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1

CURRENT SITUATION OF THE STUDIED PROBLEM

In a new age of global communications, cordless, wireless or even soft phones
are regarded as essential communications tools and have a direct impact on people’s
day-to-day personal and business communications. As new network infrastructures
are implemented and competition between operators increases, digital subscribers
are becoming ever more critical of the service and voice quality they receive from
network providers. Subscriber demand for enhanced voice quality over packetswitched networks has driven a new and key technology termed echo cancellation,
which can provide near plain old telephone service’s line voice quality across an IPbased network [1]. Today’s subscribers use speech quality as a standard for assessing
the overall quality of a network [2]. Regardless of whether or not the subscribers’
opinion is subjective, it is the key to maintaining subscriber loyalty. For this reason,
the effective removal of hybrid and acoustic echoes, which are inherent within the
telecommunications network infrastructure along with the transmission delays, is the
key to maintaining and improving the perceived voice quality of a call [3].
Ultimately, the search for improved voice quality has led to intensive research into
the area of adaptive speech signal processing [4-6]. Such research is conducted with
the aim of providing solutions that can remove hybrid and acoustic echoes and
reduce the computational complexity of the implemented algorithms at the same
time [7]. By employing advanced echo cancellation technology, the quality of speech
can be improved significantly. This work discusses the overall echo problem. A
definition of echo assessment methods precedes the discussion of the development of
the adaptive filtering algorithms with reduced computational complexity and the
voice quality challenges encountered in today’s networks [8].
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GOALS OF THE DOCTORAL THESIS

A primary objective of this thesis is an analysis of chosen aspects of speech and
acoustics signal processing methods for the purpose of echo cancellation using
adaptive filtering algorithms in the context of the modern communications networks.
Detailed content of problems studied in this dissertation can be summarized, as
follows:
o explanation of echo phenomenon and its cause in the telephone network;
o analysis of an effect of echo loudness and echo delay on the quality of speech
during the course of a telephone conversation;
o giving specific details on the process of locating and eliminating echoes in
relation to the VoIP networks;
o discussing effects of principal network elements on perception of echo;
o discovering properties and methods of assessment of long echo paths;
o through the second phase of the research, analysis of echo delay estimation
using algorithms based on cross-correlation functions is presented;
o the next objective is considering and examining different generalized crosscorrelation algorithms [9] and their implementation, comparing them with the time
delay estimation algorithms preceding in the time domain [10];
o the algorithms based on generalized cross-correlation utilize pre-filtering
operation, which is done to improve the accuracy of time delay estimation. The
drawback is that it requires a priori knowledge of signal statistics in order to achieve
optimal performance. Adaptive filtering algorithms may be utilized instead of the
2

algorithms based on cross-correlation. They do not need an estimation of a signal
spectrum and different to their counterpart estimate echo delay iteratively. therefore,
a considerable attention in the research is paid to the adaptive filtering algorithms,
and especially to those, which possess a good convergence speed and reduced
computational complexity as well;
o it is vital to understand how the performance of such adaptive filters is affected
by the variations in the echo path; it is necessary to provide detailed analysis of
different adaptation schemas and discuss proc and cons of them;
o during the investigation a modification of the partial-updating scheme, which
is used for selection of adaptive filter’s coefficients, is presented;
o aim to achieve fast convergence along with low computational complexity is
still interesting and leads researchers to the algorithms preceding in the frequency
domain [11]. An alternative approach to reducing the computational complexity of
large adaptive finite impulse response filters incorporates block updating strategies,
because they efficiently perform the filter convolution and the gradient calculation
[12]. Thus, another purpose of this dissertation is to design an enhanced multi-delay
block frequency adaptive filter, which is capable to deal with long echo impulse
responses;
o for sparse impulse responses the convergence speed can be improved, if the
coefficients amplitudes are used in selection criterion. A further study is dedicated to
proportionate, partially and sparse partial updated algorithms [13];
o the last, but not least, objective pertains to a determination of echo path delay
and operation of echo cancellers. It is important to provide a reliable method for
estimation of echo dispersive regions and an improved adaptive filter structure for
an echo canceller. The new adaptive structure, which is also capable to deal with
multiple dispersive echo paths, is suggested.
3

