 6.045 | 76.04
30000 | 118.37 | -48.55 6.6 105.1
50000 | 111.68 | -92.81 | 7.905 | 166.85
70000 | 109.12 | -24.81 | 7.871 | 295.2]
100000 | 107.2§ | -19.27 | 8.732 | 92043
150000 | 105.52 | -1.99 | 10.193 | 472.93
200000 | 104.33 | -12.77 | 11.575 | 63545
300000 | 102.56 | -10.98 | 14.12§ | 919.38
500000 | 100.38 | -8.03 18.25 | 1499.65

700000 | 99.16 -6.81 | 21.617 | 2074.02
1000000 | 98.04 5.7 | 25.873 | 2929.97
1500000 | 96.95 .66 | 30743 | 434942
2000000 | 96,28 0] | 36.695 | 5790.82
000000 | 95.48 3.3 | 45.021 | 8338.6
5000000 | 9.64 -2.50 | 88.277 | 14139.61

Table A.2: Cahle characteristics for 22 AWG PIC line @ 70° F.



Frequency | R(Z,) 19(7%,) Gamma | Gamma
in Hz in ohms | inohms | dB/mi | Deg/mi
0 19000 -19000 | 0000601 | 000001
1 16306.82 | -16297.63 074 .49
5 7292.58 | -7288.57 165 1.09
10 5156.83 | -5153.61 234 1.34
13 4210.72 | -4207.71 286 1.89
20 3640.77 | -83643.81 .38 2.18
30 2977.88 | -2074.85 404 2.67
a0 2307.15 | -2303.82 522 3.45
70 1950.32 | -1946.67 G117 4.05
100 1632.29 | -1628.16 738 {.88
150 1333.5 | -1328.66 903 3.98
200 1155.49 } -1150.02 1.042 6.9
300 944.5 -937.95 1.275 8.45
500 243.87 | -218.18 4.95 36.43
700 621.1 -G11.82 1.939 12.99
1000 521.4 -509.77 2.31 15.58
1500 {88.12  -413.93 2.813 19.18
2000 372.85 -350.5 3.23 22.28
3000 307.87 -287.9 3.913 27.59
000 243.87 -218.18 1.942 36,43
7000 200.75 -180.44 3.723 44.07
10000 182.25 -146.22 6.625 54.45
15000 157.04 -113.58 7.706 70.58
20000 148.22 -93.49 8.472 85.59
30000 128.79 -69.79 9.487 115.44
50000 117.22 -46.91 10.628 175.12
70000 112.62 -85.78 11.851 235.56
100000 109.5 -27 12.235 327.15
150000 107.2¢ -20.1 13.665 480.48
200000 105.96 -16.69 13.131 G:33.3
300000 114,31 -13.22 17.975 9:35.01
G000 102,12 -10.17 23,048 1325.69
00000 100.67 -85.6 27284 | 2005.53
160000 99.33 -7.2 32.639 2067.99
1500600 98.03 -5.88 40026 | 4393.06
20000M 971.23 -3.1 46.267 G810.54
2000000 9626 -4.17 30.753 8628067
2000000 93.26 -3.23 73,405 | 14231.83
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| Frequency | R(Z,) 18(Z;) | Gamma | Gamma
in H: in ohms | in ohms | dB/mi | Deg/mi
0 25000 -25000 | .000001 | .0000001
1 20562.46 | -20551.04 093 .61
] 9195.6 | -9190.92 208 1.37
10 6502.38 | -6498.86 204 1.94
15 2309.3 | -3306.16 361 2.38
a0 139813 | 4395.17 | 416 | 2.7
30 3754.58 | -3751.69 WAl 3.30
a0 2908.66 | -2905.67 058 4.34
70 2458.0 | -2435.41 779 3.14
100 2057.93 | -20538.93 931 6.15
150 1680.47 | -1676.45 § 1.139 7.53
200 1455.88 | -1451.85 | 1.315 8.7
300 1189.51 -1184.2 1.61 10.606
500 922.69 -916 2.075 13.75
700 780.91 -733.09 2.452 16.33
1000 654.74 «054.46 2.924 19.56
1500 536.48 -525.19 3.569 24.04
2000 466.25 -453.25 4.107 27.86
3000 383.39 | -367.51 | 4.995 34.36
5000 301.19 | -280.76 6.36 44.99
7000 258.16 -234.04 7.422 58.99
10000 220.58 -191.85 8.692 G5.9
15000 186.46 -151.47 | 10.249 83.56
20000 167.08 -120.94 11.503 99.83
30060 143.711 -97.35 13.232 130.60
30000 127.25 -67.47 15.285 190.1
70000 119.24 -52.05 16.509 | 249.33
100000 113.56 -39.12 17.726 | 339.29
150000 109.61 -28.32 19.253 491.26
200000 | 107.8 | -22.31 | 20.676 | 644.07
300000 105.92 -17.35 23.59 949.49
200000 H13.87 ~12.91 29.264 133177
700000 | 102,45 | -10.86 | 34477 | 2173.8
L0004 1.9 -9.04 ALI89 | 3014.78
15000000 | 99.33 742 | 50.493 | 4452.71
20000000 98.39 -0.43 8,348 | 2879.86
3000000 97.23 -3.20 71.551 | 8713.35
2000000 96.02 -4.08 92.543 | 14345.97

