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Abstract

This report proposes a method for obtaining satisfying ”full-duplex feeling”
in hands-free communication units at low computational cost. The proposed
method uses a combination of an acoustic echo cancellation unit and an
adaptive gain unit. The core of the method is to perform the processing of
the speech signal into two separate frequency bands and to process these in
different manners. Acoustic echoes in the low frequency part of the signal
are cancelled by means of an acoustic echo cancellation unit, while acoustic
echoes in the high frequency part are suppressed by an adaptive gain unit.
The proposed method is well suited when extending the bandwidth of an
existing hands-free phone. A real-time implementation of a conventional
hands-free phone is compared with a real-time implementation according to
the proposed method, where the later is an extended version of the first.
The evaluation of the two implementations shows that the proposed method
can be used to increase the quality, i.e. extended bandwidth, of a hands-free
phone with only a small increase in computational demand.
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Chapter 1

Introduction

Hands-free phones are preferred in many situations, such as in the car, at
the office, at home, or in the conference room. A hands-free phone call takes
part between the participants located in the same room/car as the hands-free
phone, the near-end talkers, and participants at a remote location, the far-
end talkers. The requirements of a hands-free phone are higher as compared
to an ordinary hand held telephone. It is mainly the strong acoustic coupling
between the loudspeaker and the microphone in the hands-free phone that
imposes higher design requirements. Due to the strong acoustic coupling,
acoustic echoes arise. If no countermeasure is taken to suppress the acoustic
echo, far-end talkers are presumed to hear an echo of their own voice, which
is in general considered to be very annoying. Several solutions to the acoustic
echo problem have been proposed. One type of solutions are those based on
the system identification scheme, [1], [2]. A common solution, conforming to
the system identification scheme, is often denoted an Acoustic Echo Canceler
(AEC), [3]. Other acoustic echo cancelers using adaptive methods, such as
microphone array based systems, [4], can also be categorized as acoustic echo
cancelers. In the sequel an AEC will denote a solution conforming to a sys-
tem identification scheme as defined in [1]. Many variations of the AEC are
based on different algorithms for the adaptation of the system. Algorithms
such as the Normalized Least Mean Squares (NLMS) [5], the Recursive Least
Squares (RLS) [6], or the Affine Projection Algorithm (APA) [7]. The perfor-
mance of an AEC is linked to the estimation of certain parameters, such as
speech activity, acoustic coupling etc, [8]. The calculation of certain speech
activity parameters is crucial for most AEC system, in particular double
talk detection. Several double talk detectors have been proposed, some are
based on distance measurements such as cross-correlation, [9], [10], coherence
[11], or cepstral distance, [8]. Others are based on power measurements, e.g.
the classical Giegel detector, [12], or can be characterized echo path change
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detectors, [13].
In this report, we propose a method for implementing a hands-free phone,

providing full-duplex feeling, as well as a low computational demand. The
method is fit for extension of the bandwidth of an existing conventional AEC.



Chapter 2

The Hands-free Situation

2.1 The Half Duplex and Full Duplex Con-

cepts

Half-DupleX (HDX) and Full-DupleX (FDX) are labels often used to de-
scribe the character of certain methods for the acoustic echo problem. An
HDX method suppresses the echo by only allowing sound to stream in one
direction, i.e. either the near-end talk or the far-end talk is transmitted. Dif-
ferent approaches to determine in which direction sound should be allowed to
stream exists, but the most common ones are based one some sort of power
measure, [14], [15], [16], e.g. priority is given to the loudest talker or prior-
ity is always given to the near-end talker. An FDX solution uses adaptive
signal processing to meet the requirement of low echoes. The core of this
solution is to cancel echoes by means of adaptive echo cancelling algorithms,
thus allowing talk to stream undamped simultaneously. Many real-time im-
plementations claiming FDX does not fulfill this requirement, i.e. that the
signal should stream undamped in both directions all the time. Further many
real-time solutions characterized as HDX allows simultaneously streaming in
both directions of more or less damped signals. A psychoacoustic approach
to the HDX and FDX notation problem is to characterize implementations
with ”FDX-feeling” as implementations for which it is possible for the far-
end and near-end talkers to speak simultaneously and to interrupt each other
without any perceptible degradation of the perceived overall quality of the call.
Implementations with ”HDX-feeling” will thus be those that do not have
”FDX-feeling”. The concept of ”FDX-feeling” and ”HDX-feeling” is truly
subjective. Still it is an attractive concept, since it provides a notation that
can be used to separate hands-free systems with satisfying quality from those
characterized by switching effects and interrupted communication.

