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ABSTRACT

We have developed an audio teleconferencing termi-
nal for use in noisy office environments. The termi-
nal has an acoustic-echo cancellation filter in the time
domain, noise and echo reduction in the frequency do-
main, and variable loss insertion control. The echo can-
cellation filter uses an exponentially weighted step-size
projection algorithm and has a foreground /background
structure. Noise and echo reduction, which is based on
short-time spectral amplitude estimation, reduce the
level of ambient noise and the amount of residual echo
hidden in that noise. Evaluation of this terminal shows
that the echo level is suppressed by 40 dB or more and
the noise level is reduced by about 14 dB, levels that
are good enough for an audio teleconference in noisy
office.

1 Introduction

Acoustic echo cancellation is indispensable to hands-
free telecommunications, for example in videoconfer-
ences. Conventional acoustic echo cancellers with ad-
equate performance for quiet environments have pre-
viously been fabricated [1]. However, the demand for
hands-free telecommunications in noisy environments,
e.g. audio teleconferences between noisy offices, has in-
creased. In a noisy office environment, the microphone
of an audio teleconferencing terminal picks up ambient
noise from noise sources such as air conditioners and
the cooling fans of computers. This ambient noise not
only reduces the clarity of the speech signals [2], but
also negatively affects the acoustic-echo cancellation fil-
ter.

We thus developed an audio-teleconferencing termi-
nal with noise and echo reduction to reduce the level of
ambient noise and the amount of residual echo hidden
in that noise. In this paper, we will describe the new
terminal and show the results of an objective evaluation
of its performance.
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Figure 1: Photograph of proposed audio teleconferenc-
ing terminal.

2 Specifications

Fig. 1 shows the developed audio teleconferencing
terminal. We used a fixed-point digital signal proces-
sor (DSP) to implement the terminal. The narrow fre-
quency range, from 300 to 3400 Hz, is of course suffi-
cient for telephony. The length of the adaptive filter is
160 ms. The terminal is for connection to the public
switched telephone network (PSTN) via a network con-
trol unit (NCU). We thus equipped it with a line-echo
canceller.

The responses of the four built-in-microphones at the
corners of the terminal are made to form a null point
at the built-in-loudspeaker at the center; this reduces
acoustic coupling from the loudspeaker to the micro-
phones [3]. External transducers increased the number
of conference participants. The auxiliary input and
output ports also let us place the terminal in the cir-
cuits of other telecommunications systems. We can
thus use it as the echo-canceller unit of, for example, a
video-teleconferencing system.
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Figure 2: Block diagram of audio teleconferencing terminal.

3 System description

Fig. 2 shows a block diagram of the new terminal.
Acoustic echo and ambient noise reducing are handled
as follows. Firstly, we use an echo-cancellation filter
(ECF) that brings acoustic echo levels down to almost
the same level as the noise. Next, the level of ambient
noise is lowered by noise reduction (NR) and residual
echo is suppressed by echo reduction (ER).

3.1 Echo-cancellation filter (ECF)

To achieve fast convergence for speech input, ECF
uses the second-order exponentially weighted step-size
(ES) projection algorithm. This algorithm uses both
on the expected variation in a room impulse response
and the effect of speech whitening [4].

To distinguish between double talk and an echo path
change, ECF has a foreground/background (FG/BG)
structure, which has a fixed filter and an adaptive filter
[5]. The fixed filter cancels the echo, and the adaptive
filter estimates the room impulse response. The co-
efficients for the fixed filter are transferred from the
adaptive filter when it converges with the adaptive fil-
ter. During double talk, the coefficients of the adaptive
filter may become misadjusted, increasing the mean-
squared error in the adaptive filter. If this occurs, the
filter coefficients of the adaptive filter are not trans-
ferred to the fixed filter. The filter coefficients of the
fixed filter are therefore not updated during double
talk, and the echo canceling level before double talk
begins is maintained.

3.2 Noise reduction (NR)

The noise reduction process is based on a short-time
spectral amplitude (STSA) estimation [6]-[8]. Let s(k)
and n(k) denote the near-end speech and the ambient
noise. The microphone input signal z,(k) is given by
zn(k) = s(k) +n(k). Let S, = |S.|€’?, N, = |[N,|e'¥,
and Zy, = |Za.| €’ denote the spectral components of
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the s(k), n(k), and z,(k), where w is frequency, ¢, 1,
# are phase, and | - | denotes amplitude.

