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INTRODUCTION

Withthedevelopment of the VL Sl technol ogy the perfor-
mance of signal processing devices have greatly im-
proved making possibletheimplementation of more effi-
cient systems to storage, transmission enhancement and
reproduction of speech and audio signals. Some of these
successful applications are shown in Table 1.

BACKGROUND

Thesignal processing hasplayed avery important rolein
the devel opment of many speech and audio systems. This
section presents a review of some of these successful
applications.

Echo Cancellation for Long Distance
Transmission

A very successful speech signal processing application
is the adaptive echo cancellation used to reduce a com-
mon but undesirable phenomenon in most tel ecommuni-
cationssystems, called echo. Herewhen mismatchimped-
ance is present in any telecommunications system, a
portion of the transmitted signal isreflected to thetrans-
mitter as an echo, which represents an impairment that
degrades the system quality (Messershmitt). In most
telecommunications systems, such asatelephonecircuit,
the echo is generated when the long distant portion
consisting of two one-directional channel (four wires) is

Table 1. Main audio and speech signal processing
applications

Echo cancellation in telecommunication systems
Acougtic echo cancellation

Noise canceling

Active noise cancellation

Adaptive equalization

Narrowband speech coding

Broadband audio and speech coding

connected with a bidirectional channel (two wires) by
meansof ahybridtransformer. If thehybridimpedanceis
perfectly balanced, the two one-directional channelsare
uncoupled and no signal returns to the transmitter side
(Messershmitt). However, in general the bridge is not
perfectly balanced because the required impedance to
properly balance the hybrid depends on the overall im-
pedance network. In this situation, part of the signal is
reflected, producing an echo. To avoid this problem an
adaptive filter is used to generate an echo replicathat is
then subtracted from the signal to be transmitted. Subse-
guently the adaptive filter coefficients are updated to
minimize, usually, the mean square value of the residual
echo (Madisetti & Williams, 1998). To obtain an appropri-
ate operation, the echo canceller impulse response must
belarger than the longer echo path to be estimated. Thus
assuming asampling frequency of 8kHz and an echo delay
of about 60ms, an echo canceller with 256 or moretapsis
required (Haykin, 1991). Besides the echo path estima-
tion, another important problem is how to handle the
doubletalk, thatis, the simultaneous presence of theecho
and the near speech signal (Messershmitt).

Acoustic Echo Cancellation

A critical problem affecting speech communication in
teleconferencing system isthe acoustic echo. When abi-
directional line links two rooms, the acoustic coupling
between loudspeaker and microphones in each room
causes an acoustic echo perceivable to the users in the
other room. The best way to handle it appears to be the
adaptive echo cancellation. An acoustic echo canceller
generates an echo replicaand subtractsit from the signal
picked up by the microphones. The residual echo isthen
used to update the filter coefficients such that the mean
square val ue of approximation error iskept toaminimum
(Perez- Meanaetal., 2002).

Adaptive Noise Cancellation

The adaptive noise canceller is a generalization of the
echo canceller in which asignal corrupted with additive
noise must be restored or enhanced. When a reference
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Table 2. Digital speech coding standards

Rate Application
Kb/s
64  Public Switched Telephone Network

24  U.S Government Federa Standard
32  Public Switched Telephone Network
9.6 Skyphone

Celular System (GSM)
48 U.S. Government Federal Standard
16  Public Switched Telephone Network
6.7 Japanese Digitd Mobile Radio (DMR)

13  Pan-European Digital Mobile Radio (DMR)

Type of Coder Year
Pulse Code Modulation 1972
(PCM)
Linear Predictive Coding 1977
Adaptive Differential PCM 1984
Multi-Pulse Linear Predictive 1990
Coding (MPLPC)
Regular Pulse Excitation Linear 1991
Prediction Coding (RPE-LPC)
Codebook Excited Linear 1991
Prediction Coding (CELP).
Low Delay CELP (LD-CELP) 1992
Vector Sum Excited Linear 1977
Prediction Coding (VSELP)

