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Abstract

In this thesis, the bursting phenomenon in echo cancellation of telephone system is investi-
gated. Bursting is characterized as long periods of successful echo attenuation alternating
with short periods of wildly oscillating signals. The objective of this thesis is to propose
means of modifying the echo cancellation algorithm to ensure bursting does not happen
in practical hybrids. Several approaches are proposed first for the simple cases currently
discussed in the literature , then for realistic hybrids. The advantages and disadvantages
of these solutions are discussed , and extensive computer simulations are provided to illus-
trate the effectiveness of the proposed approaches for low-order hybrids as well as realistic

ones.
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Chapter 1

Introduction

1.1 Use of Echo Cancellers in Telephony

In telephone system, the local link is set up by simply connecting the customer’s telephone
set to the central office using a 2-wire bidirectional loop, while the long-distance link uses
two separate unidirectional channels for “4-wire” transmission. The typical long-distance

telephone link setup is illustrated in Figure 1.1.

2 delay
— >
| echo path
far-end I =~ = near-end
2 delay 2w

Figure 1.1: Simplified version of the typical long-distance telephone link

The use of the separate channels for the two directions of transmission is a necessary
characteristic of long-distance transmission links. There are two reasons for this. First,
long circuits require amplification, and amplifiers are one-way devices. Second, for reasons
of economy, most, long-distance calls are multiplexed, i.e.; a number of calls use portions
of one wide-band transmission channel. Mulliplexing requires that signals in the two

directions be sent. over different slots. "Thus, provision of the connection between the




4-wire long-distance receive and transmit lines and the 2-wire local line must be made[6)].
A device called “4:2 hybrid” is used to accomplish this work. An ideal hybrid would
completely transfer the incoming signal from the 4-wire receive line to the 2-wire subscriber
line, and simultaneously move all the outgoing signals from the 2-wire subscriber line to
the 4-wire transmit loop. Practically, variations in component characteristics, loop length
and impedance cause imperfect separations of the incoming and the outgoing signals at
the hybrid. Thus, some energy on the incoming branch leaks into the outgoing branch
and returns to the source as an echo. Typically, the hybrid reduces the amplitude of the
“leakage” signal by about 10-15 dB relative to the incoming signal. The echoes caused by
the leakage on each end of the long-distance circuit may be very apparent to some users
even when the echo is as much as 40 dB below the incoming signal if the echo delay is
long(3][6]).

During the past decades, an echo suppressor was a principal method of controlling echo
in telephony [1)[2][6]). Fig.1.2 shows the installation of a rudimentary echo suppressor to

control echo in a satellite circuit.

A

l delay

Es| ES Qﬁi o

far-end L__T | near-end

- delay

Figure 1.2: Echo suppressors in the telephone system

The near-end ccho suppressor opens the lower transmission path to block the echo
when it detects speech energy on the upper path. But this decision to open is overruled if
it is decided that the returned signal from the near-end hybrid contains near-end speech

along with echo since the near-end speech must be transmitted to the far-end. Thus,




the echo suppressor is naturally incapable of blocking the echo during double talk(both
near-end and far-end speakers are talking). Another problem with echo suppressor is that
it imparts a choppiness to the speech by the opening and closing of the transmission path.
Both of these _shortcomings have been found more annoying with the long echo delays of
satellite circuits (approximately 540 ms)[13][21]. This has stimulated the development of
the adaptive echo canceller(EC).

A model of a long-distance system with adaptive echo cancellation is diagrammed in

Figure 1.3.
Wit a + Kk 5 Xy
far-end 2
g(z) g(z) h(z)
)
rk -1 P

+
(I near-end

Figure 1.3: Simplified model of echo cancellers in the telephone system

At a given end of the long-distance line, the incoming signal is applied to both the
hybrid and the adaptive filter(AF). The AF forms an estimate of the echo path impulse
response and then estimates the echo. This estimated echo will be subtracted from the
hybrid output to yield an echo-free received signal. The adaptive solution to the hybrid
problem is well established and has been, used satisfactorily in a wide variety of situations

(12)-[15].
1.2 Problem Description

Adaptive echo cancellation has been successfully applied to attentuate echoes in long
distance connections. Recently, with the increased ability to process signals cheaply,

adaptive echo cancellation is being employed on shorter telephone circuits. Such short




connections will generate a problem of high correlation between z and v(only consider the
near-end part) of Fig.1.3, especially when v is present and w(far-end input) is not. Given
this possibility, in common practice, a double-talk detector(DTD) will be used to turn
off(or on) adaptation when the ratio of the energy in v to the energy in z rises above(or
falls below) a given threshold. Howevér, there is a danger in the aggressive use of the
DTD. Noting that the adaptive hybrid operates in a closed loop(with feedback). If an
adaptive echo canceller is switched into a circuit with worst case hybrids and before the
echo canceller can adapt, double talk is detected and the LMS algorithm is halted. If at
this time the closed loop gain exceeds one, the system can become trapped in a sustained
“singing” mode until the double talk condition ends and adaptation can resume. To avoid
entrapment in a singing mode, DTD should be used conservatively.

If a DTD is not used in the circuit and an EC is implemented on a short line, a new but
undesirable phenomenon called “bursting” arises. Figs.1.4 and 1.5 give the typical time
series of an echo signal and one of the coefficients of the adaptive filter of a bursting system.
Bursting can be characterized as long periods of good echo attentuation alternating with
brief periods of rapid oscillation of signals throughout the system. This phenomenon
was first noticed in the Tellab Laboratory Rescarch(33]. They rcported on real time
tests utilizing a 20-tap adaptive hybrid at the ncar-end of the line and a nonadaptive
hybrid at the far-end, giving 6-dB attenuation around the loop with independent narrow-
band signal injected at each end. It i§ observed that after long periods of close match
between the output of the adaptive hybrid and the echo path, the system would suddenly
begin “bursting”. Consequently, the signals degenerated into wild oscillation. Thesc large
errors then cause the system to quickly restabilize. When the transmission at the far-end
is silent, the bursts appeared more frequently. Bursting was also observed in simulations
of a varicty of combinations of hybrid/EC sctup in [23]-[25] which can be cataloged into-

two groups: single adaptive hybrid system and double adaptive hybrid system.
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For a system with single adaptive hybrid as depicted in Fig.1.6, it is assumed the
near-end has an adaptive hybrid and the far-end hybrid is only a single scalar. If a
narrow-band signal(disturbance) is injected at the near-end and zero or very small input
at the far-end, then bursting is guaranteed to occur. If the input conditions for the near-
end and the 'far-end are exchanged( the normal configuration for training the EC), then
echo cancellation is achieved at the frequencies included in the narrow-band signal , but
there is no guarantee of the performance at the other frequencies[25]. However, there
would not be bursting in the near-end adaptive filter.

wk‘l ‘ X

<G>
3 ) [
et (- Y Yea

near—end

far-end

Figure 1.6: Single adaptive hybrid system

For double adaptive hybrid system(Fig.1.3), if a narrow-band signal is applied to one
side of the circuits, e.g. near-cnd, then it is the adaptive hybrid on the necar-end which may
exhibit bursting, while the far-end hybrid will adapt normally to cancel this narrowband
frequency. If the far-end EC exactly matches the far-end hybrid, the fcedback path will
be opened and bursting will not show up any more. However, this ideal match is unlikely
in practical communications channels, so bursting can still hapi)cn, although it is likely
to have very low magnitudes(depending on the match at the far-end).

It is worth noting that no bursting is observéd if white gaﬁssian noise is appliced to
any of the above situations.

From the above observations, it is clear that the essential driving force behind bursting’

is attributed to the correlation between the signal the near(far) end is to transmit and the




signal the near(far) end receives from the far(near) end. More specifically, suppose that

at the near-end, vy is the dominant component of 741, Tkt i§ then fed back through

the far-end hybrid. If the far-end hybrid is only a scalar(nonadaptive hybrid)as in Fig.1.6,

z; will be a scaled version of rx4;. Under the condition of no far-end input, this z; is

definitely highly correlated with 741 within the time-window of the AF if the length of
delay is short. If the far-end has an adaptive hybrid as in Fig.1.3, this hybrid will work

normally and try to cancel the input as the echo. Even in this case, there will still be a

correlation between the leaked signal z; and 741, although z; will likely be of very small

magnitude. This correlation will lead the “normal” LMS algorithm to assume that the
component in the ry4; which is correlated with z; is part of the leaked echo from the

hybrid and ﬁ(z) will be adjusted to increase its magnitude in an effort to cancel it, which

will eventually lead A(z) to drift away from h(z) thus causing the poles of the overall

system to cross to the outside of the unit circle. Simple observation of the error does not

allow us to predict the occurrence of bursting ahcad of time. However, the cocflicients will

consistly grow in magnitude to the point where the effective poles of the system become

unstable . This will be discussed in more detail later in Chapter 3.

The occurrence of bursting is affected by various parameters including step size of
the adaptive algorithm, matching between the filter order and the hybrid response, the
quality of echo cancellation at the far—end; and the presence of the far-end signal(for single
adaptive hybrid only).

In conclusion, bursting is such a detrimental phenomenon t}hat it has to be avoided.
In this thesis, several efficicnt solutions will be proposed concerning bursting control.

Simulation results verifying the performance of these approachés are provided.




1.3 Thesis Organization

This thesis is organized in 5 chapters. In Chapter 2, several published solutions about
avoidance of bursting are reviewed and their advantages and disadvantages are discussed.
The concentration of Chapter 3 and Chapter 4 is on the work done in this thesis. In
Chapter 3, several simple and effective approaches for bursting control such as the com-
bination of monitoring pole positions with the usage of leaky LMS and restricting the
dynamic range of the coefficients, etc. are described. However, these approaches are
either applicable to low orders or require some knowledge of the hybrid response. In
Chapter 4, two approaches based on cross-correlation of the input and the error of EC are
proposed and their effectiveness are verified by computer simulations. Finally, conclusions

and suggestions for further research are included in Chapter 5.