Table A.4: Cable characteristics for 26 AWG PIC line @ 70° F.



Appendix B

Simulations Information

B.1 Interpolator Specifications

We have designed diverse interpolator filters which were used in the simulations of
chapter 5. As explained before, the design method of the interpolator filters is based
on the tail frequency response. It is pointless to list the design of all interpolators.
[n this appendix, we provide the necessary informations that were used in the in-
terpolator design. As an example, we give the vital characteristics ol the multiband
compromize merpolator in Figure B.l. The passband widih and the various stop-

bands are provided in Table B.1.

Passband edge 7.81
Stopband#1 58.86 — 74.48
Stopband#2 || 125.52 — 141.14
Stopband#3 || 192.19 — 207.89
Stopband#4 || 258.86 — 274.48
Stopband#s || 325.52 — 341.14
Stopband#6 || 392.19 — 407.81
Stopband#7 || 458.86 — 474.48

Table 13.1: The passband and stopband widths of compromize interpolator,
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wse CHARACTERISTICS OF DESIGNED FILTER ses

LOWER BAND EDGE
UPPER BAND EDGE
NOMINAL GAIN
NOMINAL RIPPLE
MAXIMUM RIPPLE
RIPPLE IN DB

LOWER PAND EDGE
UPPER PAND EDGE
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MAXIMUM RIPPLE
RIPPMLE IN DD

SRR ARSI IRIGRRINNRRRAREBARR NGB NER SRS C RIS AS 2R G SRGRRMRRRRORINREONERED

(Z )

=10.88
=M
~38.8
-48.00
-58.80
-68.98
~70.00

DECIPDELS

Figure B.1: Compromize interpolator characteristics and magnitude response.
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B.2 Lea;ning Curves

The convergence curves of the two-stage echo canceller is given here. Figure 13.2

illustrates the graph of the mean squared error as a function of the baud period. The

adaptation step-size u = o = 5.56 x 10~".
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Appendix C

Proofs

C.1 Is R Diagonal Matrix ?

Here we provide a pseudo proof that R is a diagonal matrix for high values of L.
Since the input process X is white (i.e., uncorrelated), then in order for R to he

diagonal matrix, the following must be fullfilled

2 2 .
Elmmj] = { g"”G” :;;

There could be a situation when the matrix R has non-zero off diagonal terms

(C.1)

if the samples of the process m; overlap (i.e., correlate or non-orthogonal) with the
samples of the process m;. Therefore, there will be correlation between m; and m;
as 7 — J and no correlation if i « j. Consequently, the value of L will decide if
1 = jori & j. Therelore, the possibility of correlation is highest in the sanmples of
the product momy,. The samples of the product momg,, will far apart and as a result
uncorrelated, Thus. by selecting high values of the parameter L. we cau be sure that

the samples of the product mymy, are far apart : therefore uncorrelated.

190



Bibliography

{1} D. J. Mosscrschmitt, *Design Issuses in the ISDN U-interface Transceiver”.
{EEE Jour. on Sel. Areas in Comm., Vol. SAC-4, No. §, pp 1281-1293, November
1986.

[2] L. ). Piper et al., “Basic Access [430 Subscriber Interface Circuit for 15DN

terminals™, In [EEE Int'l Conf. on Comm. (ICC-87), 1987.