WORKING METHODS

Since echo cancellation is a very demanding process, real-time implementation
has only been possible through the use of digital signal processors. They provide
parallel processing of commands and optimized pipeline structures. However, since
the computation power of regular home personal computers has increased
tremendously and powerful software has evolved, it is now possible to perform realtime signal processing in the PC environment as well. The advent of this growing
capability was the motivation for this research. The objective of the research was the
implementation of a software echo canceller running natively on a PC with the help
of the MATLAB software.
Method of analysis of echo delay estimation using cross-correlation: it includes
a study on cross-correlation-based time delay estimation algorithms [14], [15]. The
main subject is to analyze a number of methods in terms of computational
complexity and to designate a group of algorithms for the purpose of estimation of
echo delay. The algorithms processing both in time- and frequency domains are
considered [16-19]. An experimental comparison of the performance of numerous
methods based on cross-correlation, normalized cross-correlation and generalized
cross-correlation function is presented.
Method of analysis of echo delay estimation using adaptive filters: it introduces
a methodology for extracting an echo delay between speech signals using adaptive
filtering algorithms [20]. First, a general scenario for the adaptive time delay
3

estimation using a simple normalized least mean squares adaptive filtering algorithm
is presented and discussed. Afterwards, the proportionate and partial-updated
algorithms proceeding in the time domain are considered in terms of speed of
convergence [21-23]. Afterwards, a new partial-updated proportionate algorithm is
outlined. Finally, a comparison between the adaptive filtering algorithms and the
ones based on cross-correlation is made in context of the echo delay estimation.
Method of partial, proportionate and sparse control for multi-delay filters: this
is a further study on proportionate, partially and sparse partial updated algorithms,
which provides their generalization to the multi-delay block frequency domain
adaptive filter [24], [25]. As the main purpose of partial coefficient updating is to
reduce high computational complexity associated with long echo paths [26-28].
Computer simulations are carried out to show a reasonable performance of the
proposed algorithm with applications, which require an identification of sparse
regions of long echo paths.
Method of delay estimator for adaptive filtering algorithms: it pertains to
speech and acoustic signal processing, and particularly to a determination of echo
path delay and operation of echo cancellers [29-31]. A new adaptive structure, which
is capable to deal with multiple dispersive echo paths, is suggested. An adaptive
filter according to the present invention includes means for storing an impulse
response in a memory, the impulse response being indicative of the characteristics of
a transmission line. It also includes a delay estimator for detecting ranges of samples
within the impulse response having relatively large distribution of echo energy.
These ranges of samples are being indicative of echoes on the transmission line. An
adaptive filter has a plurality of weighted taps, each of the weighted taps having an
associated tap weight value. A tap allocation/control circuit establishes the tap
weight values in response to said detecting means so that only taps within the
regions of relatively large distributions of echo energy are turned on. Thus, the
convergence speed and the degree of estimation in the adaptation process can be
improved.
4

SELECTED RESULTS

The first part of the thesis outlines a basic principle of echo control in the
packet-based networks. It explains why it is so important to provide monitoring
during telephone conversations. When delivering the VoIP service in the packetswitching network, it is also important to have the value of the echo delay under
control. The increasing transmission delay associated with packet data transmission
can make a negligible echo more annoying (see Fig.1). Therefore, it is suggested
using the echo assessment algorithm (see Fig.2). Its purpose is adding an additional
attenuation to a particular voice channel (which in terms means to activate an echo
canceller), so as to remove the unwanted echo right in time. In the second part, we
consider an opportunity of using cross-correlation for estimating echo delays. That
chapter provides readers along with up-to-date correlation-based TDE algorithms,
which we use to estimate the echo path delays. The problem of long delays taken
place in the packet-switching network is considered. The experiments show that the
algorithms precision decreases with increasing transmission delays (see Table 1). The
generalized cross-correlation algorithms operating in the frequency domain provide
more reliable result comparing to the standard cross-correlation and normalized
cross-correlation algorithms (see Fig.3).
4