Chapter 2

Review of Current Methods For
Bursting Control

The bursting problem is not unique to telephone systems. It is also observed in adaptive
systems such as model reference adaptive control, autoregressive moving average(ARMA)
whitener/predictor used in adaptive pulse code modulation(ADPCM)(30] , etc. It has
been extensively studied in numerous recent papers proposing possible ways to avoid it.
In this chapter, current approaches, c..g.: providing the persistent excitation to the input
of the EC[28], adding proper lcakage to LMS algorithm[30], usage of a new double-talk
detector(DTD)[38], and usage of double adaptive filter systems[lG][lé], cte. are reviewed.
The advantages and disadvantages of each method will be summarized. As a general rule,
all methods proposed up to the present exccpt the last one §tudied very simple cases of
the first-order adaptive filters with scalar'fecdback. Bursting was also shown to happen in
those “simple” cases. Most methods proposed arc for these unrealistic cases and are not
generalizable for the practical oncs. I-Iéwcvcr, due to the mathematical complexity of the
problem, it was not possible Lo address the general case. The usage of double adaptive

filters is the only one applicable to higher orders.
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2.1 Persistence of Excitation

In [26], it was shown that regular LMS adaptive algorithm can generate parameter drift
when driven by bounded sequences even if there is no feedback loop. For the persistently
excited cases, parameter estimates are bounded. In [28], several adaptive problems in
which bursting may happen are discussed, and it is concluded that the occurrence of
bursting is attributed to a lack of persistence of excitation combined with the presence of
disturbances inside a feedback loop. Thus, a sufficient condition for avoidance of bursting
is persistency of excitation[28}[27]. This solution is also applicable to the adaptive hybrid
problem . Here, the excitation is the input to the EC, the input at the near(far) end acts
as a disturbance to the algorithm at the near(far) end. Referring to Fig.1.6, when there
is only narrow-band signal injected to the near-end, the excitation, z, to the EC is also
narrow-band, i.e. nonpersistent. Combining the disturbance vi4. within the feedback
loop, bursting will definitely happen[23][24].

Following the above analysis, it is not hard to conclude that as loné as we can provide
persistent excitation(roughly frequency richness, e.g., speech or white noisce) to the input of
the EC, fhen proper performance of the EC is guaranteed. However, the excitation is not a
design parameter. A tone or a whistle or some other narrow-band signals could be injected
as necar-end input. Thus, this sufficient condition is not pract;ically enforcable . It can be
applied by the addition of a signal correlator at the input of the EC. Adaptation is stopped
upon the detection of an “unsufficiently persistent” input. However, the complexity of

this correlator is significant.

2.2 Application of Leaky LMS

Nowadays, LMS is the most commonly used algorithm in the EC. There arc numerous,
papers discussing its cflectiveness [3][7](19](25]. The LMS algorithm[9]-[13] is considered as

an approximation to the well known steepest descent(SD) algorithm, using instantancous
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estimate of the input optimization technique driven with a fixed step size. The basic

operation of LMS in EC problem is illustrated in Figure 2.1.

x(k)

r?-

.__
)

| accumulator

oo

ek) ~ T yk)

Figure 2.1: LMS algorithm used in the echo cancellation problem

The incoming signal at time k, z(k), is applied to both the AF and the hybrid. The
AF forms an estimate §(k) (echo estimate) of the ccho path output y(k). The difference
between y(k) and (k) is the estimate error e(k) to be used to adjust the filter parameter
hi(k),i = 1,...,N (N represents the number of the coefficients of the AF) so that the
echo will be cancelled as best as possible in the least-square sensc[4][3]. LMS reaches an
unbiased optimum.

The updated equation for the ith weight can be expressed as:
hi(k + 1) = hi(k) + pz(k — i + 1)e(k) (2.1)

where p is the step size which determines the convergence speed and the steady state mean
square error. To guarantee the convergence of cocfficients to optimum, u is bounded by
O<pu< :\"—?u;, where A4z is. the largest cigenvalue of the correlation matrix of the input
vector. To guarantce the convergence of the LMS algorithm in the mean square, u should
satisfy the condition 0 < p < —-3—\- AS Mz < TN, i, the first bound imposes a larger

Z.:l ¢
.'2

upper bound on g than that of the sccond one. Thercefore, the condition of 0 < gt < =x—

Zi:l A

is the necessary and sufficient condition for the overall stabililty of the LMS algorithm][9].
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The simplicity and the robustess of LMS algorithm make it the predominant learning
method used in EC. Leaky LMS algorithm[9](31] is & modified version of the LMS designed
to stop parameter growth to excessively large values. It is obtained by minimizing the
combination of the mean-squared error(MSE) and the energy in the impulse response of

the adaptative filter. In the leaky LMS, the cost function
J(k) = E{c*(k)} + ahTh

is minimized with respect to the tap-weight vector h , where o is a positive control
parameter and E{} is an expectation operator.

The minimization yields the following update for the tap-weight:
hi(k +1) = (1 — BYhi(k) + pz(k — i + Le(k) (2.2)

where 8 = ap, (0 £ B < 1) is the leakage factor which controls the leakage rate. 8 =0
correspondes to the regular LMS algorithm. Leaky L.MS rcaches the cqmpromise between
the minimum of MSE and the optimum of weights power, so it can be used to prevent
weights from drifting to large values which eventually leads to bursting. To guarantec that
parameter drift is contained in a suitably small region, 3 is required to be large. However,
leaky LMS results in a biased optimum. The closer A is to 1, the larger the bias. Thus, 8
has to be chosen s.mall. But if § is too srhall, there will not be enough leakage to control
drift and bursting will occur. Therefore , a compromise is required(29][32]. In {30], a
relation between step size p, leakage factor B and the size of the disturbances(usually
one has a prior estimate of it) is derived so that the boundary scparating the estimated
parameter space into stable(non-bursting) and unstable(bursting) regions can be obtained.
Bifurcation analysis [33]-[37) was used to establish that within the usual range of values
of leakage , step size, and disturbances, the system will contain cither a stable fixed point
or a stable period two orbit. It was shown that when the adaptive system has a stable

fixed point, ncarby initial conditions will converge to it, no bursting is present. When
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the stable period two orbit is present, nearby initial conditions will spiral into it. This
is the case when the system bursts. Thus, the main part of [30] is attempting to derive
the exact location of the fixed points and establish bifurcation curves along which the EC
adaptive problem changes from the bursting to non-bursting behavior.

Considering the complexity of the derivation , the simplest model shown in Figure 2.2
with single parameter adap‘tive hybrid at the near-end and a nonadaptive scalar at the
far-end was analysed. Since bursting is more likely in short loops, only the worst case of
one delay is discussed. Cases when the inputs were not persistent excitations are the only

ones considered since they are the only cases that could possibly lead to bursting.

W s > xk
k¥l T
far-end L /
o h
\ A
i 4 YK
Z'] r D o Y+
k+1
near-end

Figure 2.2: Model of single adaptive hybrid system

where h is the first-order near-end echo-path transfer function, A is its estimate, and a is
echo attenuation factor for far-end echo path. vy, is the ncar-end signal and wyy, is the
far-end signal. In this case, we assumc wey, to be zero.

The update of paramecter his
Bppr = (1 — B) by &+ P kT g | (2.3)
The error scquence is given by
Tiwr = hty — hay + V41 (2.4)
Define by = h — iLk, and rewrite (2.4) as
Thal = izkmk + Upg1 (2.5)

13




=

Then, substituting (2.5) into (2.3), we have
izk.,_l =(1-8- ,uzf.)ﬁk — uTVke1 + Bh (2.6)

As ), = arg + W41, with wyy = 0, we get

Tpy1 = QThg1 = ahiZ + QUi (2.7)

Suppose U4 is a constant, i.e., Vr41 =V, and define u = z/L, v = —ah, d= av/a(also

a constant), and a = —ah, then (2.6) and (2.7) of the first iterate map can be rewritten
as

vepr = v(l =B —up) 4+ wd + Ba. (2.8)

Upp1 = —Uplp + d (2.9)

The second iterate map is given by

uppr = —(w(l—=0~- u?) + urd - Ba)(d — upvy) +d
verr = (vl =B —uf) +wd+ fa)

x(1— B - (d—wvp) + (d— wwp)d + Ba

Let v = Upyr = Uk, U = U2 = Uk, the fixed points of the sccond iterate map arc at

d+/d* — 4B(1 - a)
- 2

Uy ,'U1=1

d— & ~4B(1-a)
= v

Uy = 2 )

It is discovered that the curve 48(1 — a) = d?, i.e., 46(1 + ah) = d? divides the (d, 8)

=1

region into stable(P1) and unstable(P2) parts shown in Figure 2.3.
Along the curve 48(1 + ah) = 42, the fixed points of the first and the sccond iterate
maps coincide at (u,v) = (d/2,1), and the Jocabian of the first iterate has an cigenvalue

at -1. This is an indication that along this curve the system period doubles. Then if
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(d, B) pair lies in region P1, i.e. 4B(1 + ah) > &2, the system will not burst. Otherwise,
bursting will definitely happen.
From the definition we made before, it is clear that d is not exactly the near-end input.

As d = av./[, the boundary 46(1 + ah) = d? changes to

48(1 + ah) = *pv? (2.10)

Figure 2.3: Bifurcation lines in (d, ) parameter space

Chapter 3 will prpvide simulations conducted to verify the accuracy of this boundary.
The simulation results show that the derived boundary is quite accurate and suitable
leakage factor can be chosen in P1 region to avoid bursting. For dc term combined with
small-amplitude sinusoid, a similar boundary can be derived. Therefore, following this
approach, we can find the proper leakage factor to prevent bursting for a given first-order

system. However, the complexity of the analysis makes it inapplicable for practical orders.
2.3 New Double Talk Detector

As explained carlier, bursting results from the high correlation between the “excitation”
(input to the near-end EC) and the “disturbance” ( near-end signal) when considering the
performance of the near-end hybrid . Thus, stopping adaptation based on this correlation

would help avoid bursting. In [38], a new test signal which approximatcly mecasures this
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correlation is proposed for use in the double-talk detector(or near-end speech detector)
scheme commonly used to halt updating in the presence of near-end signal.

The basic idea of any Double Talk Detector(DTD)[39][40] is to freeze the parameter
adaptation when the ratio of the energy in vy(near-end input) to the energy in 24(input to
the EC) exceeds a predermined tlu‘e‘shold. A too cautious DTD will frequently interrupt
the adaption so that the adaptive filter may be unable to achieve good echo attentuation,
while a too bold DTD will allow continuous adaptation even when the near-end signal
may result in a large parameter estimation error and possibly bursting. The new DTD in
[38] is based on the selection of a proper test signal and an associated threshold so as to
detect the presence of high correlation between the near-end and far-end signals rather
than just their frequencies.