5



6 Fredric Lindström Mattias Dahl Ingvar Claesson

2.2 Present Signals and Environmental Im-

pact

When there is no far-end signal, x(t), present the near-end signal, y(t), only
consists of near-end generated sound, v(t), see figure 2.1. The near-end sound
v(t) is the sum of the near-end speech, s(t), and the background noise, n(t),
(e.g. a fan), after they have been filtered through the room and the micro-
phone. The near-end speech part of v(t) consists of direct path part and
a part that reaches the microphone via a multitude of reflections. This re-
flected part is referred to as the near-end room reverberation signal. The
near-end room reverberation may also degenerate the perceived speech qual-
ity as well. However, it is the remedy of the acoustic echo that is treated in
this report. The acoustic echo, e(t), is the result of the transformation of the
far-end signal, x(t), as it passes through the loudspeaker, the room and the
microphone, see figure 2.2. The near-end signal is thus a combination of the
acoustic echo and the near-end generated sound, i.e. y(t) = e(t) + v(t). The
combined influence from the loudspeaker, the room, and the microphone on a
signal that passes through all of these is denoted the Loudspeaker Enclosure
Microphone system LEM-system, other definitions of the LEM-system exists
e.g. [8], [17]. The combined operation of a filtering with the LEM-system
and the adding of the near-end generated sound is denoted LEMN-system,
see figure 2.2. The LEMN-system can thus be seen as a transform of the
far-end signal x(t) into the acoustic echo e(t) and the adding of the near-end
generated sound v(t), in order to produce the near-end signal y(t), see figure
2.2.

Four different situations of speech activity apply to a hands-free tele-
phony. These are, idle, near-end talk, far-end talk, and double talk. Idle is
when no one is speaking, near-end talk is when only the near-end talker is
speaking, far-end talk is when only the far-end talker is speaking, and dou-
ble talk is when both the far-end talker and the near-end talker are speaking
simultaneously.
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Figure 2.1: Near-end generated sound.
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Figure 2.2: The LEM-system(dashed) and LEMN-system(dotted). The
LEM-system has x(t) as input and e(t) as output. The LEMN-system has
x(t) as input and y(t) as output.



Chapter 3

Methods

3.1 The Adaptive Gain Method

The Adaptive Gain (AG) method suppresses the echo by damping sound in
one or both directions. An AG implementation is depicted in figure 3.1, it
consists of two attenuators Dx and Dy that damps the far-end signal x(t)
and the near end signal y(t), respectively. The attenuation is controlled by
the control unit, CU , which makes decisions based upon energy estimations
of x(t) and y(t). An AG method where the dampers are replaced by on-off
switches and one and only one switch is connected at each instant matches
the definition of an HDX connection, see section 2.1. From this observation
it is tempting to classify the AG method as a method with ”HDX-feeling”,
but since ”HDX-feeling” is a subjective concept no such general statement
can be made.

