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Abstract: - — In this review we shall describe the most typical and conventional transducers used in the 
acoustic echo cancellation systems and the effect of the transducer characteristics on achieving echo 
cancellation. We shall also discuss the typical design issues found in the literature that often lead to failures in 
achieving echo cancellation. That is, it is not just a question of achieving good echo cancellation, but instead it 
can be a question of achieving the echo cancellation at all. The transducers used to capture and produce the 
sounds are a part of the enclosure and therefore form a part of echo cancellation system. We shall also look at 
some testing issues designers should consider when implementing an echo canceller.  
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1 Introduction 
The space separating a sound source from a 
receiving transducer can be seen as a transmission 
channel in which the acoustic signal is conveyed 
and modified, according to the acoustic 
characteristics of the environment. The impulse 
response h(t) of the acoustic channel between 
source and sensor in a reverberant room represents 
all the multiple reflections from the surrounding 
surfaces that reach the sensor in addition to the 
direct sound. Reflections from walls and objects 
produce a variety of paths between the source and 
the sensor. Since paths have different length, the 
propagation delay differs from one path to another 
and several replicas of the radiated signal reach the 
sensor after the direct wave front. Every time a 

wavefront hits a surface, it is partially absorbed and 
partially reflected. All the reflections contribute to 
create the complicated impulse response typical of 
an enclosure.The type of microphone, the way in 
which it is used, and the environmental conditions 
in which it operates may have a fundamental impact 
on the performance that can be obtained in 
applications such as acoustic echo cancellation.An 
optimal transducer choice can be made depending 
on microphone mounting conditions, directional 
response and other specifications that are discussed 
in the following. 
 
2.General characteristics 
A microphone is a device that converts the acoustic 
energy of sounds into a corresponding electrical 
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energy. This transduction is generally realized with 
a diaphragm whose movements are produced by 
sound pressure and vary the parameters of an 
electrical system (a variable resistance conductor, a 
condenser, etc.) inducing a variable voltage that 
constitutes the microphone output. As other 
electrical systems, a microphone may be 
characterized by a frequency response and a signal-
to-noise ratio (SNR). Two other important 
parameters in microphone performance are 
impedance and sensitivity. Another significant 
parameter that affects the microphone response 
characteristics is the directional response provided 
by the polar pattern.  
According to the polar response shape, the 
microphones can be classified as either 
omnidirectional or directional. The latter type can be 
further subdivided into categories that depend on the 
directionality characteristics and can be roughly 
classified into cardioid (supercardioid, 
hypercardioid, shotgun, etc.), and bidirectional (or 
figure-of-eight).There is also the category of poli-
directional microphones, that have a switch for 
selecting the desired polar pattern[4]. 
 
2.1. Microphone mountings 
Microphones can be classified along many criteria. 
An important criterion describes how they are to be 
mounted. For speech recognition, the most common 
mounting options are: hand-held, head-mounted, 
and table-stand (or desktop). Recently, 
improvement in local transmitter-receiver 
technology has led to the flexible solution of head-
mounted wireless microphones (with a radio-
frequency connection to the sound acquisition 
system). 
Some microphones (e.g. condenser) are very robust 
to handling vibrations. Moreover, the angle between 
the axis normal to the microphone diaphragm and 
the mouth-microphone direction may influence the 
quality of the acquisition: for hand-held cardioid 
microphones, an angle of about 45° is generally 
suggested. The head-mounted microphones have the 
advantage of reducing the variations in the "talker's 
mouth to microphone" distance and the effects of 
the environment (e.g. background noise, 
reverberation, echoes, etc.) [6]. Table -stand and 
Lavalier microphones belong to the category of 
microphones that allow the user to have hands-free 
interaction [7]. However, they are better suited for 
teleconferencing, film and television applications 
than for speech recognition. Besides, a non-optimal 
noise reduction/compensation performed in the 
device may alter the speech input spectrum[8]. 
 

2.2 Basic Transduction Categories 
 
Microphones can be classified according to the type 
of transduction . Lavalier microphones are small 
microphones that are suspended from the neck or 
attached to clothing. perform  The first classification 
is between passive transducers and active 
transducers. A second classification is based on the 
physical quantity that is transduced (i.e. pressure or 
pressure gradient)[9]. 
Another possibility of classifying microphones is 
given by the material and physical principles on 
which the transduction is based. In the following a 
classification is given according to the type of 
transduction employed. 
 