To be consistant with the notations in [38], the block diagram of the system model is

repeated in Figure 2.4 here. The model is still the simple first order case discussed earlier.

n — Nk-
Wi =q> K 2" :
far-end ] /
o h
A
- -+
n k near-end

Figure 2.4: Single adaptive hybrid reprinted from {38]

The conventional DTD defines the test signal as

o
Te = Average{ug,;)
Average{risi_y}

Whenever T, exceeds a predetermined threshold ©, adaptation is prohibited. But the
differences in signal power, carrier frequency, and bandwidth will all affect the selection

of the average threshold @. Thus, the optimization of threshold © over the set of all
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possible inputs is usually accomplished through trial and error in practice. This way is
quite inconvenient and it is not guaranteed the threshold can be suitable for all cases.

The proposed DTD is related to the decorrelation degree of vx and Tk—n, where n is
the dela}; in‘the telephone line. The test signal for the new DTD has an easy-to-select
threshold. Its main idea will be briefly reviewed here.

The equilibrium of the adaptive parameter of the average system is reached when

Avg{s;rp-n} =0 (2.11)
since
Sp = U+ hrio, — iLk_,rk_n
= U+ A1 Then (2.12)
Eq.(2.11) changes to
Avg{siTi-n} = Avg{uiTrn} + Avg{he1Tio,} = 0 (2.13)

Assuming p is very small, when [q.(2.11) is satisfied, the parameter estimate error is

effectively invariant, i.e., hi_, = h, then (2.11) can be rewritten as:
Avg{siTi-n} = Avg{urTr-n} + ﬁAvg{rz_”} =0 (2.14)

The average equilibrium is obtained at:

e = Avaluerioa} - (2.15)

Avg{ri_.}
If we define the test signal as
| Avg{vaTi—n}|
Avg{ri_.}

then, we can sce that the new test signal T, has thc advantage that an appropriate

T] =

threshold © for T, can be casily determined from the allowable parameter crror € for |A|.
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Given a constant € > 0 such that on the average |h*| < ¢, then T} < © = €. Thus,
whenever T is larger than the allowable ©, adaptation is stopped.
However, the signal v, needed to construct T, is not accessible in practice, so a new

test signal T;, is proposed as:

| Avg{urTi—n}l
Avg{ri_,}

Avg{viTi—n} -
A A < |h
Avg{ri_,} < (R A

To achieve |E‘| < ¢, the new DTD halts the adaptation when T, exceeds a threshold

T

© < |A"| + |h| < €+ |h] (guideline for choosing threshold of T,,). Though h is a unknown
parameter of the echo path , we can use knowledge of its range to get a reasonable
threshold for 7,,. The threshold for T, is used instead of directly using the threshold for
|| since |h| cannot be measured in a real case(h is not known).

Simulation graphs are provided in [38] to verify the effectiveness of this new DTD.
The model in Figure 2.4 with both near-end and far-end inputs as sinusoid is analysed.
If conventional DTD is used, optimizing the threshold for stopping adaptation must be
accomplished experimently. e.g., if the same range of |h| is requir;d, even a simple vari-
ation of the input frequency will result in the change in the threshold of T.. Thus, the
final © has to be determined through trial over the set of all inputs. However, for the
new DTD, the threshold can be dircctly obtained by- guidelines mentioned above. Fur-
thermore, simulations show that the new DTD more accurately indicates the need to halt
adaptation and hence exhibits less sensitivity to the initialization of the parameter esti-
mate in comparison with the conventional one. Thercfore, the new DTD is better than
the conventional one .

In gencral, for narrowband near-end signals, the adaptive coefficients will drift away
from the optimum until bursting occurs. Thus, if we can decide on a reasonable parametef

error range € , we will be able to determine the threshold for the test signal 7,,. Whenever
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T,, exceeds that threshold, adaptation is stopped and bursting can be avoided.

Though this method is successfully applied to the first-order hybrid case, it can not
be extented to the general cases as we will show . It is clear that the main idea of this
approach is to relate the allowable parameter error |i~z| to the test signal so that the range
for || will be useful for determining the threshold for T,,. This works when the number
of the coefficients in AF is only one . We will now consider generalizing this approach.

Assume the AF at the near-end has one parameter h, and the near-end echo path is
modeled as an M-order FIR filter. Following the same steps from (2.11-2.15), we have

the equilibrium

_ Avg{ypria} + ha Avg{Tren1Thon} F - -+ ParAVG{rion_rr1Thon}
Avg{r_.}

Still using the definition of the new test signal,

R =

T = g 240
Avg{vTion} + ...+ har Avg{TionTken—ar+1} .
= - 2
Avg{ri_.} H (2:18)
< A7)+ [l - (2.19)

Egs.(2.17-2.19) clearly show the relationship between the threshold of |k*] and that of T.
However, for the AF which has morc than one paramecter( a practical case), this
method is not suitable any more. For example, if the AF has N(1 < N £ M) parameters,

Eq.(2.11) will be changed to

Avg{vgri_n} + hiAvg{ri_n?} + Ry Avg{TheaThon—1} + - .-

+B,\'AU9{Tk—nTk-n—N+1} + .k h:\IAvg{rk—nTk—n—:\l+l} =0

Here therc are N undecided variables ﬁ;(i =1,...,N) in onc equation. Given the indi-
vidual range for h; < (i =1,...,N), we cannot dircctly determine a threshold for T, as

given by Eq.( 2.17).
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2.4 Double Adaptive Filters

Thus far, the methods mentioned are those directly designed to ensure the avoidance of
bursting. The following approach was implemented in commercial products. Even though
it does not seem it was intended to avoid bursting, it results in a bursting free EC.

In[16][18], the echo cancellers with two adaptive filters, known as foreground filter and
background filter, are described. The foreground filter performs the real echo cancellation,
while the background filter is used in adaptive mode to automatically search for any new
coefficients that may improve cancellation by the foreground filter. Whenever this is the
case, then the new coefficients are transferred to the foreground filter. The purpose for
using two adaptive filters instead of one is to effectively distinguish between the case of
double talk and the case of echo path changes. In the first case adaptation is stopped
while in the sccond case adaptation continucs. An echo canceller based on a single filter
cannot easily distiguish between the two since both result in large errors.

The criteria under which the cocfficients are transferred are different for these two
products. Plessey’s product[16] checks the crror from the two filters. If the long term
average of the adaptive crror(from the background one) is less than 7/8(experimental
value) of the fixed error(from the foreground one), then the coefficients are transferred to
the foreground filter. Using only this criterion, it cannot be guaranteed that the bursting
will be prevented before its occurrence. As mentioned in Chapter 1, the error before
bursting is still decreasing and simple obscrvation of the error cannot tell when bursting
will happen. Product of M/A-COM usces the ccho return loss enhancement(ERLE) as
the criterion. Referring to Fig.2.2, the ERLE value is obtained as send-in (yx + Upg1) tO
send-out(ry41) signal power ratio[17][40]. If ERLE(background)> ERLE(forcground)+3
dB consistently, then the cocfficients are transferred.

“im_

To avoid bursting, signal corrclators arc included in these two products. If an

proper” input is injected to the system, the danger of bursting will be prevented by these
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signal correlators. The possible presence of tones or periodical signals is identified. These
inputs are considered as possibly capable of destablizing the system through adaptation to
the wrong optimum or bursting. Whenever such a correlated signal is detected, the back-
ground filter Vcoefﬁcients, even if deemed to give better cancellation, are not transferred to
the foreground. This will stop the drifting phase before it leads to bursting. Furthermore,
in these two products, double-talk detectors are also included to prevent adaptation while
large near-end signals are present. Through using any of these two products, bursting will

not be encountered any more, the complexity of the hardware is their main disadvantage.

2.5 Conclusion

In this chapter, several approaches proposed in the literature to control bursting are re-
viewed. Leaky LMS and a modified DTD both show satisfactory performance for the sim-
plified model of single adaptive hybrid with one parameter at the near-end and nonadap-
tive hybrid with one scalar at the far-end. However, for the more complicated (realistic)
models, these two methods are not applicable any more. Though the commercial products
from Plessey and M/A-COM seem to be cffective in avoiding bursting , the complexity
of the hardware is a high price to pay.

In Chapter 3 and 4, we will introdupc several simple but cffective ways to prevent

bursting, and computer simulation results are provided as well.




Chapter 3

Proposed Simple Approaches For
Controlling Bursting

In Chapter 2, the usage of leaky LMS, double talk detector, and double adabtive filters
to avoid bursting were reviewed. The first two approaches are very effective, but they
are only suitable for a first-order AF. The third approach is applicable to any order of
the AF, but its requiremets for computational and hardware complexity are very high.
In this Chapter, we propose some simple approaches for avoiding bursting. Some of the
proposed approaches are shown to have restrictions, others are similar to those reviewed
in Chapter 2 in being applicable only for low-order hybrid cases.

In this Chapter, parameter drift is detected by monitoring the position of the poles
of the overall system. This approach is then combined with lcal_cy LMS to dcrive a
boundary for separating bursting and ndn—bursting regions for a higher-order casc. A
second approach based on restricting the cocfficients of the adaptive filters is also proposed.
Three different ways are applicd to ’tlie real hybrid -cases to verify its validity. Next,
an evaluation of all these methods is provided. Finally, the effect of using normalized
LMS(NLMS) is discussed. It is found that bursting still occurs’even if NLMS is uscd.

It should be noted that all the simulations in this and the next Chapters are done

‘with the configuration of Fig.2.2. The far-end attenuation is @ = 0.2, and the structure

of the adaptive hybrid(expressed as M/N later) will vary depending on the specific run.




M stands for the order of the echo path model and N represents the number of the AF.

The coefficients for the hybrid(69 taps) are provided in Appendix B.

3.1 Pole Position Method

It is well known that when the poles of the system are outside the unit circle, the system is
unstable. This is the case we should avoid. It is also observed(Figs.3.1-3.2) that bursting
happens as the poles move back into the unit circle from the outside. These two figures
illustrate the result of applying dc = 1 from near-end to the single paramecter adaptive
hybrid system with h = 0.1 in Fig.2.2. The time evolution of the location of the only pole
of the éystem is shown in Fig.3.2. When bursting happens in the system, it shows up in
all the signals . |

From this observation , it can be concluded that to avoid bursting, the basic way is
to keep the poles of the system inside the unit circle. If there is a trend for a pole to go
out of the unit circle , adaptation should be stopped. Adaptation will resume only when
the proper input conditions resume.

This approach will then introduce the problem of how to calculate the poles of the sys-
tem. In the following, the general expression for deriving poles of the system is provided,
and a specific example is explained to show its effectiveness. .