Fig.1 Talker echo tolerance curves

Fig.2 Arrangement of echo assessment module in network

[ms]
5
10
20
30
50
100
200

SCC
4,9
9,7
19,5
29,2
48,7
97,3
194,6

ROTH
5,1
10,3
20,6
30,9
51,4
102,9
205,7

SCOT
5,2
10,3
20,7
31,0
51,6
103,3
206,6

PHAT
3,7
7,5
15,0
22,4
37,4
74,8
149,6

CPS-2
5,2
10,3
20,7
31,0
51,6
103,3
206,6

HT
4,4
8,8
17,7
26,5
44,2
88,5
177,0

ECKART
4,2
8,3
16,7
25,0
41,7
83,3
166,6

HB
5,2
10,4
20,8
31,2
52,1
104,2
208,3

WIENER
5,2
10,3
20,7
31,0
51,7
103,4
206,8

300

292,0

308,6

309,9

224,4

309,9

265,4

249,9

312,5

310,3

Table 1. Mean values of estimated delays
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(a) Standard Cross-Correlation function

(b) Normalized Cross-Correlation function

(c) SCOT - weighting function

Fig.3 Delay estimation results obtained with CCF (a), NCCF (b) and GCC (c)
As an alternative to the correlation-based methods, techniques, which use adaptive
filtering algorithms, can be applied (see Fig.4). Therefore, the third part presents
numerous partial-update algorithms with reduced computational complexity [32-34]
and their application to delay estimation (Table 2).
6

Fig.4 Time delay estimation using adaptive filter
Full Complexity
NLMS

PNLMS

Reduced Complexity

Selection criterion

M-Max-NLMS
SPU-NLMS
SP-NLMS
M-Max-PNLMS
SPU-PNLMS
SP-PNLMS
S-PNLMS

x
||x||2
w*x
x
x*G*x
x*w
||G||1

Table 2. Overview of various partial-update schemas
The echo assessment is based on the reduced complexity partial-update adaptive
filters (Table 3). The experiments show a reliable performance of these algorithms
(Fig.5). However, their precision suffers during the initial stage of convergence.
According to the ITU-T Recommendation G.168 [35], this period should not last more
than one second (see Fig.6).
ALG.

MULT.

ADD.

DIV.

NLMS
M-Max-NLMS
SPU-NLMS
SP-NLMS
PNLMS
M-Max-PNLMS
SPU-PNLMS
SP-PNLMS
S-PNLMS

3L+1
3M+1
3M*B+1
3M*B +1
6L+1
6M +1
6M*B +1
6M*B +1
6M*B +1

3L-1
3M-1
3M*B -1
3M*B -1
4L-2
4M -2
4M*B -2
4M*B -2
4M*B -2

1
1
1
1
L+1
M +1
M*B +1
M*B +1
M*B +1

Table 3. Computational complexity of partial-update algorithms
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Fig.5 Comparison of NLMS, SP-NLMS, BSP-NLMS and PNLMS algorithms [36-38]

Fig.6 Misalignment and energy measure of MDF and IPMDF algorithms
The multi-delay block frequency domain adaptive algorithm [39] can easily
outperform all existing time domain algorithms [40]. Moreover, taking into the
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account the fact that the generalized cross-correlation algorithms operate in the
frequency domain and use advantages of the fast Fourier transform, further
computational savings for the adaptive filters are achieved in the frequency domain
[41-43]. Therefore, the fourth part of the thesis, deals with partial, proportionate, and
sparse-controlled adaptive filtering algorithms working in the frequency domain.
What we claimed, within this chapter, is: a new metric for performing partial
updating; a new approach for designating transitions between MDF and IPMDFbased updating schemas [43], [44]; a method for estimating step-size control
parameter; a new partially updated sparseness-controlled improved proportionate
multi-delay filter; all the approaches are suitable for implementation whether in time
or frequency domains. The proposed algorithm can be described as:
1st stage: |η(m) - η(m-1)| ≤ ∆η
if ξ (m ) < 0.7,
M f = 2⋅ L