3.2 The AEC Method

An AEC based on a system identification scheme is depicted in figure 3.2.
It consists of an Adaptive Processor (AP ), and a summation unit, Σ. The
present signals are the far-end signal, x(·), the near-end signal, y(·), consist-
ing of the sum of the near-end sound v(t) and the acoustic echo e(t), the
estimated acoustic echo, ê(·), i.e the output from the AP , and finally the
error signal, ye(·), with ye(·) = y(·) − ê(·). The purpose of an AEC is to
adapt the transfer characteristics of the AP to be similar to the LEM. Iden-
tity is said to be achieved when the acoustic echo part of ye(·) is minimized
in some given measure. Hence, the signal ye(·) is often used as feedback in
the adaptation algorithm of the AP . Examples of algorithms that can be
used in the AP are given in, [5], [6], and [7].
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Figure 3.2: The AEC Solution

3.3 The AEC NLMS Method

The NLMS algorithm [5] is an often used algorithm for the implementation of
the AP . The popularity of the NLMS algorithm is due to the low complexity
and the high robustness to power variations in finite arithmetic precision,
[6]. In the NLMS implementation the AP consists of an adaptive FIR filter,
w(k), of length N , w(k) = [w0(k), w1(k), · · · , wN−1(k)]T , where k is the
sample index. The filter w(k) is updated in periods when the near-end
sound part, v(k), of the near-end signal, y(k), is small. During these periods
the algorithm tries to minimize the mean square error of ye(k) by modifying
the coefficients of w(k) according to

ŷ(k) = w(k)Tx(k) (3.1)

ye(k) = y(k) − ê(k) (3.2)

w(n + 1) = w(k) +
βye(k)x(k)

ε+ ‖ x(k) ‖2
(3.3)

where x(k) = [x(k), x(n−1), · · · , x(n−N+1)]T is a column vector containing
the last N samples of the far-end signal, β is the chosen step-size, and ε is
some small positive number used to prevent noise amplification, [1].
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3.4 The Proposed Method

The basic idea of the method proposed in this report is to split the speech
signals, (i.e. the far-end and the near-end signal), in two bands, one that
contains the lower frequencies of the speech signal and one that contains the
higher frequencies, which are processed in different ways. The low frequency
part is processed with a conventional full duplex AEC. Acoustic echoes in
the low frequency band will therefore be cancelled and speech will not be
interrupted in any direction. The high frequency part will be passed with
a level dependent damping, i.e. high frequency echoes are suppressed with
damping. This implies that in a situation of acoustic echo the near-end
signal will be damped. The processing of the high frequency part can be
done in a computation saving manner, since there is no need for full-band
adaptive filtering. The method is depicted in figure 3.4 where the far-end
signal, x(·), is split up into a low frequency part, xL(·), and a high frequency
part, xH(·). The general structure of the bandpass splitting filters BPL and
BPH is depicted in figure 3.3. The low frequencies signals xL(·) and yL(·) are
processed according to the NLMS AEC algorithm∗. The operation performed
on the high frequency signals xH(·) and yH(·) will be an attenuation of yH(·)
controlled by an averaging of |xH(·)| or |xH(·)|2, i.e. the suppression of yH(·)
will be dependent of the signal power of xH(·). This attenuation d(·) can be
described as

d(k) = g(k) (3.4)

where k is the sample index and g(k) is some averaging function of |xH(·)|
or |xH(·)|2.

The proposed method can thus be seen as a combination of the AEC
method and the AG method, as it is a combination of both of these methods
it is denoted the AEC-AG method.

3.5 Perceptual Aspects of the Proposed Method

The proposed AEC-AG method splits the signal in a high frequency and a
low frequency part. The AG processing of the high frequency band signal
could mean a degradation of the quality, i.e. damping of the high frequency
components of the near-end signal in situations of double talk could be per-
ceived as annoying. Most LEM-systems have a low pass character. Owing to
this low pass character the artificial damping done by the new method can be

∗Other algorithms than the NLMS are of course possible for the implementation of the
echo canceling.
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Figure 3.5: Cumulative frequency power for the LEM-system of a typical
conference room and long-time averaged speech spectrums.

reduced and thus also its impact on speech quality. A plot over cumulative
frequency power for the LEM-system of a typical conference room is shown
in figures 3.5-3.6.