Considering the diagram of Fig.2.2, we assume the near-end echo path is modelled with
parameters hy, ha, ..., hyr, while the AF has N adjustable paramecters izl , ;L-‘_), e izl\v(N‘g

M). For this case:

Tret = Yk — Uk + Ukt
= (hzy +hoZpr + ..o RarTr—pr+1)
—(ilmiﬂk Foe b T na) Vpr1
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Figure 3.1 Time evolution of z; illustrating bursting for single
end adaptive hybrid (1/1) case. Near-end signal is dc=1.
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Figure 3.2 Time evolution of pole position illustrating bursting
for the same condition as Figure 3.1.
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Define hi; = hi — iz;k, the above equation can be rewritten as

reer = huTe + BaTeor oo+ AvkTE-N41

+hnp1ZE-N + o oo F RaZr- a1+ Ve . (3.1)
Taking the Z-transform of both side of (3.1), and dcfining
Tre1 ZL R(2), Uks1 ZL v (2)
we get
R(2) = hue X (2)+. . AhaeX (2)2 N Fhn X (2)z N+, FhauX ()M +V(2) (3.2)

Since
T = Wi+ + arg (33)

The Z-transform of Eq.(3.3) is
X(2) = W(z) + az”' R(2) | (3.4)
Substituting (3.2) into (3.4), we have
X(z) = W(2)+ az ' X(2)(hak + ...+ FL‘N;‘.z‘N“ +
vz N + o hyyz MY 4+ V(2)az
Assuming W (z) = V(2) = 0, the characteristic equation of this situation is given by
l—az 'hy—...—azVhy - az V" Vhypr — ... —az" hy,. (3.3)

Set this expression to zero, the pole positions can be obtained through solving this M-
degree polynomial. It is clear in this cquation that there is no direct relation between
the input, the algorithm used for adaptation, and the cofficients of the polynomial. The

characteristic cquation is the same irrespective of the inputs. However, the input will
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be reflected in the values of z; and 7p41, thus in the adaptation of h;, and is eventually
reflected in the locations of the poles. The fact that the characteristic equation is only
r_elated to the configuration of the system(i.e., the order of the echo path and the number
of the coefficients for AF for this single adaptive hybrid model) will be quite convenient
for us to get. the positions of the poles.

Consider the case M = 2, N =1, the characteristic equation is

1—az Yh; —az"%h,

ah + \Ja?h? + dah, (3.6)

2

1—az b —az thy=0=> 2=

For constant or sinusoidal inputs, the expression for the two poles is the same. When
|-"i*——————— Wl > 1, i.e. the poles of the closed loop are outside the unit circle, the system
will be unstable. It is necessary to check the position of the poles regularly to make sure
the poles will not go out of the unit circle. Though this method will be very useful ,
its complexity is prohibitive for large M. This limits the applicability- of this approach to

practical cases.

3.2 Pole Position Method Combined with Leaky LMS

Though verifying the stability of poles is computationally expensive, it is the most logical
way of avoiding bursting. Any method, as long as it can keep the poles of the system
inside the unit circle, is successful in avoiding bursting. The cffectivencss of leaky LMS
in its prevention of bursting has been discusscd[?:()]."I;his leads us to consider combining
these two approaches. With leaky LMS as the adaptation algorithm, we will determine
the pole position as a function of the leakage factor 8. Through restricting the poles to
be inside the unit circle, we can then get a boundary for the leakage to cnsure bursting
does not happen .

First, the simplest casc which was discussed in [30] is re-derived here based on pole
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position to verify the validity of this idea. With Fig.2.2, near-end echo path is a first-order
adaptive hybrid. From Eq. (3.5), it is known the characteristic equation is 1 — ahz=!, thus,

the only pole of the system is at ah. It is required that
- ~ 1
lah| < 1=>|h| < —
ol
to ensure no bursting presents. For leaky LMS, we have
hupr = (1= B)hu + pziriss (3.7)
Defining he=h— hy, and considering T41 = Ry + Vg1, (3.7) changes to
hrgr = (1 = Bk + Bh — pzi(hiy + Visr) (3.8)
When the system reaches the steady state, i.c. Bgr = e = h, Bq.(3.8) changes to

h(B + pzl) = —pzivier + Bh

- Bh — privesr
- B+ pzi?

Extensive simulations show that h is always negative preceding bursting. Thus, |h] < 1

(3.9)

is simplified as & > —L. Applicd Eq.(3.9) to h> —L, we have
pzi? — e Ti + B aBh >0

Define A = (quvgs1)® — 4u(B + aBh), then the ranges of i for satisfying this inequality
depend on different values of A. If A >0, as p > 0, the range for z; is o > T, =

A a1 =VA . .
wﬁ?;“‘i‘/—_ or I < T, = —=H=¥— o V3. A = 0, all values of z, except zx = LU INNCEY o

’ 2p

satisfy the incquality; if A <0, any value of z, is acceptable. Thus,
o’ vt = 4(8 + aBh) (3.10)

can be considered as the boundary separating the different cascs. Compared with Eq.(2.10)
, we can sce that Eq.(3.10) is exactly the same as that derived from bifurcation analysis

of [30] and it scparates the bursting and non-bursting regions.
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Simulation is done with specifications as following: the echo attenuation is o = 0.2,
the echo path at the near-end is h; = 0.1, the estimator was initialized at izo =0, Vg4 = 1

for every k, and step size p = 9-5. the boundary is calculated as

= oz?;r.uf.+1 _ 022x2%x1 1
4(1+ah) 4x(1+02x 0.1) 3264
From the analysis in Chapter 2, it is concluded bursting is averted when 8 > 3—2‘(57 and
occurs with 8 < 3. Figs.3.3-3.4 show z; versus time when 3 = 5 and 8 = 5255
From the above derivation and simulation , it is clear that through the way of consid-
ering pole position as a criterion to get the proper leakage factor is very effective. .
Here, we extend this approach to a higher-order case where the echo path is modelled
as a second-order FIR and the AF with one parameter. If the pole position method for a
leaky LMS update is applicd, a lower bound can be derived for the leakage factor.
From Eq.(3.6), we can sece that the poles arc at
= 7= ah, £ \/a';fz'{ + dahs

1Z12] < 1= |ahy £ a2k} Hdahy| <2 (3.11)

. . . PO ‘I- - L2i2 ek .
Extensive simulations show that it is the pole at === 11982 that moves outside the

unit circle during bursting. One example is provided in Figs.3.5 and 3.6 showing the
variation of the two poles of this system. System specifications are: hy = 0.7,hy =
0.49, v = 1 for all k, and p = 2-%. .

Since aﬁl - \/azfzf + 4ah, is less than zero for Ag > 0, we nced only to consider

ah, — Ja2h? + dahy > =2

= azﬁf + 4ahy < (2 + OJL,)2

;1,1 > ah2—1

(3.12)
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Figure 3.3 Time evolution of z with leakage factor 3 = g5(1/1
case). Near-end signal is de=1.
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Figure 3.4 Time evolution of z, with leakage factor B=5mx5(l/1
case). Near-end signal is de=1.
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For the adaptive filter’s coefficients,
Pukr = (1 = Bhy — pairips + B
= (1 — Bk + Bh1 — pxi (hurzy + haZro1 + Vk41)
= (1 = B — pz®)hu — phaZiTror — KTV F Bhy - (3.13)
At the steady state, Biksr = Bk = hq, Tk = Tk-1 = T, Eq.(3.13) changes to

F"l (ﬂ + I"kaz) = :Bh'l - /-szh'z - ll:ka+1

Bhy — pz?hy — pTUL+1
B+ pa?

hy = (3.14)
Substituting (3.14) into (3.12) , we have

Bhy — pzthe — UTUk41 S ah, —1
© B+ px? o

(—[14 -+ QCYﬂhg).'Ez + opvL1 T + (—ﬁ 4+ Q,Bhw_)_ - aﬂhl) <0
Simila; to the argument for £q.(3.10) , the boundary for leakage factor in this case is
ot il = 4uB(Rah, — 1)(ahy — 1 - ahy)

o’ Uiy
4(2Qh2 - 1)(0.’h2 -1- ahl)

——4 ﬁ =
An example is used to check the accuracy of this boundary. Same conditions as used in
Fig.3.5-3.6 are applicd. Then

5 0.2 x & x 1 .
= Ix(2x02x049—1)(0.2 x 049 — 1 = 02x 0.7)

=3.73 x 107"

Thus, theorctically, if 8 > 3.73 X 10—, no bursting is present. If 8 < 3.73 x 107", bursting
will occur. Simulation results show the actual boundary is 3.69x 10~*, which is quite close
to the theoritical onc. Figs.3.7-3.é provide the time evolution of z; with 8 = 3.7 x 107
and B = 3.6 x 10", The diffcrence between the theorctical analysis and practical resulit:

is believed to be due to the quantization and round-off errors.
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3.3 Discussion

From the above analysis, we can see that checking the system poles regularly or combining
pole position idea with leaky LMS to determine an appropriate leakage factor B will work
to ensure avoidance of bursting. However , there are drawbacks for these two approaches.

First, determination of the pole locations requires finding the roots of a high-order
polynomial. It is quite difficult to solve for the roots of a polynomial whose order is higher
than 5 . In reality, finding the roots of such a polynomial is usually done numerically. In
this application, it is not practical to expect to perform this operation in real time for
every iteration.

It should also be noted that when determining the bound on the leakage , we have to

know which pole is likely to move outside of the unit circle . For the second-order system

. . ahy++/a2h?+aahs . - .
mentioned above , if the pole of 5 is chosen to be analyzed; then, knowing

that ahy + \/agfz';’ 4+ 4ahy > 0 for hy > 0, Eq.(3.11) reduces to

ahy + Vo2h? + dahy < 2

— ahs -
— b < LEQ_ (3.15)

Combining Egs.(3.14) and (3.15), a different boundary would be

ﬁ — | a2/“l‘vl%'+l
- 4(1 —ahy — C!h-_))

which is 4.1 x 10~ if the same values of @, i, U1, by, and h, arc applied. It has alrcady
been verified that this value is not the accurate boundary. Thus, the knowledge of which
pole will go out of the unit circle is important. This information is not casily checked on
a real time basis.

The third limitation of this approach is that the characteristic equation depends on
the prior knowledge of the ccho path which is quite difficult to know. Of course, iﬁ

the theorctical analysis, it can be considered as a known parameter. In practice, both
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the order of the echo path and the associated coeflicients are not known. This is also a
drawback to all the existing methods reviewed in Chapte; 2 except the double adaptive
filters method[16][18].

The above analysis prompts us to consider the other ways which would be independent
of the knowiedge of the echo path. In the following section, we discuss a simple method
based on restricting the dynamic range of the coefficients to stop the parameters from

drifting thus eliminating bursting[43].