M =K

or

w (k , m + 1) = w (k , m ) + L ⋅ µ k ⋅ G t (k , m ) ⋅ φ t (k , m )

G t (k , m) = diag{g kN (m), g kN +1 (m), . . ., g kN + N −1 (m)}
g kN + l =

1 − α (1 + α ) ⋅ wkN + l (m)
+ L −1
2⋅ L
2 ⋅ ∑ w j (m) + ε
j =0

µ k = const
if m ⋅ N ≤ L,

α = const
else m ⋅ N > L,

α = 1− 2 ⋅
else ξ (m ) ≥ 0.7,
M f = 2 ⋅ L ⋅ (1 − ξ (m ))



w j (m )
1

⋅ 1 −

L− L
L ⋅ w j (m ) + ε 

2

L

M = round {K ⋅ (1 − ξ (m ))}

or

if mod (m, T ) = 0,

1, if l corresponds to M f maxima of χ l (m ) , l = 0, . . . , 2 L − 1
p l (m ) = 
0, otherwise
~ (k , m ) = P (m ) ⋅ X (k , m )
X
f

[

{

k

f

]}

−1
~ (k , m )∗ ⋅ [S
φ t (k , m) = first half of FFT −1 X
f
MDF (m ) + δ ] ⋅ E f (m )

w (k , m + 1) = w(k , m ) + L ⋅ µ k ⋅ G t (k , m) ⋅ φ t (k , m )
µ k = const
else mod (m, T ) ≠ 0,

N −1

wi (k , m )
∑

i=0

, if k corresponds to M maxima of µ k (m ), k = 0, . . . , K − 1
L −1
µ k (m ) = 
(w j (m))2 + ε
 L⋅ ∑
j =0

0, otherwise

w (k , m + 1) = w (k , m ) + L ⋅ µ k ⋅ G t (k , m ) ⋅ φ t (k , m )

2nd stage: |η(m) - η(m-1)| < ∆η & Counterη > Tη
α = −1

if ξ (m ) < 0.7,
M f = 2⋅ L

else ξ (m ) ≥ 0.7,

M f = 2 ⋅ L ⋅ (1 − ξ (m ))

or

or

M =K

M = round {K ⋅ (1 − ξ (m ))}
if mod (m, T ) = 0,

1, if l corresponds to M f maxima of χ l (m ) , l = 0, . . . , 2 L − 1
p l (m ) = 
0, otherwise
~ (k , m) = P (m) ⋅ X (k , m)
X
f
k
f
∗
−1
−1 ~
φ (k , m ) = first half of FFT X (k , m ) ⋅ [S
(m ) + δ ] ⋅ E (m )
t

{

[

f

MDF

f
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]}

T



Φ f (k , m ) = FFT φ t (k , m ), 0, 0, ... , 0
1
4
2
4
3


N zeros


W f (k , m + 1) = W f (k , m ) + K ⋅ µ k ⋅ Φ f (k , m )
µ k = const

else mod(m, T ) ≠ 0,
N −1

wi (k , m )
∑

i =0

, if k corresponds to M maxima of µ k (m ), k = 0, . . . , K − 1
L −1
µ k (m ) = 
(w j (m))2 + ε
 L⋅ ∑
j =0

0, otherwise

W f (k , m + 1) = W f (k , m ) + K ⋅ µ k ⋅ Φ f (k , m )

The algorithm has both a performance compared to the IPMDF [45] and SC-IPMDF
[46] algorithms and reduced computational complexity along with the adjustable
step-size parameter (see Fig.7).