The long-time average speech spectrum of both female and male voices
are dominated by its low frequency content [18]. The cumulative frequency
band power for the long-time average male and female voice speech spectrums
are shown in figures 3.5-3.6. The cumulative frequency power of the average
speech spectrums are calculated from data in [18]. The relatively dominant
part at lower frequencies implies that the high frequency echo averaged over
long time will be small in relation to the low frequency echo. Damping of the
high frequency components of the near-end signal only occurs in situations of
double talk. It can be assumed that the damping of the near-end signal will
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be masked by the present far-end signal to some extent, i.e. in a double talk
situation for persons situated in the far-end location it is likely that their
perception of the near-end signal is diminished in favor of the far-end speech.
So, the main arguments that speaks in favor of the new method are:

1. Most LEM-systems have low pass characters.

2. Long-time averaged speech spectrums are dominated by their low fre-
quency content.

3. The damping of the high frequency band only occurs during double
talk, and can thus be perceptually small.

Quantitative measurement as those presented in figures 3.5-3.6 can be
performed in order to support the above arguments. The interpretation of
such measurements must be done with caution, since there is no defined
relation between these measurements and the perceived quality of the final
system. What the above arguments gives is thus not a proof of the function
of the proposed method, but rather an explanatory model of why it works
perceptually.



Chapter 4

Comparison of the Proposed
AEC-AG Method and the AEC
Method

4.1 Frequency Comparison

In this section, the frequency content of a conventional full-band NLMS based
AEC method and the proposed AEC-AG method are discussed. These meth-
ods are described in sections 3.3 and 3.4, respectively. Consider two im-
plementations of these two methods operating on the same communication
bandwidth. The frequency range of the speech in the AEC-AG solution is
the same as for the AEC solution for all states except double talk. During
double talk the high frequency part of the near-end signal is damped with
a damp factor, see figure 3.4. The only difference between the two methods
from a frequency aspect is thus a damping of the high frequency part of the
near-end signal in situations of double talk.

4.2 Computational Comparison

In this section, the computational demand of an NLMS based AEC method
and the proposed AEC-AG method are discussed. An AEC method imple-
mented with the NLMS algorithm operating on a communication bandwidth
of B Hz, will require a sampling frequency fs, with fs > 2B. With an echo
canceling duration of T seconds, the NLMS solution will require an adaptive
FIR filter of length NT with

NT = Tfs (4.1)

17
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For every sample the echo canceler will require NT Digital Signal Proces-
sor (DSP) instructions∗ for the filtering with the adaptive filter and 2NT

DSP instructions for the update of the coefficients of the adaptive filter, see
equations, (3.1), (3.2), and (3.3). This gives that the total number of DSP
instructions for the AEC method, IAEC, is

IAEC = (Tfs)fs + (2Tfs)fs = 3Tf 2
s (4.2)

Consider an AEC-AG based solution operating on the same communication
bandwidth as the AEC solution, i.e. B Hz. Now we assume that for the
AEC-AG solution we have a lower AEC band of size B/2 and an upper
AG band of size B/2. This solution also uses the NLMS algorithm for echo
cancellation in the lower AEC band. So the required sampling frequency
for the lower band f ′

s can be set to f ′
s = fs/2. This implies that the echo

canceling processing in the AEC-AG solution can be performed in half the
sample rate as compared to the AEC solution, and we have that the number
of DSP instructions per second for the lower band processing, IAEC−AG, is
equal to

IAEC−AG = 3Tf ′2
s =

3Tf 2
s

4
(4.3)

To get the full number of instructions for the AEC-AG solution we need
to account for the extra DSP instructions per second, IHP, used to extract
the high frequency band. IHP = NHPfs, where NHP is the length of the
filter used to obtain the high frequencies signal. Typical values for NHP,
T , and fs in a real fullband implementation are NHP=50, T=250ms, and
fs=16000Hz. These values implies IAEC = 192 MIPS(million instructions
per second), IAEC−AG = 48 MIPS, and IHP = 1.6 MIPS. These figures show
that IHP is negligible.† By observing that IHP << IAEC−AG and comparing
equations (4.2) and (4.3), we see that there is approximately a factor of four
less instructions needed in the proposed implementation. If the bandwidth
of the AEC is set even lower, i.e. f ′

s < fs/2, then further reduction of the
computational load can be obtained. From equation (4.2) it follows that the
computational load is dependent on the square of the sampling frequency.
This relation is depicted in figure 4.1. Note that computational load decreases
towards zero as the bandwidth of the AEC decreases. However, there is of
course a limit to what extent the bandwidth can be decreased. This limit is

∗A DSP instruction is an instruction performed on a digital signal processor, which
has the capability of multiplication with cumulative addition in one clock cycle, e.g. the
AD-21xx [19].