2.2.1.Electromagnetic and electrodynamic 
microphones 
The most common microphones belonging to these 
two categories are: ribbon microphones and moving-
coil microphones. Both these microphones are 
widely utilized, reliable for indoor and outdoor use, 
have extended and smooth frequency response, 
good transient response, and are available at 
moderate cost.Generally, ribbon microphones 
provide a bidirectional response (also called "figure-
of-eight pattern"). Their low inertia results in an 
excellent transient response.The moving-coil 
microphone induces a much larger voltage than the 
ribbon microphone, due to the greater length of the 
coil. 
2.2.2 Electrostatic microphones 
Electrostatic microphones are based on variation of 
sensor capacity caused by air-pressure waves. The 
most common types are condenser microphones and 
electret microphones. The output impedance of a 
condenser microphone is extremely high. So, the 
amplifier acts as an impedance adaptor. Condenser 
microphones have excellent frequency response, 
low distortion and an excellent transient response. 
They require a power supply (with batteries or 
phantom power systems) both for the amplifier and 
for the condenser element [10]. 
Electret microphones are special types of condenser 
microphones with a specially designed capacitor 
that can hold a charge for a very long time. Electret 
microphones provide uniform frequency response 
and good transient capability. However, the 
dynamic range and sensitivity values in electrets are 
lower than standard values for condenser units. 
2.2.3 Piezoresistive and piezoelectric 
microphones 
Piezoresistive and piezoelectric microphones are 
based on the variation of electric resistance of their 
sensor induced by the variations of sound pressure 
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level. Carbon microphones consist of a small 
cylinder ("button") packed with tiny granules of 
carbon. A diaphragm produces pressure against the 
button contain ing the carbon granules. Pickup range, 
frequency range, and transient response of carbon 
microphones are limited [10]. 
Crystal microphones and ceramic microphones are 
based on the same principle as carbon microphones. 
Crystal microphones contain a crystal of Rochelle 
salt between two metal plates with the upper one 
free to move. Crystal microphones can be very 
small and are characterized by low cost and high 
voltage output. However, the average quality of 
crystal microphones is not satisfactory for acoustic 
echo canceller, and the crystal can easily be 
damaged by high temperatures and humidity[11]. 
 
2.3 Specific Microphones 
2.3.1. Pressure -zone microphones 
The pressure-zone microphone (PZM) has an 
electret placed approximately in the centre of a 
plate, with a gap of less than 1 mm between the 
transducer cover and the plate. They are 
characterized by a hemispherical pickup pattern and 
are able to transduce sound levels of up to 150 dB 
without distortion.  
2.3.2. Pressure -gradient microphones 
Pressure-gradient microphones have a response 
proportional to the gradient of the pressure wave. 
They are suitable for directional acquisition, and 
generally are based either on a single diaphragm, 
both sides of which are exposed to the direct sound 
field, or on a more complex device that can acquire 
sounds from different directions and compensate for 
relative delay of the wavefront arrival. The most 
common types of pressure-gradient microphones are 
the first-order and the second-order gradient, and the 
toroidal [3], [4].  
2.3 3. Noise-canceling microphones 
Differential or noise-canceling microphones are 
useful in noisy environments, where it is important 
to reduce the effect of background noise. 
Differential microphones contain two parallel 
diaphragms, one of which faces the talker's mouth. 
Sound arriving from lateral directions will produce 
equal pressures on both sides resulting in signal 
cancellation.  
2.3.4. Micromechanical silicon microphones 
Silicon microphones have low sensitivity to 
vibration and electromagnetic interference and can 
be manufactured at low cost depending on the 
underlying transduction principle [5]. Its particular 
type, the optical waveguide microphone is based on 
the principle of conversion of an acoustic signal into 

an intensity or phase modulation of a light wave. It 
has been introduced in 1994 and consists in a two-
chip set (a membrane chip and a waveguide chip). 
  