Fig.7 Estimated step-size parameter using µ-based selection metric
It is an object of the fifth part of the manuscript to provide a method for estimation of
echo dispersive regions [47-50] and an improved adaptive filter structure for an echo
canceller (see Fig.8). A method of allocating filter taps in an adaptive filter for a
transmission line includes the steps of storing samples of the transmission line’s
impulse response in a memory; examining the stored samples to find ranges of
samples of the impulse response having considerable echo energy; and allocating a
variable number of filter taps of the adaptive filter only to taps within the ranges of
samples having echo energy. A delay estimator detects ranges of samples within the
impulse response having echo energy. An adaptive filter includes a plurality of
weights.
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Fig.8 Simplified structure of new MDF adaptive filter
A control circuit activates and deactivates variable numbers of taps in response to the
delay estimator so that only taps within the ranges of samples are activated within
the adaptive filter. The output multiplexer operating under the control circuit selects
the estimated echo outputs from a plurality of the subfilter blocks in order to
calculate an echo signal, which is then subtracted from the incoming signal. The
computational complexity, the convergence speed and the degree of accuracy of
estimation in the adaptation process are improved (Fig.9).

Fig.9 Comparison of old and new MDF algorithm
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5

CONCLUSIONS AND RESEARCH CONTRIBUTION

This dissertation addresses the problem of the echo assessment, the echo path’s
delay estimation, the design of robust, low computational complexity and fast
converging adaptive filters. Both conventional and hands-free sets, occupy a
prominent position in communications. One of the major problems over a telephone
system is echo. The adaptive filtering algorithms and the detector of the dispersive
regions presented in this thesis successfully suggest an approved solution for
existing echo problem in the telecommunications environment.
The field of digital signal processing and in particular adaptive filtering is vast
and further research and development in this discipline could only lead to an
improvement on the methods for adaptive echo cancellation systems studied in this
work. The summarized contributions of the thesis into the area of adaptive filtering
are, as follows:
• Chapter 1:
- explains the echo phenomenon and its cause in the telephone network;
- analyzes the impact of the echo loudness and delay on the speech quality;
- gives specific details on the process of locating and eliminating echoes;
- discusses effects of the network elements on echo;
• Chapter 2:
- investigates algorithms of echo delay estimation based on standard, normalized
and generalized cross-correlation functions;
- describes the process of delay estimation both in the time and frequency domains;
- illustrates that adaptive filtering algorithms are more suitable for the task of time
delay estimation, especially when they are arranged inside the echo canceller;
• Chapter 3:
- presents partial-update algorithms, their application to delay estimation;
- introduces the new partial-update proportionate NLMS algorithm;
- makes the comparison between the adaptive filtering algorithms and algorithms
based on the cross-correlation function;
• Chapter 4:
- studies the partial, proportionate, and sparseness-controlled low-complexity
adaptive filtering algorithms working in the frequency domain;
- claims the metric for performing partial updating;
- claims the approach for designating transitions between MDF and IPMDF-based
updating schemas;
- claims the partially updated sparseness-controlled improved proportionate multidelay filter;
• Chapter 5:
- provides the method for estimation of echo dispersive regions and the improved
adaptive filter structure for the echo canceller;
- claims the delay estimator detecting ranges of samples of the impulse response
having echo energy using the proposed transition diagram;
- claims the control circuit activating and deactivating variable numbers of taps in
response to the delay estimator’s output;
- claims the output multiplexer operating under the control circuit and selecting the
estimated echo outputs from a plurality of the subfilter blocks in the adaptive filter.
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SUMMARY