signal correlated with the noise signal but uncorrelated
with the desired one is available, the noise cancellation
canbeachieved by using anadaptivefilter tominimizethe
total power of the output of the difference between the
corrupted signal and the estimated noise, such that the
resulting signal becomes the best estimate, in the mean
square sense, of the desired signal. This system works
fairly well when the reference and the desired signal are
uncorrelated among them. However, appropriate refer-
ence signals are not always available. To solve this
problem several noise canceling algorithms have been
proposed that are resistant to crosstalk situations. A
different approach, developed by Dolby Laboratories, is
used in the Dolby noise reduction systems in which the
dynamic range of the sound is reduced during recording
and expanded during the playback (Davis, 2002). Several
types of Dolby noise reduction systems have been devel-
oped, includingtheA, B, C,and HX pro. Most widely used
istheDolby B, which allowsacceptabl e playback evenon
devices without noise reduction. The Dolby B noise
reduction system usesapreemphasisthat allowsmasking
thebackground hissof atapewith astronger audiosignal,
especially at higher frequencies. This effect is called
psychoacoustic masking (Davis, 2002).

Active Noise Cancellation

A related problem to noisecancellationistheactivenoise
cancellationthat isintended to reducethenoise produced
in automotive equipment, home appliances, industrial
equipment, airplane cabins, and so forth. Activenoiseis
achieved by introducing a canceling antinoise wave

through anappropriatearray of secondary sources, which
are interconnected through an electronic system using
adaptive systems with a particular cancellation configu-
ration. Here, theadaptivefilter generatesan antinoisethat
isacoustically subtracted from theincoming noise wave.
The resulting wave is captured by an error microphone
and used to update the adaptive filter coefficients, such
that the total error power is minimized. Some successful
applications of this technology are the earphone, elec-
tronic mufflers, noisecancelinginairplanecabins, and so
forth (Davis, 2002; Kuo & Morgan, 1996).

Adaptive Equalization

Digital informationtransmitted through physical commu-
nication channel sisoften distorted duetotheintersymbol
interference (1SI), which is mainly caused by multipath
propagation of the transmitted symbols and by the no
ideal characteristics of the communication channels
(Proakis, 1985). To overcomethisproblem, several meth-
ods have been reported in the literature such astransver-
sal equalizers(TE), decision feedback equalizers (DFE),
maximum likelihood sequenceestimation (ML SE), and so
forth (Proakis, 1985). Most of them performfairly well with
near stationary communication channels. However, they
still present difficultieswith mobile communication chan-
nelsthat fluctuate markedly with the motion of avehicle,
ground irregularities and changing environments, be-
cause in these situations the communication channels
can be assumed to be stationary only within fractions of
a wavelength, that is, over 4-5m in the 900-MHz band
(Madisetti & Williams, 1998).

2593




3 more pages are available in the full version of this document, which may be
purchased using the "Add to Cart" button on the publisher's webpage:
www.igi-global.com/chapter/speech-audio-signal-applications/14658

Related Content

A Metaheuristic Approach for Tetrolet-Based Medical Image Compression
Saravanan S.and Sujitha Juliet (2022). Journal of Cases on Information Technology (pp. 1-14).
www.irma-international.org/article/a-metaheuristic-approach-for-tetrolet-based-medical-image-compression/280349

A Language/Action Based Approach to Information Modelling
Paul Johannesson (2005). Encyclopedia of Information Science and Technology, First Edition (pp. 7-10).
www.irma-international.org/chapter/language-action-based-approach-information/14201

Managing ICT Based Service Innovation

Bendik Bygstadand Gjermund Lanestedt (2009). Handbook of Research on Technology Project
Management, Planning, and Operations (pp. 189-200).
www.irma-international.org/chapter/managing-ict-based-service-innovation/21633

LIMS Deployment in an Assay Service Environment: Improving Efficiency and Effectiveness

through Information Management
Roger Clarkand Jonathan Wingfield (2012). Journal of Cases on Information Technology (pp. 14-34).

www.irma-international.org/article/lims-deployment-assay-service-environment/72129

Perception Gaps about Skills Requirement for Entry-Level IS Professionals between Recruiters
and Students: An Exploratory Study

Sooun Leeand Xiang Fang (2008). Information Resources Management Journal (pp. 39-63).
www.irma-international.org/article/perception-gaps-skills-requirement-entry/1344



http://www.igi-global.com/chapter/speech-audio-signal-applications/14658
http://www.irma-international.org/article/a-metaheuristic-approach-for-tetrolet-based-medical-image-compression/280349
http://www.irma-international.org/chapter/language-action-based-approach-information/14201
http://www.irma-international.org/chapter/managing-ict-based-service-innovation/21633
http://www.irma-international.org/article/lims-deployment-assay-service-environment/72129
http://www.irma-international.org/article/perception-gaps-skills-requirement-entry/1344