3.4 Restricting the Dynamic Range of the Adaptive
Filter

As explained earlicr, during the time leading up to the actual bursting, the coefficients
of the AF consistently drift to significantly large values(much larger than their optimum
values) . e.g. in Fig.3.2, the magnitude of the pole, loch], is provided. It can be seen when
|h| reaches and surpasses 1 = o5 = 5 and comes back inside the unit circle , bursting
would happen. But |h| = |h - Rl =10.1 - k|, the cstimator |A| can reach around 3.
Compared with the rcal value of A = 0.1, “5” is much larger than the optimum value for
this coefficient. Of course, this is a case which has only one parameter, when the AF has
more cocflicients, the relationship may not be that obvious . But the fact that the weights
will drift to quite large values during the drift phasc is true for all orders. This lcads to
the expectation that limiting the dynamic range of the coefficients may be effective in
stopping the drift phase preceding th(l: bursting and thus preventing the bursting from

occurring. This idea can be implemented in three different ways.

3.4.1 TFirst Approach: Coefficient Limits Based on Optimum
Values

For the first approach, it is proposed to train the ccho canceller through the usage of a

proper excitation: white noise or speech on the far-cnd and zero input on the near-cnd for
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training the near-end echo canceller. The system is allowed to converge and the weights
finally reach their optimum values on the average. These values are then used to determine
the allowable limits on the variation in the coefficients for cases of spectually insufficient
inputs as in the single tone case. More specfically, suppose h; is the optimum value for the
ith weight‘, then this weight is only allowed to change in the range of 0 and 2h;. The factor
of “2” would allow for considerable variation in the echo path. Although the coefficients
of the EC will drift away from their optimum values if excitation is not persistent, when
any of the weights hits or surpasses its own maximum or minimum allowable value, it
is fixed to the boundary value and all the other weights are also temporarily frozen at
their own current non-optimum values. The algorithm continues to do the adaptation,
but the values will not be used in the cancellation unless they satisfy the above conditions
for the weights. As soon as the proper input condition is applied, the coefficients will
automatically reflect this change and move back towards the optimum values away from
the bounds.

Simulation results prove the cffectiveness of this method. With Fig.2.2, modelling the
near-end echo path as a 3-tap FIR with coefficients A, = 0.7, hs = 0.49, and hs = 0.3,
the EC has two parameters h, and hy and p is chosen as 27°. Figs.3.9 and 3.10 provide
the time evolution of the first tap weight of the AF. White noisc is applied as far-end
input for the first 1000 itcrations, this allows the coefficicrlgs of the AF on the ncar-end
to reach their optimum values . It can be scen in Fig.3.9 that the coéfﬁcicnt oscillates
around an average value. Thus, the obtimum is considered to be the average of the last
100 values for a specific weight. Next, a tone(500 I1z) sampled at S000IIz is injected from
the near-end. After 7000 itcrations, the tone is replaced by white noise at the far-end
again. For this case, during the tone injection, the AF algorithm will consider the input
from near-cnd as a large error, the coefficients will increase in the magnitude to produce

high gain in an effort to gencrate large output to cancel the error, thus, they will start
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Figure 3.9 Behavior of one adaptive weight(3/2 case) with burst-
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to drift away from the optimum eventually leading to bursting. Fig.3.10 shows the same
scenarios with the restriction applied on the coefficients : when any weight reaches its own
maximum absolute value, it is frozen at that value, and all the other weights are frozen at
their present values, too. Here the simple model is used to allow us to follow the changes
in the cofﬁcfeﬁts . A practical hybrid of 69-tap impulse response(25] is also used with an
AT employing 16 weights. When 500 Hz sinusoidal signal is injected from near-end from
beginning and with step size of u = 1/10(large step size is to initiate bursting earlier),
bursting will occur after 16000 iterations. Fig.3.11 illustrates this residual echo z versus
time and one adaptive weight is depicted in Fig.3.12. It can be seen how far the weight
will drift away from its optimum value when the tone is applicd. However, when the
weights are restricted to twice the optimum value, bursting will definately not happen.
Even though this approach is likely to avoid bursting with minimal complexity; it does
restrict the adaptation of coefficients in normal operation. Figs.3.13 and 3.14 provide
evolution of the first and the fifth coefficicnts of the same 69/16 system as above with
near-end white noise input. Roughly seen, the weights change in th.c range (—0.6,0.6),
but the largest optimum values for weights of this 16-tap AF is below 0.02(sce Appendix
B). Thus, these weights will frequently hit our range of restriction, and will be forced to
stay at the boundary values decided by far-end whitc-noise case. This can be avoided by
carcful selection of the allowable range of variation for thc. coefficicnts. In any case, it
should not present a problem since the instantancous values of the coefficients is not of

crucial importance.

3.4.2 Second Approach: Coefficient Limits Based on Maxi-
mum and Minimum Allowable Values

The above approach is fairly simple. However, it assumes an initial trainning pcriod to
allow the EC’s cocfficients to converge to the optimum values. This is not nccessarily

always possible. Also, changes in the delay of the channel(location of the maximum) may
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Figure 3.11 Time evolution of zx in 69/16 hybrid with sinusoid
near-end input. g = 1/10.
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Figure 3.12 Time evolution of one adaptive weight in 69/16
hybrid with sinusoid near-end input. g =1/10.
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Figure 3.13 Time evolution of the first weight of 69/16 hybrid
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Figure 3.14 Time evolution of the fifth weighf of 69/16 hybrid
with white noise from near-end.
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end up reqﬁiring periodical trainning. Thus, an alternate approach which assumes the
availability of the knowledge of maximum/minimum allowable values for all the coefficients
is proposed. This would be based on statistical studies of the possible range of values for
the coefficients. Two contradictory requirements would have to be satisfied. The allowable
range has tc; be wide enough to cover all possibilities for hybrids responses and it also
has to be limited enough to stop the coefficients before causing the poles to cross into the
unstable region. Here , simulation results using one 69-tap hybrid with 16-tap adaptive
filter is already provided in Fig.3.11. The biggest magnitude |hmq.| of this 69-tap hybrid
is considered as the maximum value. And (=2|hmazl; 2|hmar]) is the dymanic range for all
weights. It is assuméd this would cover most hybrids. When we use the above dynamic
range to restrict the weights, no bursting happens, zx is just a scaled sine wave. This
assumes that an allowable range for all weights of 2 times of |Anaz! is a rcasonable range
for most practical loops and allows for unknown delay in response(i.e. unknown location
of peak). Depending on the possible range of allowable ccho paths, it is conceivable that
some combination of coefficients, individually within the allowable range, results in poles
outside the unit circle, such a scenario is possible but highly unlikely. From simulation

results, we have not encountered this situation at all.-

3.4.3 Third Approach: Coefficients Limits Based on Power of
Adaptive Filter Response

This approach to stop bursting is based on utilizing leakage concept to limit the growth

of the coefficients[2]. As explained carlier, leakage achieves this objective by minimizing
J(k) = E{c*(k)} +ahTh

where a is the control factor and h is the cocfficient vector of AF, e(k) is the error
between the real echo and its estimation. Thus, the algorithm converges to a sct of

cocfficients minimizing Mean Square Error(MSE) while having low cnergy (hTh) . The
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proposed approach is closely related to this requircment by using the coefficient energy

as a constraint. The updating algorithm seeks to minimize
J = E{e’(k)}

while ensufiflg hTh < g, where g is some predetermined threshold. It has been shown that
in “normal” operation hTh has a significantly smaller value than in the stage preceding
bursting. g is determined as a multiple of the average value of hTh for the expected
range of echo path coefficients. The new value for hTh is routinely checked against the
constraints. If it hits the constraints, the coefficients arc not updated . Again, normal
operation is resumed when regular input is received resulting in coefficients moving back
the allowable range. The workload of calculating the summation of the power is not
tedious. At every itcration, the new cocfficients are already obtained , thus, the calculation
of their power will be quite easy. The only drawback of this approach is we still need the
statistical investigation for all the range of the “normal” cases whose values should be
obtained through cxperiments. However, the allowable range for g is fairly large since for
a near-end tone input case, the power of the weights before bursting could reach several
orders of that of all other cases(c.g., in 69/16 system, the power is the order of hundreds
versus “0.1” for near-end tone versus far-cnd white noise). Thus, a tight range for g is
only required if we want to stop the drifting not just to a\.fo:xd bursting.

Compared witfl the leakage approach proposed in [30]; we can sce that this proposed
approach is dircctly implementable for realistic higher order while that in [30] was not
exccutable to higher orders. Both approaches scek to limit the growth of cocfficients,
here by using the energy constraint and in[30] by using leakage. It should be noted that
leakage would be applied all the time resulting in a bias in the optimum coeflicients under
normal operation. By contrast, the current proposed approach would not affect normal
operation. It will result in any changes only when drifting starts driving the cocfficients

to excessively large values. Compared to the approaches proposed in 3.4.1 and 3.4.2; this
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current approach is more complex. However, it does not require trainning(as in 3.4.1)
and does allow for different delays(different locations of the maximum value of impulse

response) unlike that in 3.4.2.

3.5 Effect of Using Normalized LMS

In the papers studying bursting covered in this thesis, only regular LMS was used as
simplicity. However, depending on the application, normalized LMS is used to ensure the
good performance for inputs with varying power[42] . In this section, we will study the
effect of normalization on bursting. The adaptation algorithm for NLMS is

ary+1Zk

Ai =Ai 6) 4 ———, = 1,..
hi(k + 1) = hi(k) 4 ST XTX; 1

LN

Where N is the number of the tap weights for AF, X, stands for the input vector at
time k, i.e. X = [Zr, Tr-1,--- ,ZLx-n+1), T stands for the transpose of the vector. « is
adaptation constant while v is a small positive term included to ensure that the update
term does not become excessively large when X t X, temporarily becomes small.