[3] P. F. Adamsand S. A. Cox, “The 2B1Q line code for the Local Loop: Genesis
and Transceiver Implementation”, (ISSLS-88), pp 19-23, 1988.

[4] S. Aly et al., *Architecture of the 2B1Q Symbol Receiver in the MC145472 ISDN
U Transceiver”, In Proc. Int’l Conf. on Acouslics, Speech & Signal proccssing,

pp 614-617, Glasgow, May 1989.

(5] J. G. Proakis, Digital Communications, pp 593-600. McGraw-Hill, Toronto, 2ed
ed., 1939.

[6] C. P. Tzeng et al., *Timing recovery in digital subscriber loops using bandrate
sapling”. [EEE Jounre, on Sel. Aveas in Comm.. Vol SAC-4, No. 8. pp 11302

1311, November T93G.

(7] 5. A Cox and P F. Adams, “An analysis of digital transiission technigues

for the local nrtwork”™, B.T.7..J. , Vol. 3, No. 3, pp 73-73, July 1985,

[8] D. D. Falconer, “Timing jitter effects on digital subscriber loop echo cancellers:

part. l-analysis of the effects”, IEEE Trans. on Comm., Vol. COM-33, Aug. 1985,

191



[9]

(o

[t

[12]

[13]

1]

13

il

{7l

[13]

D. D. Falconer, “Timing jitter effects on digital subscriber loop echo can-
cellers: part Il-considerations for squaring loop timing recovery”, [ELE Trans.

on Comm., Vol. COM-33, Aug. 1985.

I. Aboulnasr. A. Abousaada ,and W. Steenaart, “Eflicient Implementation
ol Echo Cancellers lor ISDN Applications™, In Proc. Int'l Conf. on Acousties,

Speech & Signal processing, Glasgow, pp 1380-1383, May 1989,

S.V. Ahmed et al., *A Tutorial on two-wire digital transmission in the loop

plant”, [EEE Trans. on Comm., Vol. COM-29, No. 11, Nov. 1981.

J. W. Lechleider, "Loop Transmission Aspects of ISDN Basic Access™. [ELF
Jour. on Sel. Arveas in Comm., Vol. SAC-4, No. 8, pp 1281-1293, November
1986.

S. H. Lin, “Statistical behaviour of multipair crosstalk”, B.S.T.J., Vol.59,

pp 955-975, July-Aug. 1980.

J. Aslanis et al., “Capacity and cuttoff rate of the digital subseriber loop with
Near End Crosstalk noise™, [n Proc. Intl Conf. on Comm. (1CC-59).pp 1075
1079, 1939.

K. W. Cattermole, “Principles of Digital Line Coding”, In Intl Jour. of Flec-
tronics, pp 3-34, July 1983.

D. B Waters, = Line Codes for Matallic Cable Svstems™, To fInt Jour, of

Eleetronies, pp 159-170. July 1983,

NYNEX Carp., “Characteristics of impulse noise on selected NYNEX metropoli-

tan loops”, In ECSA Contribulion T1D1.3/806-144.

R. McDonald, *Report of Bellcore impulse noise study”, In ECSA Contribution

TID1.3/87-250.

192



[19]

[20]

(24

[26]

[27]

29

E. Lee and D. Messerschmitt, Digital Communications, Kluwer Academic

Publishers, 1988.

A. A. R. Townsend, Digital Line-of-Sight Redio Links. pp 257-262. Prentice

Hall. 1983.

H. G. Haag et al., “Optical Fiber Cables for Subscriber Loops™. [EEL Jour.

on Lightwave Tech., Vol. LT-11, No. 7. pp 1667-1674, November 193Y.

B. A. Bosik , “The case in favor of burst mode transmission for digital subscriber

loops™, (ISSLS-80),pp 26-30 , 1980.

B. A . Bosik et al., “A'time compression multiplexing system for circuit switched
digital capability”, IEEE Trans. on Comm., Vol. COM-30, pp 2046-2052, Sept.
1982.

J. Lechleider, “A comparision of Echo Cancellation and Time Compression Mul-
tiplexing approaches for digital subscriber line implementation™, In £CSA Con-

tribution T1D1.3/85.