2.4. MICROPHONE ARRAYS 
2.4..1. Introduction 
The ideal method for capturing an acoustic message 
is to use a transducer placed close to the emitting 
source. For Acoustic echo cancellation, available 
modeling techniques are based on the assumption 
that a single, clear speech message is conveyed by 
the acquired signal. However, this assumption is 
clearly not valid in many practical situations where 
the message to be processed is generated at some 
distance from the transducer and, therefore, is mixed 
with other sounds [14]. 
In these conditions, it could be advantageous to 
exploit the spatial selectivity of a microphone array 
to acquire the signal of the desired source. A 
microphone array consists of a set of acoustic 
sensors placed at different locations to spatially 
sample a sound pressure field. Using a microphone 
array it is possible to selectively pick up a speech 
message, while avoiding the undesirable effects due 
to distance, background noise, room reverberation 
and competitive sound sources. This objective can 
be accomplished by means of a spatio-temporal 
filtering approach [15], [16]. The directivity of a 
microphone array can be electronically controlled, 
without changing the sensor positions or placing the 
transducers very close to the speaker [17]. 
Moreover, detection, location, tracking, and 
selective acquisition of an active talker can be 
performed automatically [16] to improve the 
intelligibility and quality of a selected speech 
message in applications such as teleconferencing 
and hands-free communication (e.g. car telephony). 
2.4..2.  Beamforming 
A beamformer exploits the spatial distribution of the 
elements of a microphone array to perform spatial 
filtering [18]. The microphone signals are 
appropriately delayed, filtered and added to 
constructively combine the components arriving 
from a selected direction while attenuating those 
arriving from other directions [20].  
Delay-and-sum beamforming is the simplest and 
most straightforward array signal processing 
technique as shown in the figure 1. 
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Figure.1. Proposed filter-and-sum beamformer 
configuration 
Figure 1. Moreover, the transfer functions of the 
filters can be chosen according to the statistical 
characteristics of the desired signal and interfering 
noise [19]. 
2.4..3. Uniform Linear Array 
The uniform linear array is the most commonly used 
sensor configuration in multichannel signal 
processing. It consists of N transducers located on a 
straight line and uniformly spaced by a distance d.  

 
Figure-2. Uniform linear array of N elements and 
intersensor distance d. A plane wave-front reaches the 
array from a direction identified by the angle ?. 
It becomes apparent that a linear array with 
equispaced elements is analogous to a digital FIR 
filter. Therefore, the same design procedures used 
for FIR filters can be applied to obtain a desired 
directivity pattern. [21]. 
Figure 3(a) shows the directivity pattern, at a 
frequency/ = 2kHz, of a uniform unweighted linear 
array with 16 elements and an intersensor distance 
of 10cm, steered to broadside.  

 
Figure-3. Directivity patterns of uniform linear array 
 
2.4..4. Dereverbe ration 
Reverberant speech is the result of a convolution of 
the original signal with a room impulse response 
h(t). In principle, reverberation could be removed by 
an equalizing filter that exactly inverts the room 
effect. In practice, a room impulse response h(t) is 
generally a non-minimum phase function [22]. 
Therefore, it is impossible to obtain a direct and 
exact inverse filter because the inverse function is 
either unstable or anti-causal (anticipatory)..The 
exact inverse filtering of the reverberation effect 
produced by an enclosure has been shown to be 
possible if more than one sensor is used [20],[24]. 
This method is based on a principle called multiple -