It is known the convergence time constant is inversely propotional to the power of the
input, and the algorithm will converge slowly for low-power signals[22]. Thus , using nor-
malized input rectifies this situation. Compared with regular LMS, NLMS improves the

convergence speed . However, we found that bursting will still happen for the normalized

adaptation algorithm . This is because bursting is caused by the high corrclation between

the input and the crror of the IEC and since this corrclation will always cxist no matter
which algorithm is used. Diffcrcrit values of @ and ~ result in different times at which
bursting happens, but they will not climinate it. Figs.3.15-3.17 provide some simulation
results showing effect of v and « on starting time of bursting. All of the three graphs
are obtained by using 69/10 systemn with 1000 Iz sinusoid necar-cnd input. Fig.3.15 and
Fig.3.16 usc the same a but diffcrent «y, while Figs.3.16 and 3.17 usc the same 7. As thé

instantancous power for the sinusoid input vector is roughly between 0.01 and 0.2(before
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realistic hybrids.
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Figure 3.15 Time evolution of z(k) with NLMS applied in the 69/10
system with 1000 Hz near-end input. o = 0.005, and v = 0.01.
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Figure 3.16 Time evolution of x(k) with NLMS applied in the 69/10

system with 1000 Hz near-end input. o = 0.005, and v = 0.05.
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bursting) , & could not be chosen too large, otherwise when the instantaneous input power
is too small , instability may be a problem. It is clearly seen no matter which kind of
combination for a and «, bursting will show up all the time. Based on this conclusion ,

all the following simulations use regular LMS.
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Figure 3.17 Time evolution of x(k) with NLMS applied in the 69/10

system with 1000 Hz near-end input. o = 0.01, and ¥ = 0.05.

3.6 Conclusion

In this chapter, a method based on controlling the pole position is proposed and its
combination with leaky LMS was shown to achieve a good result in eliminating burstmg
However, it is only applicable to lower-order hybrid case and cannot casily provide bounds
on leakage factor for gencral cascs. The results in [30] were extented to relatively higher
order case. However, it was obvious that generalizing this approach to realistic, orders is
not possible. Next, we presented three approaches restricting the range of the cocfficients.

These approaches arc applicable to any order of the hybrid, thercfore, have more practical
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significance. Restricting the energy of the coefficients is the best approach but requires
computation of hTh routinely. All the methods proposed in this chapter succeed in
avoiding bursting with some restrictions very similar to those in other existing methods
as reviewed in Chapter 2. In Chapter 4, we will present a more general approach for

realistic hybrids.




Chapter 4

Practical Approaches for Bursting
Control

4.1 Introduction

In chapter 3, several simple methods to climinate bursting have been proposcd. Because of
the shortcomings mentioned in the previous chapter, these methods have obvious limita-
tions. Our objective is to determine an approach that is not mathematically prohibitive(as
the method combining pole position cal;:ulation with leaky LMS) nor depending on the
preknowledge of the range of the cocfficicnts of the AF (as the method restricting the filter
weights). In this chapter, a simple and cffective approach of usin;; the cross-corrclation
function as a criterion to detect bursting is proposed and verified through computer sim-
ulation in practical hybrids. First, an algorithm presented in [46] for detecting double
talk is proposed as a tool to avoid bursting . Its performance is quite satisfactory, but its
complexity is significant. Next, a sirhplc approach bascd on cross-correlation is proposed
and its validity is proven by simulation. Finally, an evaluation of these two methods is

provided.

4.2 Averaged Cross-Correlation(ACC)

To be consistent with [46], Fig.2.2 is reproduced here as Fig.4.1 with variable 7441 renamed

e(k) , the crror of the EC.
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Referring to Fig.4.1, it was shown in Chapter 2 that the basic reason for bursting is
the high correlation between the signal z(k) and v(k), since v(k) is a component of the

error e(k), it follows that this high correlation also exists in z(k) and e(k).

LY . X(k)

far-end
oz’ h?z)/ @

e | X e V)
* near-end

Figure 4.1: Basic structure for single adaptive hybrid

In this section, we will study the property of the correlation between z(k) and e(k).
Our objective is to be able to identify any unique characteristics that exist in the phase
leading up to bursting. Once such characteristics are identified, they can be used to stop
adaptation and thus ensure no bursting happens.

In[46], a new double talk clet,ector(DTD) is proposed based on an averaged cross-
correlation (ACC). The main idea in [46] is to use an estimated cross-correlation function
- ACC as a criterion to distinguish between the double talk and echo path variation so
that adaptation is prohibited during double talk but continuing for echo path change. We
will show here that this ACC is also useful for separating tones and white noise as we
reported in [44].

The averaged cross-correlation (ACC) is defined .in. [46][45] as:

S Gk

ACC(k) = 5

where C;i(k) is the cross-correlation coellicient between (A — i+ 1) and e(k), N is the tap
number of the adaptive filter, and & is the iteration number. The update of Cy(k),2 =

1,2..... N is done using an exponential weighting recursive algorithm as following:
P2k) = APk = 1) + (1 = A)eP(k) ' (4.1)
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P(k) = AP*(k— 1)+ (1 = \)z?(k—i+1) (4.2)

Pi(k) = APy(k = 1) + (1 — Ne(k)z(k — i +1) (4.3)
Pei(k) .

C;(k)=m,2=l,2,...,fv (44)

P2(k), P?(k) recursively calculate the estimated power of e(k) and z(k — 7 + 1), P.i(k)
is the cross correlation of z(k — i + 1) and e(k). X is the exponential weighting fact;orl
which determines the time constant and estimation accuracy of the recursive estimation
algorithm. The smaller the A, the better the time varying signal tracking capability, but
the worse the estimating accuracy. Therefore, in practice, for slowly time varying signals,
) is suggested to be in the range of (0.9,1]. In our simulation, for all cases, A is chosen
as 0.95. The following priovides the calculations of ACC for sinusoid and white noise and
the characteristics for these signals will be clearly scen.

Unless otherwise specified, configuration of Fig.4.1 is used for all the following simu-

lations, and the step size is set as p = 27°.

4.2.1 Characteristics of ACC In Presence of Tones(Near-end
or Far-end) -

In Fig.4.1, if a tone is inserted from the far-end, no bursting will be present, so the echo

canceller performs good cancellation at this frequency. However, tones arce not spectrally

rich and are not adequate for training ccho canceller, thus the cocfficients of the AF will

‘not be the optimurn ones(See Appendix A). This results from the fact that the cocfficients

need to cancel the error only at that frequency with no knowledge of the system response
at other frequencies. Figs.4.2-4.5 show the averaged cross correlation function for such a
case . Note that ACC first converges to some low value, then fluctuates below 0.3(absolute
value). Through our simulations, it was shown that the nature of ACC is unafected by
the step size(1/32 or 1/100), the structure of the adaptive hybrid(69/16 or 30/10), or the

frequency of the input signal(500 IIz or 100 IIz).
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Figure 4.2 ACC of 69/16 single adaptive hybrid with 100Hz
sinusoid as far-end input.
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Figure 4.3 ACC of 69/16 single adaptive hybrid with 500z
sinusoid as far-end input.
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Figure 4.4 ACC of 30/10 single adaptive hybrid with 500Hz
sinusoid as far-end input. p = 1/32.
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Figure 4.5 ACC of 30/10 single adaptive hybrid with 500Hz
sinusoid as far-end input. g = 1/100.
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If the tone is injected from the near-end, this is the case when bursting will happen.
For this case, simulations show that ACC is always flat(except for the initial transient)
with magnitude above 0.4. Figs.4.6-4.9 provide some examples of usiﬁg different structure
of hybrids(69/16 or 30/10) and tones(500 Hz or 1000 Hz) to check the range of ACC for
different cases. However, we can see that though the magnitude range of ACC changes
according to different conditions, all retain their flatness and are larger than 0.4. It is
worth noting that the absolute value for ACC will not be dependent on the amplitude
of the input. This is because ACC is calculated corresponding to the power of e(k) and
z(k — 3+ 1). Thus, if the magnitude of the input is increased, it will be reflected in both

P.(k)P,(k) and P.;(k) which will lead C;(k) to keep the same range.
4.2.2 Characteristics of ACC for White Noise

If a white gaussian noise is applied to the far-cnd, ACC has no regularity and looks
random . However, it is observed that its magnitude is always below 0.4. Differcnt
echo path models are tried to show this charactcristic(Figs.él.10-4.1i). If the white noise
is aI;plied from the near-end, ACC is still below 0.4(Figs.4.12-4.13). Thus, there is not
much difference between these two cases(normal operations and double talk). Fortunately,
it is not necessary to separate thern as neither of which brings bursting problem. Though
in the later casc, the weights will not converge to the optimum ones, adaptation will be

stopped if a double talk detector is uscd.

4.2.3 Characteristics of ACC for Echo Path Change

Here, we study the nature of ACC in casc of a change ih the ccho path . It has to be
ensurcd that an ccho path change will not result in an ACC similar to that observed in
cascs leading to bursting. Theorcetically, it is clear that ACC will only depend on the
features of the signals. Of course, in its calculation, the values of z(k — 1+ 1) and e('k)

which have relations with the ccho path structure will also be included, but they will not
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Figure 4.6 ACC of 69/16 single adaptive hybrid with 500Hz
sinusoid as near-end input. .
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Figure 4.7 ACC of 69/16 single adaptive hybrid with 1000Hz
sinusoid as near-end input.
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Figure 4.8 ACC of 30/10 single adaptive hybrid with 500Hz
sinusoid as near-end input. '
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Figure 4.9 ACC of 30/10 single adaptive hybrid with 1000Hz
sinusoid as near-end input.
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change the nature of signals. Simulation results prove this analysis. In Figs.4.14-4.15,
ACCs are calculated for the case of echo path changed 50% after 500 iteration(e.g. all
odd number of coefficients are decreased by 50% and all even number of coefficients are
increased by 50%, the impulse responses before and after echo path change are provided
in Figs.4.16-4.17). Fig.4.14 is obtained for the case of 500 Hz sinusoid injected from the
near-end and Fig.4.15 is for far-end white noise case. A little difference can be seen in
ACC(Fig.4.15) for white noise case with echo path changed before and after 500 iterations.

While for the tone(Fig.4.14) , the difference is so small that it is extremely hard to detect.

4.2.4 Proposed Solution Using ACC to Avoid Bursting

The above simulations illustrated the characteristics of ACC in the parameter drift phase(near-
end tone) are unique and obviously different from the normal operation case. This dif-
ference can be used as a criterion to easily distinguish whether a tone or white noise is
injected. If ACC is found to be larger than 0.4 consecutively for a predetermined num-
ber of iterations(c.g., 200 in our simulation), then it is detected that a tone is applied
from the near-end and adaptation should be prohibited immediatcely. But ACC is con-
tinuously computed and checked with the criterion. When the input conditions return
to “normal”, ACC will automatically reflect this change and the weights will be allowed
to be adapted again. Of course, with this kind of criterion, we could not distinguish the
far-end tone from cither near-end white noise as in Figs.4.12-4.13 or far-cnd white noise
as in Figs.4.10-4.11, but none of thc.sc conditions will lead the system to burst, so they
are allowable conditions and we do not nced to identify them individually.