‘I'. Suzuki et al., ~Line Equalizer for a Digital Subscriber Loop cmploy-
ing Switched Capacitor technology”, [EEE Trans. on Comm., Vol./COM-30.
pp 2074-2082, Sept. 1982,

H. Takatori et al., “Low-power Line Equalizer for Digital Subscriber Loop™.
In Proc. Intt Conf. on Global Comm. (GLOBECOM-8{}, pp 26-31, November

LIS,

B.. Aschafi et al., “Ficld trial of a comparision of time separation, echo cancel-

lation, and four-wire digital subscriber loops™, ISSLS-82, Sept. 1982,

P..J. Van Gerwen et al.. “Design consideration for a 144 kb/s digital transmission

unit for the loeal telephone newwork™, IEEE Jouwr. on Sel. Arcas in Coman.,

143



Vol. SAC-2, No. 2, pp 314-323, March 1984.

(29] R. Komyia et al.. “The loop coverage comparison between TCM and Fcho Can-
celler under various noise cousiderations . JEEE Trans. on Comm.. Vol COM-

3. Nov., 1986.

[40] K. Murano ct al., “Echo Cancellation and Applications”, IEEE Couumn. Muy..

Vol. COM-28, No. 1, pp 49-53, Jan. 1990.

[31] D. Sargrad et al., “Performance Evaluation of Selected Transmission Schenes on
Digital Subscriber Loops”, In Proc. Int’l Conf. on Global Commnt. (GLOBECOM-
39), pp 1931-1939, November 1989.

[32] A. Gerges et al., “Implementation aspects for a 2B1Q Transceiver”, In Proc.

[nt'l Conf. on Global Comm. (GLOBECOM-88), pp T73-777, November 1938.

[33] E. Arnon et al., “Performance of 2B1Q Transimission System for ISDN Basic

Access”. (1SSL5-88).

(31] Mitel Corporation, ~2B1Q: A High Performance Line Code for ISDN Basic

Access”, Internal Documents.

(35) D. J. Messerschmitt, “Echo Cancellation in Speech and Data Transmission™,
[EEE Jour. on Sel. Areas in Comm., Vol. SAC-2, No. 2, pp 283-297. Noventber

FUN3.

(36] P. . Gerwen et al. "An Integrated Echo Canceller for Baschaud Data rans

mission™. Philips Tech. Rev., Vol.39, pp 102-117, 198.

[47) D. D. Falconer and K. H. Mueller, “Adaptive Echo Cancellation / AGC struce-
. tures for two-wire full-duplex baschand data transimission”™, B.S. T/ Vul.is.

pp 1593 1616, Sept. 1979,

194



[38] J. Anderson et al., “An LSI implementation of an ISDN echo canceller: design
and network aspects”. [EEE Jour. on Sel. Areas in. Comm.. Vol. SAC-4. No. 8,

1 1350-1358. November 1986.

30} 1. Salz. ~Ou the start-up problem in digital echo canceller™. BST. Vol.G2.

pp 1353-1364, July-Aug. 1983.

[10] G. H. Im et al., “Performance of a Class of Adaptive Data-Driven Echo (fan-

cellers”, IEEE Trans. on Comm., Vol. COM-37, pp 12541263 Dcc. 1989.

[11] D. W. Lin, “Minimum Meaun-Squared Error Echo Caucellation and Equaliza-
tion for Digital Subscriber Line Transmission: part [-Theory and Computation”.

IEEE Trans. on Comm., Vol. COM-38, Jan. 1990.

[42] D. W. Lin, “Minimum Mean-Squared Error Echo Cancellation and Equalization
for Digital Subscriber Line Transmission: part 1I-A Simulation Study™. [EEL

Trans. on Comm., Vol. CON-33. Jan. 1990.

[13] J. W. Modestino et al.. “Modeling and analysis of error probability perfarmance
for digital transmission over two-wire loop plant”, IEEE Jour. on Scl. :Areas in

Comm., Vol. SAC-4, No. 8, pp 1317-1330, November 1986.