input/output inverse theorem (MINT). Moreover, 
dereverberation performance is very sensitive to the 
accuracy of the measured impulse responses and to 
the variations related to source and receiver 
positions inside the room as well as to environ-
mental conditions [14] 
The computational complexity resulting from long 
inverse filters can be reduced by the use of a 
subband MINT technique in which the full speech 
signal bandwidth is divided into many subbands 
[23].  
Another subband approach to dereverberation [20], 
[23] considers that the feasibility of inverse filtering 
a subband signal depends on the z-plane distribution 
of the zeros of the transfer function in that subband.  
2.5. TALKER LOCATION 
Acoustic source location is of practical importance 
for various applications. A possible use for source 
location may be found in video-conferencing 
applications, where automatic moving of the camera 
may be performed based on acoustic source 
tracking. In hands-free Acoustic Echo Canceller 
applications, one can envision a target scenario 
where the microphone array system realizes 
selective acquisition of a speech message, based on 
estimated position of the dominant talker, and on a 
reduction of the captured noise, including 
background noise produced by other talkers[25]. 
Acoustic source location can be accomplished 
following different approaches, which may be 
grouped into following main categories [26], [27]. 
(1)Time difference of arrival (TDOA) 
(2) Power field scanning 
(3) Eigendecomposition 
A fourth category that deserves to be mentioned is 
that known as the eigen-decomposition-based 
techniques. The most representative class of this 
category is that of the music (multiple signal 
classification) algorithms[19], [20] generally used 
for processing narrowband signals and multiple 
sources. The approach of eigendecomposition 
techniques should also be investigated to solve the 
problem of talker location when dealing with 
multiple speakers in a noisy environment. 
Other approaches 
Finally, the literature in areas outside talker location 
(e.g. underwater acoustics) proposes other 
approaches to source location (see as an example K-
rause (1987) for GPS navigation), that are based on 
the use of high-resolution spectral analysis, 
maximum-likelihood estimation, ARMA 
(autoregressive moving average) modelling 
(Compton, 1988; Bar-Shalom and Fortmann, 1988; 
Monzingo and Miller, 1980; Wang and Kaveh, 
1985; Hassab, 1990; Kay, 1993). These techniques 
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are generally used for narrowband signals 
processing and require some assumptions about the 
input signals that are not applicable to speech 
signals (e.g. the signal is often assumed to be 
stationary over a long interval). 
3 Some Experimental Observations & 
Testing Tips. 
Distortions in transduction hardware is the first 
thing, which can lead to echo canceller performing 
very poorly. The very first are the nonlinear 
distortions in the echo path of the hardware of our 
device. The echo cancellers perform poorly or don't 
work at all in systems with the net nonlinear 
distortions in the echo path higher than -16 dB 
(typical value). Thus, the smaller the distortion, the 
better a system will perform. Nonlinear distortions 
exist everywhere. Certain nonlinearity is inherent in 
the hybrids, microphones, speakers, amplifiers, and 
codecs. It is not recommended to make the design 
with parts, which are highly nonlinear such that the 
net nonlinear distortions of the device in the echo 
path are prohibitively high. If there's some 
preliminary design available, already in a form of a 
working device, it is a good practice to measure the 
level of the nonlinear distortions in it [8],[20]. The 
sooner such measurements are done, the better.  
Usually, in the systems, which are not strictly digital 
(e.g. those involving use of analog circuitry and 
transmitting analog signals anywhere inside), there's 
an analog-to-digital or digital-to-analog converter 
(ADC or DAC) available so the echo canceller 
implemented on a DSP can work with samples. The 
path between the DAC output and the ADC input is 
made up of analog circuitry, which is subject to 
nonlinearities [28]. If we're talking about using an 
acoustic echo canceller in some hands-free system, 
then the analog circuitry in question will include the 
following: microphone, microphone amplifier, the 
ADC/DAC itself, the loudspeaker amplifier, and the 
loudspeaker. This entire echo path must be tested. 
An easy test for this would be feeding a test signal 
as samples to the DAC so the speaker would 
produce it and recording samples from the ADC, 
e.g. recording what the microphone is picking. The 
recording should then be analyzed. Note that there 
can be interference between the digital and analog 
parts in the device. The interferencemay be in form 
of additive noise superimposed on the Vcc if the 
power supply is overloaded or there is no good 
power supply decoupling. The decoupling 
capacitors must be placed as close to the power 
supply pins of the chips as possible.  
As already mentioned, the acoustic echo exists 
between the loudspeaker and the microphone in 

hands-free phones inside their cases. The echo can 
be transmitted by both the air inside the case and by 
the case itself in a form of mechanical waves 
(vibrations) in the case parts. To reduce this form of 
echo, there should be a good acoustic decoupling 
between the loudspeaker and the microphone. To 
solve this problem, the microphone should be 
acoustically and mechanically insulated by a soft 
material, absorbing the case vibrations and sound 
coming out of the speaker. The microphone should 
not be directed to the speaker. It can be useful to 
have a directional microphone, so it can be directed 
away from the speaker.  
  Another important thing is the external echo 
path (e.g. outside the phone's case). The external 
echo path is actually a number of different echo 
paths due to the room objects reflecting the 
speaker's sound back to the microphone. The 
changes in the echo path impulse response cause an 
increase in the residual echo error signal.This is the 
main source of computational errors in acoustic 
echo cancellation because this forces the Acoustic 
Echo Canceller to start adapting to the new impulse 
response and it can even diverge, if the changes are 
fast or abrupt. In the installed phone, the speaker 
and microphone should not be directed to the path 
that is subject to fast changes. It is usually better to 
direct the speaker and microphone towards the 
ceiling since this echo path changes rarely[29].  
 
4- CONCLUSIONS 
It has been noticed that in order to achieve acoustic 
echo cancellation or to design an acoustic echo 
canceller, faithful modeling of room acoustic 
through experimental setup is the very first and the 
most important step. Numerical and computational 
algorithms come next, but they heavily depend upon 
the offline or online experimental data upon which 
they work. All this data is collected through the 
transducers. So it is the most important thing to use 
the proper transducer for the given circumstances in 
which acoustic echo cancellation is to be achieved. 
This in turn requires in-depth study of the transducer 
types, categories, transducer characteristics in terms 
of SNR, characteristic impedance, sensitivity, 
directional response etc. and on special transducer 
arrangement schemes and finally on the talker-
microphone relative positions in teleconferencing 
and hands free applications. So if the right choice is 
made in terms of transducers, identification or 
modeling of acoustic characteristics of ACOUSTIC 
ECHO CANCELLER systems will lead to good 
echo cancellation. 
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