†Real implementations of acoustic echo cancelers would probably use variations of the
NLMS, (e.g. blockwise-NLMS), and thus lower the number of MIPS for IAEC and IAEC−AG,
the assumption of IHP being negligible still holds though.
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Figure 4.1: Reduced computational load as a function of bandwidth of AEC.

not known and therefore the convergence towards zero is kept in the figure.
The result of comparing equation (4.2) and (4.3) can be also observed in figure
4.1. We se that f ′

s = fs/2, i.e. AEC bandwidth is 50% of communication
bandwidth, gives a reduction by a factor 4, i.e. a computational load of 25%.



Chapter 5

Bandwidth Extension,
Real-time Implementations

5.1 The AEC-AG Method used for Bandwidth

Extension

One of the most interesting applications of the AEC-AG method is, as men-
tioned in the introduction, to use it to extend the bandwidth of an existing
AEC based hands-free phone. Given the characteristics of the AEC-AG
method and its relation to the AEC method, described in sections 3.4, 4.1,
and 4.2, the following assumptions needs to be fulfilled in order for the AEC-
AG method to be a desirable solution for an extension of the bandwidth
of a hands-free phone operating on the bandwidth [f1, f2] to an extended
bandwidth of [f1, f3], with f2 < f3.

1. In general we will find that an extension of the bandwidth of a speech
signal from [f1, f2] to [f1, f3] will increase the perceived quality of the
signal.

2. The damping of the high frequency band [f2, f3] in situations of double
talk will effect the perceived speech quality in a negligible manner.

3. Computational power of DSP’s is related to the price of the DSP and
a lowering of the capacity requirement by a factor four is significant.

Of the above three assumptions only the third can be immediately veri-
fied. Assumptions one and two cannot be proven/falsified by mathematical
analysis nor can strict computer simulations give a satisfying answer to the

20
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Figure 5.1: The downsampling and prefiltiring of the far end signal x(·).

truth of these assumptions. Only a real implementation and psychoacoustic
tests can give a really satisfying answer to assumptions one and two.

In order to possibly verify the assumptions above two real-time imple-
mentations were tested. One, called solution SAEC, is an implementation of
an AEC NLMS based hands-free phone with a communication bandwidth of
[300Hz, 3200Hz]. The other, solution SAEC−AG, is an AEC-AG NLMS based
implementation with a communication bandwidth of [300Hz, 7000Hz]. These
limits were chosen in accordance with the telephone standards for PSTN and
ISDN respectively, e.g. [20], [21]. The computational demand of solution
SAEC and SAEC−AG are, according to section 4.2, approximately equal. Note
that in section 4.2 two systems of the same bandwidth were compared. So-
lution SAEC and SAEC−AG have different bandwidths, but approximately the
same computational demand.

5.2 Solution SAEC, A Real-time AEC Imple-

mentation

In solution SAEC the phone was implemented as an AEC using the NLMS
algorithm as described in section 3.3 and depicted in figure 3.2. The length
of the adaptive FIR filter was 1600 taps. The sample frequency was 8000Hz,
thus corresponding to an echo canceling length of 200ms. The communi-
cation bandwidth of the far-end signal, x(·), and the near-end signal, y(·),
were [300Hz, 3200Hz]. The SAEC solution was implemented on an AD-2186
processor using an AD-73322 codec for D/A A/D conversions. The codec
output/input frequency was set to a rate of 64kHz. To obtain the NLMS
algorithm working rate of 8kHz the AD-2186 downsampled/upsampled its
input/output with a factor 8. The downsampling/upsampling was done in
two steps with an intermediate sampling rate of 16000Hz. To obtain the com-
munication bandwidth [300Hz, 3200Hz] the 8000Hz signals were filtered with
a band pass filter, BP1. The downsampling and anti-alias filtering procedure
for the far-end input signal x(·) is depicted in figure 5.1. The conversion of
the near-end signal y(·) was done in an analogue manner.
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Figure 5.2: The downsampling and prefiltering of the far-end signal x(·).