[14] O. Agazzi ¢t al., “Large-scale integration of hybrid-method digital subscriber

loops™, IEEE Trans. on Comm., Vol. COM-30, pp 2095-2119, Sept. 1982,

5] N. Verhoeeks et al., *Digital Echo Cancellation for Baschand Data Transtuis-

sion” . (EEE Trans. on ASSP. . Yol. ASSP-27, No. 6. pp 678-7381. Dec, 1970,
[16] S. Haykin, Adaptive Filter Theory., Prentice-Hall. 1956

- [17] 0. Mazo, “On the independence theory of equalizer convergence™. B8 T.1.

pp 963 993, 1979,



[13]

H)l

G. Ungerboeck, “Theory on the speed of convergence in adaptive cqualizers for

digital communications™. In I1BM Res. and Dev.. pp 516-355. 1972,

E. Peter. =Muahistage RAM: an FIR filter for echo cancellation in a digital

~ two-wire subscriber loop”, {EEE Trans. on Cir and Sys. , Vol. CAS-31. No. 3.

|36}

pp 225-232, March. 1937.

M. Smith et al., “A nonlinear adaptive echo canceller for a digital transinission
system™. In Proc. Intl Symp. Appli. Sig. Proc. and Digi. Filic.. Paris, Franer .

pp 78-81, June 1985,

O. Agazzi et al., “Nonlinear echo cancellation of data signals”, [EEE Trans. on

Commun. , Vol. COM-30, No. 11, pp 2421-2433, Nov. 1982.

J. Chen, and J. Vandewalle, “Study of Adaptive Nonlincar Echo Canceller
with Volterra Expansion™. In Proc. Int’l Conf. on Acoustics. Speech € Sigual

processing, Glasgow, pp 1376 1370 May 1989,

A. Borys, “Some considerations on nonlinear echo cancellation and discrete
Volterra series for binary signals”, ntz Archiv, Vol. 11, pp 73-75, Mar./April

1939.

N. Holte and S. Stueflotten, “A new digital echo canceller for two-wire subscriber

lines™, JEEE Trans. on Comm.. Vol. COM-36, No. 29, pp 1573-1531. Nov. 1981,

N. Maitre et al., “The multi memory echo canceller for two wire digital trans-
wission”. In Proc. Int1 Conf. on Global Comm. (CLOBECOM-84). pp T51-757.

Novenber [98.1.

Vo Gl Roll and 5. B, Weinstein, “Simultancons two-way data transmission over

aolwoswire cireait” . HEEE Trans, on Comm, pp 143-147. Feb, 1973,
t

196



[57]

[-"1!)]

(60}

[G1]

(62

[6:3]

[ 1]

[ti5]

k. H. Mueller.. =A new digital echo canceller for two-wire full-duplex data
transmission ~, [EE Trans, on Commun. . Vol. COM-214. No. Y. pp 956 962

Sept. 1476,

D. D. Falconer. “Adaptive Reference Echo Canceller”, IEEE Trans. on Comm..

Vol. (.;01\]'30, No. 9, PR 2083—2094’ Nov. 1982,

A. Nanemasa et al.,, “An adaptive-step sign algorithm for fast convergence ol a
data ccho canceller”, IEEE Trans. on Comm., Vol. COM-33. Na. 10, pp 1102
1108, Oct. 1987.

K. Park and O. Macchi, “An echo canceller with reduced arithmetic precision”,
[EEE Jour. on Sel. Areas in Comm., Vol. SAC-2, No. 2, pp 1317-1330, March
4984,

M. L. Honig.. “Fcho cancellation of voiceband data signal nsing Recursive
Least Squares and Stochastic Gradient Algovithms”, [EEE Trans. on Comm.,

Vol. COM-33, No. 1, pp 65-73, Jan. 1985.

J. Cioffi and T. Kailath, “An efficient RLS Data-Driven Echo Canceller for
fast initialization of full-duplex data transmission”, [EEE Trans. on Conim.,

Vol. COM-33, No. 7, pp 661-611, July 1985,

. Adams et al,, "A long reach digital subscriber loop transceiver™. In Pror.

It 1 Conf. on Global Comm, (GLOBECOAM-86). pp 39-13. November 1986,

M. JL Swith e all, ~Nonlinear Echo Cancellers based on Transpose Distributed

Aeithetic™, IEEE Trans, CHRLSYS., Vol CAS-35. Naoo Lo pp G 18, Jan, TUSK,

K. Yamazaki, “Convergence Belavior of a Jointly-Adaptive Transversal and
Memory-Based Echo Canceller™, M.Eng. Thesis , Carleton University. Sept.,

1984,

197



[6i6}
[(iT]

(65]

[69]

(70]

,_-
-1
—

[72]

(73]

ol

(", Mogavero ot al.. ~Mixed Recursive Echo Canceller”. In Proe. Intl Couf. on

Clobal Comm. (GLOBECOM-86), pp +i-18. November 1936,

T. Soejima et al., “Experimental bidirectional subscriber loop transmission sys-

tem”, [EEE Trans. on Comm., Vol. COM-30, No. 9, pp 2066-2073, Sept. 1982.