Echo path change is also easily identifiable from the drift case. The algorithm can
continue to adapt thus following the variation in the echo path, even cases such as the
e.cho path change occurring at the same time the input is changed from t;)nc to white
noise or from white noise to tone. In the first case, ccho path change is reflected at the

same time adaptation is resumed; in the second one, ACC will be calculated according to
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the new path and checked against the same crit'erion, if drift case is detected, adaptation
will be stopped.

An‘example is provided to show using ACC as the criterion to detect a near-end tone
A tone(2.000 Hz) is first injected from the near-end, after 500 iteration, the tone stops
and a white gaussian noise is applied from the far-end, another 500 iteration later, white
noise is removed and a tone(1000 Hz) is applied from the near-end again. Curves showing |
the variation of ACC and one coefficient of the AF, 5(6), are provided in Figs.4.18-4.19.
From Fig.4.19, it is clearly secn after ACC is found to be larger than 0.4 for 200 iterations,
weights will be frozen at their current values. When the white noise comes, the weights
are automatically allowed to adapt since ACC fails the test. They continue adapting till
they converge to their optimum values. e.g., 5(6) converges to 0.00843(average of the
last 100 iterations) which is close to the value of the actual impulse responsc for the 6th
weight 0.0086. When the near-end tone is applied again, ACC will become larger and flat
which will be detected by the ACC criterion and the adaptation is then frozen.

Another example given that a 500 Hz ncar-end tone applied to the 69/16 single adap-
tive system is illustrated to verify the cffectiveness of ACC approach. It is noticed in
Fig.4.20 after 16000 iterations, bursting will happen if no restriction is applicd to control
the drifting of coeflicients. However, applying the prof:oscd approach, bursting does not
happen as shown in Fig.4.21. We use the criterion that after consccutively 200 iterations
of ACC > 0.4, the weights will be frpzen. While ACC continucs to be calculated based
on the correlation between the input vector X (k) and the crror e(k). Since X (k) changes
with time, ACC is not a constant.

Although the usage of ACC is quite usctul for prcvcntiﬁg bursting, the associated
complexity in calculating ACC results in a significant increase in the system’s overall
complexity. For every iteration, P (k), P(k), and P;(k) have to be calculated. The

amount of computation of P, and P; depends on the number of weights of the adaptive
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Figure 4.20 ACC of 69/16 single adptive hybrid with 500 Hz sinu-
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filter. The more weights chosen, the more computation involved. The total amount of
multiplication is 6N+3, addition is 3N, and division is N+1 for every iteration. This can
be very significant for large N. This is also a major drawback for the originally intended
application of ACC as double talk detector[46]. Thus, simplifying the computional re-
quiremehté while giving the same performance is the main objective of the next step. In
the next section, we will propose a simplification to this algorithm that allows us to stop

bursting while requiring significantly less computation.

4.3 Direct Calculation of the Cross-Correlation

P.; is the parameter which relates z(k — % 4+ 1) and e(k). It is the most important
component of ACC and its normalization relative to the power P (k) and Fi(k) leads to
the normalized coefficient C;(k). The normalization procedure makes the values of ACC
indepedent of the magnitude of the input signal. c.g. Variation of ACC for unit variance
white noise will be cxactly the same as that of the white noise with a different variance .

As a result of the complexity of the calculation for ACC in each iteration, the logical
question becomes whether it is possible to use only F; as the criterion because it calculates
the cross correlation between z(k —4--1) and e(k), though not normalized. Furthermore,
in Eq.(4.3), the rccursive algorithm computing I fof different 7 is the same cxcept for
using a different z(k — ¢ -+ 1). Thus, 'it is expected that basic features of P (k) and
P.;(k)(i # 1) will not be very different. If that is true, then using one or two specific Py
may provide us with the same information. Bascd on this analysis, the following part will

study the special features of F7;.
4.3.1 Characteristic of P,; and its Usage for Bursting Control

First, we will consider P, i.c. the corrclation between the current z(k) and e(k). For

the system in Fig.4.1, if a tonc is injected from the far-end, P, will eventually decay to




zero and fluctuate with a very small magnitudé(Figs.4.22—4.23). A scparate window on
the graph shows P.;(k) after convergence on a different scale to see the details. However,
if the tone is inserted from the near-end, for most of the frequencies, P.;(k) will always
keep the same sign and converge to the zero line, i.e., its magnitude continually decreases.

This can be seen in Figs.4.24-4.25. 500 Hz and 3000 Iz sinusoids are inscrted from the

near-end, P.,(k) for the first case is always positive and P (k) for the sccond one is

always negative. Through simulation, it is found the crossover point from positive to

negative happens when the tone frequency is around 2000 Iz (approximate 1970-2030Hz) )

. Figs.4.26-27 provide the ACC when 1990 1Iz and 2010 Hz sinusoidal signals are applicd
to the near-end respectively. The fluctuation of ACC around zcro linc is clearly observed.

When the input is white noise, applied at cither the far-end or the near-end, P (k)
will always be fluctuating around zero(Figs.4.28-29). This will make it difficult to find a
criterion to judge whether a tone or white noise is injected, since [ (k)’s keeping the same
sign can not be a'feature of near-end tones due to the exception around 2000 IIz. Thus
introducing the calculation of another parameter P;(k)(i # 1) is considered. Suppose
i = N is used, the characteristic of P.y(k) will be similar to that of 12, (k), the only
difference is the frequency at which P,y (k) crosses the zero line \\;ill be different from that
of P (k).

With the above analysis, a critcriori using £; to detect bursting is proposed: P.;(k)
is computed for two values of i. Whenever at least one of the two P..(k)s keeps the
same sign for a predermined number of itcra.tions, it is determined that there is a tone
inserted from the ncar-cnd, then adaptation should be stopped . Since the two ;s are
regularly calculated and checked, when normal conditions return, adaptation is resumed.
As a far-end tone or near-end white noise will make the P;(k) fluctuate around zero, the
detection algorithm may assume the presence of far-end white noise and continue to do

the adaptation. This is acceptable since neither of these two cases will lead to bursting.
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If the processor used in echo canceller could not detect the sign change for the case far-end
tone due to limited accuracy, the adaptation will continue but will not lead to bursting.
The selection of the P.; terms to be calculated has to be done carefuily. Extensive sim-
ulations were carried out to ensure that for the selected pair, there will always one P,;
that will femain the same sign. Table 4.1 summarizes these results. Based on Table 4.1,
it is suggested to choose one even order and the other of odd order. It can be seen from
the Table 4.1 if P, (k) and P.;5(k) are used for analysis, there will be some confusion
for the frequencies around 2000 [z because both of them are changing signs . However,
the combination of P.(k) and P s(k) will work well. This was also verified for other
combinations.

Figs.4.30-4.31 illustrate using P (k) and Pe16(k) as the couple with the criterion men-
tioned above to avoid bursting. The input conditions are exactly the same as those used
for Fig.4.18 and 4.19. It can be seen during the tone input period, P,;(k) will cross the
zero line(a detailed description of 2 (k) before 400 iteration is provided in the window),
fortunately, P.i(k) still keeps the same sign. When this situation stays unchanged for 200
iterations, the weights are frozen, and bursting is prohibited. When white noise comes
or later another tone is applied, the performance of P.i(k) and P, (k) are just what we
expect. Figs.4.32-4.33 show the variations of the 5th and 6th weights of the AF. The
simplified method proposed here cnables us to detect and stop bursting before it happens
in the same way as the averaged method using ACC (scction 4.2) did. However, there
exist differences in details. Cornpeiri‘ng Fig.4.19 with Fig.4.32, it is noticed for the first
tone input part, the values at which iL(G) is frozen arc different. This is reasonable since
the instantancous value after consecutive 200 iterations of ACC > 0.4 is not identical
to that after consecutive 200 iterations of I (k) or Pi6(k) keeping the same sign. This
frozen value will be the initial one for the white noise input part. Although this far-end

white noise will allow the cocfficients to converge to the same averaged optimum values,
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Figure 4.30 P,; of 69/16 single adaptive hybrid with 2000 Hz

sinusoid at the near-end first, white Gaussian noise at the far-end

from 500 iteration, and 1000 Hz sinusoid again at the near-end
from 1000 iteration .
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Figure 4.31 P.js of 69/16 single adaptive hybrid with the same
conditions as above. .
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the instantaneous values for the 1000th iteration will be a little different. It is recorded
that the instantaneous value for 1000tk iteration in Fig.4.19 is 8.4802695¢-3, and in
Fig.4.32, the value is 8.4802667e-3. These values will be the initial values for the next
sihgle-frequency tone. As these two are so close, the final value the weights frozen at will
be very .cl'ose.

Another example given earlier for testing of the validity of ACC is used again here. In
Fig.4.34, P. () is plotted to show how the near-cnd tone evokes bursting. For Fig.4.35,

the P.; approach is applied and bursting is averted.

4.4 Conclusion

In this Chapter, we proposed two correlation-based approaches to enable us to detect and
stop bursting before it happéns. The first approach uses the averaged cross correlation
(ACC) while the second uses cross corrclation of the error with two of the input vector
components. Both are successful and feasible for practical hybrids. [However, using the
second approach based on evaluating only two cross correlation F;s will save a lot of
computation. For every iteration, ACC approach will require 6N-3 of multiplications,
3N of additions, and N+1 of divisions. While P; method only nceds to calculate two
P.;(k)s which will include 4 multiplications and 2 additions. Thus, [%; approach is quite
significantly less complex.

Although ACC is considered corr;plicatcd compared with P,;, it is still superior to all
other methods dicussed in Chapter 2 and 3. It was also suggested for use as a double
talk detector[46]. For the two approaches proposed in this Chapter, two adavantages are
worth highlighting. Firstly, they are practical. They do not-rcquirc restricting the order
of the hybrid to very low values, like leaky LMS method or pole position method, also
they do not nced the preknowledge of the range of the echo path coeficients to sct a

“criterion or the cxact order to derive an expression of the characteristic equation for the
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system. Secondly, they are robust. The criterion will not be affected by the order of the
adaptive hybrid , by the input conditions or by the echo path change, while the methods
such as leaky LMS whose derivations need the exact information of echo path model are
more restricted. In this sense, ACC and P,; are quite effective and practical.

Finally, recall that all of the above discussions considered the case of single adaptive

hybrid case with a scalar feedback at the far-end. It has not been tested the case of far-

end hybrid with AF since the presence of the far-end adaptive filter results in minimum
feedback; effectively opening up the feedback path. In this case, even if bursting happens,
it is of extremely low magnitude that it can be effectively ignored. Fig.4.36 shows such a

case.:
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Figure 4.36 Bursting in the double adptive hybrid(69/16) system
with 500 Hz sinusoid at. the near-end.. p = 1/10.