5.3 Solution SAEC−AG, A Real-time AEC-AG

Implementation

Solution SAEC−AG was implemented according to the AEC-AG method de-
scribed in section 3.4 and depicted in figure 3.4. Solution SAEC−AG has the
exact same implementation for its low frequency band [300Hz, 3200Hz] as
solution SAEC. The high frequency band worked at a sampling rate of 16kHz
and the high frequency band bandwidth was set to [3600Hz, 7000Hz]. The
AEC-AG solution was implemented on the same processor/codec constella-
tion as solution SAEC and an interface feature was added so an instant switch
between the two solutions was possible, i.e. by pressing a button. The work-
ing rates of 8kHz and 16kHz were obtained by downsampling/upsampling.
The bandwidths were obtained by using two bandpass filters BP1 and BP2

with pass bands [300Hz, 3200Hz] and [3600Hz, 7000Hz], respectively. The
filter BP1 is the same as in section 5.2. The downsampling and pass band
filtering procedure for the far-end signal x(·) is depicted in figure 5.2. The
conversion of the near-end signal y(·) was done in an analogue manner.

The high frequency near-end signal, yH(·), was damped according to the
scheme described in section 3.4. In this particular implementation the damp-
ing d(k) was chosen as d(k) = g(k), where k is the sample index and g(k) is
an averaging function given by

g(k) = (1 − α1)g(k − 1) + α1g(k) if g(k) � g(k − 1) (5.1)

g(k) = (1 − α2)g(k − 1) + α2g(k) if g(k) < g(k − 1) (5.2)

where α1 > α2, and g(k) is a function of |xH(k)|, given by

g(k) = LOOKUP(|xH(k)|) (5.3)
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Figure 5.3: The function LOOKUP(·), i.e. g(k) as a function of |x(k)|.
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where the function LOOKUP(·) is as depicted in figure 5.3
The use of different constants in the exponential averaging in equations

(5.1) and (5.2) implies that the value of d(k) will increase rapidly in response
to a sudden increase of the average of |xH(k)|, while a sudden decrease will
lead to a slowly decreasing value of d(k). This is done in order to make the
value of d(k) correspond to the nature of an acoustic echo in a room, i.e. the
acoustic echo is almost instant and has a duration. The function LOOKUP(·)
is implemented as a look-up-table function, thereof its quantized appearance,
see figure 5.3. Note that even though g(k) consist of quantized values, d(k) is
a more smooth function as a result of the averaging performed in equations
(5.1) and (5.2).



Chapter 6

Experimental Setup,
Evaluation, and Result

6.1 The Setup

Three loudspeakers, each with a max power of 2 Watt, were used to produce
the near-end output signal. An omnidirectional microphone was used to
obtain the near-end input signal. The microphone and the speakers were
placed on a table according to figure 6.1 in order to resemble a conventional
omnidirectional conference phone. The distance between the centers of a
speaker and the microphone was 60mm and the speakers made a 45◦ angle
with the surface of the table, see figure 6.1.

The setup was done in a small office with a reverberation time of approx-
imately 500 ms in measures of RT60∗. The reverberation time of the room
was measured through the speakers and the microphone by means of correla-
tion. The far-end input signal was obtained by a hand-held microphone and
delayed 200ms by a delay circuit. This delay was done in order to simulate
for the delay in telephone wires and switching offices and to make acoustic
echoes clearly audible at the far-end side. The far-end output signal was
connected to a pair of headsets. To obtain a total acoustic isolation between
the far-end and near-end side, the hand-held microphone and the headset
were situated in a neighboring room, the far-end room, and connected to the
hands-free system phone, see figure 6.2.