This Ph. D. thesis summarizes my work in the field of adaptive filtering for speech
and acoustic signal processing. The main problem associated with IP-based networks
is that the round-trip delay can never be reduced below its fundamental limit. There
is always a delay of at least two to three packet sizes (50 to 80 ms) that can make the
existing network echo more audible. Therefore, all Voice over IP (VoIP) network
terminals should employ echo cancellers to reduce the amplitude of returning
echoes. A main parameter of each echo canceller is the length of its coverage. The
coverage means the length of time that the echo canceller stores its approximation in
its memory. The adaptive filter should be long enough to model an unknown system
properly, especially in the case of VoIP applications. On the other hand, it is known
that an active part of the network echo path is usually much smaller compared to the
whole echo path that has to be covered by the adaptive filtering algorithm. That is
why the knowledge of the echo delay is important for using echo cancellers in
packet-switching networks. Today, there is a wide family of adaptive filtering
algorithms that can exploit sparseness of the echo path to reduce high computational
complexity associated with long echo paths. In this work, I discuss numerous
methods used for estimation of echo delay. I consider time delay estimation
algorithms based on both cross-correlation function and recursive adaptive filters. I
discuss their advantages and disadvantages. Afterwards, I provide a study on
different partial, proportionate, sparseness-controlled time- and frequency-domain
adaptive filters. Readers get closer to the issue of echo cancellation, which is still
relevant in nowadays telecommunications networks. They will understand
important features and particular areas of implementation of various adaptive
algorithms.
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RÉSUMÉ

Daná disertační práce shrnuje výsledky mojí vědecké práce v oblasti digitálního
zpracování signálů. Práce je především zaměřena na algoritmy adaptivní filtrace,
které se používají pro potlačení rušivého vlivu ozvěny v akustických signálech. Při
hlasové komunikaci v sítích s paketovým přenosem dat nelze nikdy dosáhnout toho,
aby obousměrné zpoždění signálu na cestě mezi dvěma koncovými zařízeními bylo
nižší, než u sítí s přepojováním okruhů. Minimální hodnota doby zpoždění signálu
vždy odpovídá velikosti alespoň dvou nebo tří paketů (50 až 80 ms), což svým
způsobem přispívá ke zvýraznění ozvěny. Současné síťové terminály Voice over IP
(VoIP) umožňují využívat ozvěnu potlačující zařízení k omezení tohoto nežádoucího
jevu a zabránit zhoršení kvality hlasové komunikace. Součástí ozvěny potlačujícího
zařízení je rekurzivní filtr s konečným počtem koeficientů. Systém funguje tak, že
adaptivní algoritmus vypočítá a následně nastaví hodnoty koeficientů filtru. Filtr
simuluje obraz ozvěny a odečítá ho od zkresleného signálu. Bohužel, omezená délka
impulsní odezvy ovlivňuje i schopnost filtru potlačovat ozvěny přesahující jeho
rozsah. Adaptivní filtr by tak měl mít dostatečný počet koeficientů, aby byl schopen
modelovat impulsní odezvu neznámého systému. Velký počet koeficientů filtru
znamená velkou výpočetní náročnost algoritmu. Z praxe je známo, že aktivní část
síťové impulsní odezvy, která charakterizuje ozvěnu, je daleko menší v porovnání
s celkovou dobou jejího trvání. Existují adaptivní algoritmy různě využívající tuto
vlastnost k redukci vysoké výpočetní složitosti spojené s dlouhými impulsními
odezvami. V této práci je pozornost věnována metodám odhadu časového zpoždění
signálu založeným na vzájemné korelační funkci a na použití adaptivních filtrů. Jsou
zvažována jejich výhody a nevýhody. Následně přináším studii různých parciálních,
proporčních a selektivních adaptivních algoritmů pracujících v časové i frekvenční
oblasti. Na základě poznatků z výzkumu teorie adaptivní filtrace nabízím svá řešení
pro tuto problematiku. Práce přibližuje specifika adaptivních algoritmů sloužících
pro potlačování síťové ozvěny, seznamuje s důležitými aspekty v této oblasti.
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