T. Suzuki et al.,, “Line Equalizer for a Digital Subscriber Loop employing
Switched Capacitor Technology”, IEEE Trans. on Comm., Vol. COM-30. No. 1.

[P 2074-2082, Sept. Y82,

H. Takatori et al.. “Architecture for fully integrated echo canceller LSI based on
Digif.al Signal Processing”, In Proc. Int’l Conf. on Comm. (ICC-87), pp 601-605.
L1987,

N. Duc and B. Smitli. “Line coding for digital data transmission™. In Proc. of

the Austral. Telecom. Res. , pp 14-27, vol. 11, no.2, 1977,

A. Croisier, “lutroduction to Pseudoternary Transmission Codes®, In IBM Res.

and Dev., July 1970.

A. Brosio et al.,, “A comparison of digital subscriber line transmission systems

employing different line codes”, [EEE Trans. on Comun., Vol. COM-26. Nov.

1981.

W. I, MeGee.  “Advanced Digital Communications Course Notes™.  Olawn

niversity, Jan, 1939,

AL Fukuda o al.. =Digital Subscriber Loop Transmission using Echo Caneeller
and Balaucing Network™. fn Proe. Intl Conf. on Comn. (1CC-83). pp 1131

LIS, June 1985,

198



[75] K. Szechenyi et al.. ~Integrated full-digital U-interface circuit for ISHIN sub-
scriber loops”. IFEE Jour. on Sel. Areas in Comm., Vol. SAC-4, No. 8. pp 1337~

1349, November 1936.

[76] E. Arnon et al., “A transmission system for ISDN loops”, In Proc. nt T Conf.

on Comm. (ICC-86), pp 192-200, 1986.

(77) H. Scheuk et al.. =Digital signal processing for a MMS 3 transceiver for the
ISDN customer access™, In Proc. [nt’l Conf. on Global Comm. (GLOBECOM-
86}, pp 1666-1669, November 1986.

[78] A. Kanemasa et al., “An ISDN subscriber loop transmission system based on
echo cancellation techinique”, [EEE Jour. on Sel. Areas in Comm., Vol. SAC-1:

No. 8, pp 1359~1366, November 1986.

O} P Adams ef al. A ong reach digital subscriber loop trauseeiver™. B.T. 7./ .

Vol. 2, No. 2, April 1984.

(80] M. Fukuda et al., “An approach to LSI implementation of a 2B1Q coded ccho
canceller for ISDN subscriber loop transmission”, In Proc. fnt’l Conf. on Comum.

(1CC-89), pp 233-238, 1939.

[81] N. Tamaki et al.. “A line terminating cireuit using the DSP technique™, In Proc.

Intt Conf. on Global Comm. (GLOBECOM-87), pp 44.1.1-44.1.5, November

1987,

3] S. Sugimoto et al.. “Design of 2B1Q Transceiver for ISDN Subscriber Loops™.

ln Proe, bt Conf. on Conn. (ICC-89), pp 2282320 1934,

[s3] M. Arai et al,  “Design techniques and performance of an LSl-hased 231Q
transceiver”, In Proc. Iut’l Conf. on Global Comm. (GLOBECOM-88), pp T78-
782, November 1988.

199



[31]

[86]

[37]

i)

[39]

[0]

[o1]

2]

[93]

. D. Waldhaver, “Quantized Feedback in an Experimental 280-Mb/s Digital
Repeater for Coaxial Transmission”, [EEE Trans. on Comm., Vol. COM-22,

Jan, 1974,

P. Mohanraj, D. D. Falconer, V. Joshi, and T. A. Kwasniewski, “Reduced com-
plexity trellis coding/decoding for high bit rate digital subscriber loop transmis-

sion™. In fut’l Clonf. on Comm, (IC'C-89), pp 17.2.1-17.2.5. June 1989,

J. I Raiser, ~Nonrecursive digital filter design using I-sinh window function”.

[EEE Int. Symp.Cir. Sys. , pp 20-23, April 1974.