∗RT60 defines the measure of reverberation time to be the time it takes for the sound
level in a room to decrease with 60dB after an impulse.
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View from above Speaker in cross-section

45o

Figure 6.1: The constellation of speakers and microphone.

Far-end roomNear-end room

Delay
Unit

Hands-free phone

Figure 6.2: The near-end and far-end rooms.



A Computational Efficient Method for Assuring Full Duplex Feeling in Hands-free
Communication 27

Far-end roomNear-end room

DAT2 DAT1

Channel 1

Recording
Loudspeaker

signal

Channel 2

Recording
Line out
Signal

Channel 2

Playing
Near-end speech

signal

Channel 1

Playing
Far-end speech

signal

Hands-free phone

Figure 6.3: Recording signals.

6.2 The Evaluation

Loudspeakers were used to simulate near-end and far-end talkers. One loud-
speaker was placed in the far-end rooom and one in the near-end room. Both
loudspeakers were connected to the same two-channel DAT player, DAT1, see
figure 6.3. Channel 1 of DAT1 was connected to the loudspeaker in the far-
end room, and channel 2 to the loudspeaker in the near-end room. Another
two-channel DAT recorder, DAT2, was connected to the earphones output
and the wire feeding the three hands-free phone loudspeakers. Channel 1 of
DAT2 was connected to the hands-free phone loudspeaker wire and channel
2 was connected to the line out signal, i.e the phone microphone signal after
processing. The phone was set to solution SAEC mode, and then a tape was
played on DAT1 and at the same time DAT2 was set to record. The tape
contained a session of: silence - speech on channel one - speech on channel
two - speech on both channels, see figure 6.4. The parts of the played ses-
sion correspond to the states: idle, near-end talk, far-end talk, and double
talk, respectively. The procedure was repeated with the phone set in solution
SAEC−AG mode.

Subjective real-time evaluation of the both methods was also performed.
The subjective evaluation was performed in the following manner. A person
was placed at the near-end side and another at the far-end side. They per-
formed a natural conversation, containing sessions of double talk. Through-
out the test repeated switches between solution SAEC and solution SAEC−AG

mode were performed.
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6.3 The Result

In an ideal situation the recorded phone loudspeaker signal and phone line out
signal should be identical to the far-end speech signal and near-end speech
signal, respectively. Figure 6.5 show a spectrogram of the input signal in
figure 6.4. So, the spectrogram in figure 6.5 represents that of the phone
loudspeaker and phone line out signals in an ideal solution. Figures 6.6
and 6.7 shows spectrograms for the output signal to the phone loudspeaker
and the output signal to the phone line out of the AEC and the AEC-AG
solutions, respectively. A comparison of the spectral content of near-end and
far-end signals of solution SAEC and solution SAEC−AG, in relation to the ideal
solution, show that the AEC-AG solution gives more natural sounding signals
than the AEC solution, in that it also contains high frequency components.

By observing the idle part of the spectrograms in figures 6.6 and 6.7
we get a picture of the background noise present in the two solutions. For
the idle part in figures 6.6 and 6.7 the upper channel signal, i.e. the phone
loudspeaker signal, contains noise in the region of 0 to 1000Hz, this noise
originates from different noise sources in the far-end room, e.g. fan noise. The
noise characteristic for the lower channel signals, i.e. the phone microphone
signal, is more white and spread over the entire spectra. This noise originates
from internal circuit noise in the phone that is transmitted by the phone
loudspeaker and then received by the phone microphone. For the AEC-AG
solution there is a difference in magnitude between the noise in the high
and low frequencies. This is due to a noise reduction feature that has been
implemented in combination with the echo cancellation performed on the low
frequencies. So, the difference in background noise level between the high
and low frequencies is not a result of the specific AEC-AG solution, but a
result of that noise reduction is only implemented for the lower frequency
band. Around frequency 3400Hz in the lower channel in figure 6.7 a lower
intensity in the background noise can be seen. This is a result of the gap
between the frequency split filters depicted in figure 3.3.