To conclude, we have proposed two methods to detect and stop bursting and illustrated
their performance through extensive simulations. These algorithms work well even when
the echo path suddenly changes. Ilowever, they are not intended to detect double talk.
One would have to usc a regular double talk detector as well. It is worth noting that E—:vg:n
though the ACC was proposed in [46] as a way to detect double talk as opposcd to echo

path change, we have not been able to verify its usce for such an objective. Only minor
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differences exist between the two and they are very dependant on the input. Fig.4.37
provides what the ACC looks like during double talk. First white noise with variance
of one is inserted from far-end, after 500 iteration, another white noise with the same
variance is applied from near-end. It can be seen there is not much difference for ACC

between double talk and single talk cases. Though the ACC approach does not seem to

work well as a DTD as originally intented in [46], it has provided the foundation for this

current approach to stop bursting on a practical hybrid.

However, P,; seems to have the ability to detect double talk as the magnitude of P;
for double talk is obviously larger than that of the single talk case(Fig.4.38). Though
this difference is easily observed by eye, it is not casy to choose some value as threshold
to separate these two cases. Since the magnitude of F; might change according to the
magnitude of the input. Thus it is suggested to continue to usc a conventiondl DTD to

detect double talk.
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Figure 4.37- ACC of 69/16 single adaptive hybrid with white

gaussian noise from the far-end first and double talk beginning
at 500 i1teration. ;, =1/32.
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Figure 4.38 P.; of 69/16 single adaptive hybrid with white

Gaussian noise from the far-end first and double talk beginning
at 500 iteration.
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Chapter 5

Conclusion

This thesis has presented several cffective and simple approaches to avoid bursting in
adaptive hybrid setups. These methods provide different levels of advantages over the
current available solutions mentioned in Chapter 2. In Chapter 3, a new approach, using
the combination of the leaky LMS and a pole position method to choose the proper
leakage factor necessary to avoid bursting, proved to be very effective. Though it is
still only applicable to low-order hybrid cascs, it alrcady extended the work of [30] to a
relatively higher order. The drawback of this method is that a genc;ral expression for the
boundary of separation of bursting and non-bursting regions, 15 not.available for arbitrary
orders. Thus, it is difficult to apply to rcalistic hybrids. This is the same drawback as for
the new double-talk detector suggested in [38]. Generally speaking, nonc of the published
papers discussing bursting control provides a solution to cases when the adaptive filter
has more than one cocfficient. However, some commercial products with double adaptive
filters in parallel can avoid bursting, by employing an extra signal corrclator to climinate
the possibility of bursting. However, this approach has double the complexity of the
regular system in addition to an unspecificd complexity for the signal corrclator.

First, approaches based on restricting the dynamic range of the cocfﬁ.cicnts for the
adaptive filter are proposed and verificd. They are simple, cffective, and supcrior to avail-
able solutions, since they can be used for any combination of hybrid/EC cases. Their

drawback is that they require some knowledge of the ccho path. Ilowever, their require-
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ment for knowledge of the echo path is still less crucial than that required for the leaky
LMS approach or for the new double-talk detector. The latter approaches need to know
the exact order of the echo path and the range of the parameters of the echo path, which
is usually not available. However, our approaches only require some basic knowledge of
a loose raﬁge of possible values for the weights or energy in the weights, which is not as
strict as the previous requirements.

Considering these drawbacks, in chapter 4 , we proposed two more practical and
effective approaches based on the cross-corrclation between the input and the error of
the echo canceller to detect and stop bursting. These approaches arce the best among
all methods suggested and reviewed in this thesis. They both achieve the objective of
stopping bursting with different levels of complexity . Compared with the approach
with double adaptive filters[16]{17][18], the advantage of the simplified crosscorrclation
approach is that it significantly reduces the complexity of the hardware . Though, we still
need to cmploy a conventional DTD to detect double talk, this DTD is also necessary in
the above products.

The cffectivencss of the simplified approach is verified by computer simulation. The
next step is to verify the performance on a rcal time system for a varicty of practical
hybrids.

" In this work, we investigated appfoachcs to control bursting in the single adaptive
hybrid system. Such a system is an accurate reflection of practical cases. However,
there arce cases where the system h;J.S double adaptive hybrids. We need to verify the

performance of the proposed algorithms for this double hybrid set up.
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Appendix A

LMS Solution for Far-end Input
with White Noise and Sinusoid

To illustrate the theory of LMS used for the echo cancellation problem, Fig.A.1 is provided
here. It is known that the single far-end talker situation is the best configuration for
trainning the EC on the near-cnd. As the ncar-end is silent, the leaked signal e(k)
only contains components of the far-end input, thus ,the echo canceller can make a good
estimate of the leaked signal based on the far-end signal so that the squarcd CITOr CONVErges

to a small value.

x(k)
-
/
| b
( k(k) (k)
- - -\J -t +
c(k) o v(k)

Figure A.1: Model for Single Adaptive Hybrid

Wiener filter theory is based on minimizing the mean-squared crror to make the “es-
timate” as close as possible to the desired one in the MSE scnse. It is gencrally applied
in echo cancellation problem.

Wiener filter theory states that the optimum sct of tap-weight vector hg is given by
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the solution to the normal equation
Rhg = P

where R is the autocorrelation matrix of the tap-input vector X(k) and p is the cross-
correlation vector between the tap-input X (k) and the desired response y(k).

If R and p are known exactly, hg can be obtained as
h(] = R—lp
Assuming a stationary process, R. is given as

R = E{X X (K)}

r(0) (1) r(2) o (N =1)]
r(-1) (0) (1) .. (N -=2)
= r(-2) r(—1) 7(0) ... 7(N=3)
I r(—]\} + 1) r(—]\} -+ 2) r(—]\} +3) ... 7'(.0)

where N stands for the number of the tap-weights in the adaptive filter, /2 represents
the expectation operator, superscript T denotes transpose and r() is the autocorrclation
function of the input signal. For a white noisc signal, the autocorrelation fuction is zero

for all values except 7(0). Thus, R reduces to a diagonal matrix whose diagonal elements

are all equal to 7(0), i.e. the variance of the white noise input o?. R is rewritten as:

r0 0 ... 0 7
0 r0 ... O

R=] . (A.1)
6 0 ... 7(0)

The cross-correlation p is defined as:

p = E{y(k)X(k)}

B{(T5" hiz(k = 1))z(k)}
E{(ZM5" hix(k - 0))z(k — 1)}
B G e

| E{(ZG hix(k — )2k = N + 1)} ]
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[ M her(l) ]
TMS (i - 1)
= M hr(i — 2)

SN her(i = N 1) |

where y(k) is the desired response in Fig.A.l, and h;(i = 1,...,M) is the echo path

impulse response.

For a white noise input, only r(0) is nonzero, thus,

hor(0)
p= hlr:(O) (A.2)
hN_;r(O)
50 A0 00 hor(0) b
L 0 b (0) b,
ho=R-p=| . © | - (A.3)
6 0 7&; h;\r_;r(O) ) h,\:_l

i.e., the solution hg will be cqual to the truncated impulse response of the echo path.
In a practical system, the exact measurement of R and p is nof available, thus other
approximate methods, such as the LMS algorithm, are used to solve for hg. The LMS
algorithm was shown to converge to the Wicner solutions. Simulations provided in the
previous chapters show that the wcights will be nearly equal to the optimum response of
the echo path. Figs.4.19 and 4.32 arc examples.

When a single tone is applied to the system, the solution to the normal cquation will
be different from the previous discussion with white noise input.

For example, for sinusoidal signal z(k) = Asin(wk) , the autocorrelation function is

given as

r(n) = E{Asin(wk)Asin(w(k —n))}

E{—%z-(cos(fzwk — wn) — cos(wn))}
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2
= %—cos (wn)

Then the correlation matrix changes to:

4 cosw(0) %zcosw(l) '—*;-cos(w(N -1))
R.= 4 cosw(-1) %2-cosw(0) e ='—.‘23cos(w(N —2)) (A.4)
-'—‘;cosw(—N + 1) %icosw(—N +2) ... %Zcos(w(O))
Since the autocorrelation function 7(n) is non-zero for n # 0, p changes to
TMI b A cosw(4)
o T hifl;cosw(i -1) (A.5)

TM h;'—’l_,ico.;‘w(i - N+1)
Though R and p exist, the Nth order matrix R docs not contain N independent rows(for
a single sinusoid) and thus specifics an under-determined system . Therefore, there are
an infinite number of solutions to the normal cquation for this situation. That is why
the far-end tone will lead the weights of the near-cnd AF to converge to a diffcrent set
of values depending on the initial value of the cocfficients. Figs.A.2 and A.3 show the
tap weight values when a 500 Hz sinusoid is applied from the far-end of the 69/16 single
adaptive system after 1000 iterations of adaptation. Fig.A.2 and A.3 arc obtained by
initially sctting all the 16 taps of the AF to be zcro or one respectively. It is clearly seen

the final weights are different for different initial values.




R S B O TSR %

=107

Tap Value

-2.0

0 4 8 12 16
Tap Number
Fig.A.2 Tap values after 1000 iterations of adaption with far-end

500 Hz sinuso id input. Weights are initilized as zeroes. 1 =1/32,

Tap Value
0.83

1

0.90

0 4 8 12 16
Tap Number
Fig.A.3 Tap values after 1000 iterations of adaption with far-end

500 Hz sinusoid input. Weights are initilized as ones. ; =1/32.
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“Appendix B

Coefficients of the 69-tap Hybrid

g The coefficents are listed by row.

—0.0002 —0.0005 —0.0041 —0.0016 0.0179  0.0086 —0.0056
0.0055 —0.0032 0.0014 0.0008 —0.0024 0.0024 —0.0023
0.0013 —0.0006 -0.0001 0.0007 —0.0010 0.0004  0.0008
0.0000 —0.0001 —=0.0001 0.0003 —0.0001 0.0002 —0.0000
0.0002  0.0002  0.0002 0.0002 0.0002 0.0002 0.0001
0.0002  0.0003 0.0003 0.0003 0.0003 0.0000 0.0001
0.0000  0.0002 0.0003 0.0003 0.0002  0.0001 0.000
0.0001  0.0001  0.0002 0.0003 0.0002 0.0002  0.0001
0.0000  0.0001  0.0000 0.0001  0.0001 0.0001 —0.0001

—0.0001 0.0001 0.0001  0.0001 0.0000 —0.0001
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