O. Herrmann et al., “Practical design rules for optimum finite response lowpass

digital filters”, B.S.T.J. , Vol. 52, July-Aug. 1973.

Y. Neuvo ot al., “Interpolated finite impulse response filters”, IEEE Truns. on

ASSP. , Vol. ASSP-32, pp 563~570, June 1984.

Y. Neuvo et al., “Design of narrow-band FIR bandpass digital filter with reduced
arithmetic complexity”, [EEE Trans. on CAS , Vol. CAS-34, pp 409-419, April
1987.

I, Saramiiki et al.. “Design of computationally efficient Interpolated FIR filters”.

IEEL Trans. on CAS | Vol. CAS-35, pp 70-88, Jan 1988,

J. McClellan et al.. “A computer program for designing linear phase FIR filters”.

IEEE Trans. on Audio Elect., Vol. AU-21, pp 506-526, Dec 1973.

R. Crochiereand L. Rabiner. Multivate Digital Signal Procossing. Prentice-Tiall,

T[99,

L. Rabiner and B. Gold, Theory and Application of Digital Signal Processing,

Prentice-Hall, 1975.



[#1] A. Oppenheim and R. Schafer, Digital Signal Processing, Prentice-Hall, 1975.

[95] B. Widrow , Adaptive filters, New York: Holt,Rinehart,and Winston, pp 363-
587, 1971.

[96] B. Widrow et al.. “Stationary and nonstationary learning characteristics of the

LAS adapive filker™, Proc, [EEE, | Vol. -64, pp 1151-1162, Aug. 1976,
[97] S. T . Alexander, Adaptive Signal Processing, New York: Springer-Verlag. 11306

[98] B. Friedman, Lectures on Applications-Oriented Mathematics, New York: .

1969.

[99] . G Cook. “Two Stage Data Echo Cancellation Utilizing Orthonormal Fune-
tions for Echo Tail Cancellation™, M.Eng. Thesis , Carleton University, Feb.

1989.

[100] G. Davidson, “Reduced Complexity Echo Cancellation Using Orthonormal
Functions®, Tecnical Report SCE-89-12 , Carleton University, March 1989,

[101] G. Davidson and D. D. Falconer, “Reduced Complexity Echo Cancellation

Using Orthonormal Functions”, submitted to [EEE Trans. on Cir and Sys.

[102] VSITA Equipment, “Compatability and Interface Specification at the Sub-

scriber Cable Distribution (Baseband) Level”, Meeting 29, Jan. 1975.
g <y

(103]) S. G. Brophy and D. D. Falconer, “Investigation of Synchronization Parameters
it a Digital Subseriber Loop Transmission System”™, IEEE Jour. on Sel. Areas

in Comum.. Vol SAC-1 No. 8. pp E32-1316, Novemmber 1936,

[101] D. D. Falconer, “Liming Jitter considerations for Digital Subscriber Loop Echo

Cancellers”, In Proc. Int’l Conf, on Comm. (ICC-83)}, pp 1398-1404, 1983.

[105] Atlanta Signal Processors, “Digital Filter Design Package”, Version 2.1, 1934,

201



[106] A. Fam, “MFIR Filters: Proberties and Applications”, IEEE Trans. on ASSP.
, Vol ASSP-29, pp 1128-1136, Dec. 1981.

[107] T. Aboulnasr and M. Fahmy, “Generalized MFIR Filters”, In Proc. Digital
Signal Processing-84 (DSP-84), pp 54-58, 1984.

[105] B. 1. Dotter et al,, “Implementation of an Adaptive Balancing ybrid™. 1EEL

Truns. on Comm.. Vol. COM-28, pp 1408-1416. Aug. 1950. =

(109] 1. Korn, “Analogue Adaptive Hybrid for Digital Transmission on Subscriber

Lines", Proc. IEE, Vol. 131, No. 5, Aug. 1984.

[110] J. F. Kaiser, “Some Practical Considerations in the Realization of Linear Digital
ilters”, Proc. 3rd Annual Allerton Conf. on Cir. and Sys. Theory, pp 621-633,
1965.

[111] N. R. Grossner, Transformers for Electronic Circuits, McGraw-Hill, 1967.
[112] M. E. Valkenburg, Network Aralysis, McGraw-Hill, 1974.

[113] Bell Telephone Lab., Inc. Transmission Systems Jor Communications, fiith

edition, 1984,

[ R
o
(3]