In the far-end talk part of the spectrograms, we can see that there is a
small residual echo in both the AEC and the AEC-AG solutions, but these
echoes have such low energy that they are not disturbing, i.e. an echo sup-
pression of about 40dB. In the lower channel signal of the AEC-AG solution
the function of the damper described in section 5.3 can be observed, specially
this can be seen from the characteristics of the background noise. When a
speech signal occurs in the upper channel the background noise in the high
frequency part of the lower channel is damped away, see figure 6.7, e.g. com-
pare the high frequency background noise in the idle and the far-end talk
sections.
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Figure 6.4: Input signal. Upper channel is the far-end speech signal. Lower
channel is the near-end speech signal.

During situations of double talk the AEC-AG solution will approaches
that of the AEC solution for the near-end signal, i.e. during double talk the
high frequencies of the near-end signal will be damped. This can be seen by
comparing the near-end and the double talk parts for the lower channel of
the AEC-AG solution spectrogram, see fig 6.7.

The performed subjective evaluation clearly showed the advantages of
the AEC-AG method. The 7kHz sound was perceived as of higher quality
and the damping of the high frequency band was hardly noticeable. Note
however that these tests were performed under rather modest near-end noise
conditions and a full evaluation should also account for the performance of
the systems in environments with high background noise.
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Figure 6.5: Spectrogram for the input signal. Upper channel is the far-end
speech signal. Lower channel is the near-end speech signal.
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Figure 6.6: Spectrogram for the recorded signals when the AEC solution is
used. Upper channel is the phone loudspeaker signal. Lower channel is the
phone line out signal.
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Figure 6.7: Spectrogram for the recorded signals when the AEC-AG solution
is used. Upper channel is the phone loudspeaker signal. Lower channel is the
phone line out signal.



Chapter 7

Conclusions and Further Work

7.1 Conclusions

In this report, a method that provides a solution to the acoustic echo problem
in hands-free communication was proposed. With this method it is possible
to construct hands-free phones with full-duplex feeling in a computational
saving manner. Two real-time implementations of a hands-free phone were
done with approximately the same demand of computational power, one
based on a conventional AEC method and the other on the proposed method.
These real-time implementations were done in order to evaluate the use of
the proposed method to extend the bandwidth of an existing AEC conference
phone. Frequency analysis of measured test signals as well as subjective
evaluations showed that the new method can be used for bandwidth extension
of an existing AEC phone at hardly no extra computational cost.

7.2 Further Work

In this report, the use of a method to extend the bandwidth of an existing
hands-free phone was examined. The method can also be used for lowering
the computational demand of an existing hands-free phone. Such a lowering
of computational demand would be of great interest to the large community
of telephone and network manufactures. However, there will be a limit for
this lowering of the computational demand. A work of importance, in order
to determine the full possibilities of the new AEC-AG method, would be to
explore this limit.

The robustness of an adaptive echo canceler might very well be effected
by the operating bandwidth of the canceler. This in turn can lead to that
the AEC-AG solution is more robust than the AEC solution. This is also an
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issue for further studies.
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[17] E. Hänsler, G. U. Schmidt, ”Hands-free telephones - joint control of echo
cancellation and postfiltering”, Signal processing, vol. 80, pp. 2295-2305,
2000.

[18] S. Furui Digital speech processing, synthesis and recognition Marcel
Dekker, Inc 1989.

[19] Analog Devices: ADSP-2100 Family User’s Manual, 3ed., 1995.

[20] ”TBR21”, European Telecommunications Standards Institute, 1998.

[21] ”G.722”, ITU-T Recommendation ITU-T G.722.1, 1999.



A Computational Efficient Method for Assuring Full Duplex Feeling in
Hands-Free Communication

Fredric Lindström, Mattias Dahl, Ingvar Claesson

ISSN 1103-1581
ISRN BTH-RES--09/03--SE

Copyright © 2003 by the individual authors
All rights reserved

Printed by Kaserntryckeriet, Karlskrona 2003