In achieving noise reduction based on STSA estima-
tion, the amplitude of the near-end speech is estimated
as being obtained from |Z,,| by a multiplicative non-
linear gain function Gy, in the frequency domain.

S, =15.1€" = Gnw | Znw| €? (1)

The gain function based on Wiener filtering G is
given by

W E“Swlz] — |an|2_E[|Nw|2] (2)
" E[ISu P+ E[IN. ] | Z ool

where E[|S,|?] and E[|N,|?] denote the ensemble aver-
age of s(k) and n(k).

A noise level estimator (NLE) estimates E[|N,,|?] by
updating the minimum value of the microphone input
|Zow|?. However, ambient noise varies over time, so
estimated E[|N,|?] is not completely correct. When
E[|N,,|?] is estimated to be larger than its real value,
processed signal S, is distorted and speech quality
degrades. Therefore, speech distortion is reduced by
adding a small amount of the untreated input signal to
the output signal obtained by noise reduction [9].

So =1 —a)Zpy + Gy | Zn| €

3)

The added untreated input signal masks distorted com-
ponents of the speech so that speech quality improves
in a poor SNR environment. When the untreated in-
put signal adding ratio (1 — «) is set to 0.2, ambient
noise can theoretically be reduced a maximum amount
of 14dB.

3.3 Echo reduction (ER)

The echo reduction process is also based on STSA es-
timation [10]-[12]. Let z(k) and h denote the received
speech and the echo-path. The spectral components of
the echo y(k) is given by

Y,=H, -X,. (4)
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Figure 3: Physical test arrangements for objective mea-
surements.
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Figure 4: (a) Reverberation curve and (b) frequency
characteristics of the impulse response of the paths be-
tween a loudspeaker S1 to a microphone M1.

The gain function G, for echo reduction can be cal-
culated by transposing the ensemble average of noise
E[|N,|?] to the value of residual echo E[|Y,|?] in
Eq. (2). Hence, the echo level calculator (ELC) esti-
mates the ensemble of the residual echo used by the
spectral components of the received speech and the
acoustic coupling as follows.

E[|Y, "] = E[|Ho|*]-| Xo|* + B-E[[Y 7] (5)

By adding the value E[|Y,f~!|?] in the previous process-
ing frame recursively, when reverberation time is longer
than the length of the processing frame, the ensemble
of the residual echo E[|Y,,|?] can be estimated correctly.
The acoustic coupling estimator (ACE) in Fig. 2 esti-
mates E[|H,,|?] by updating the minimum value of the
ratio of the received speech | X, |? and the microphone
input | Ze, |2, where acoustic coupling E[|H,,|?] includes
a linear canceling process by ECF in addition to a real
acoustic echo-path.

Furthermore, to improve the subjective performance,
the desired echo-return loss is set on the basis of sub-
jective auditory characteristics [13].

4 Evaluation

4.1 Conditions

We connected D/A and A/D converters to the aux-
iliary input and output, and used a combination of di-
rectly input and electro acoustically reproduced digi-
tized speech to test the performance of the terminal.
Fig. 3 shows physical test arrangements for objective
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Figure 5: Received speech signal z(k).
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Figure 6: Near-end speech signal nes(k).
measurements. M1 and S1 represented the near-end

microphone and loudspeaker, and loudspeaker S2 sim-
ulated the near-end talker. The loudspeaker and mi-
crophone levels were as prescribed by ITU Recommen-
dation P. 34 [14]. Fig. 4 shows reverberation curve
and frequency characteristics of the impulse response
of the paths between loudspeaker S1 to microphone M1.
The reverberation time in the test room was about 250
msec. All speech was in Japanese and the ambient noise
was white and at about 55 dBA. Fig. 5 and Fig. 6 show
the received speech and the near-end speech.

4.2 Results

Fig. 7 shows the microphone input signal. During
the whole period, the microphones are picking up the
ambient noise. The waveform in period “A” shows
echo-signal during a single-talk situation when the mi-
crophones are picking up the echo of the received signal
from the far-end terminal. That in period “B” shows
sent-signal during a single-talk situation where the mi-
crophones are picking up the near-end speech. In pe-
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Figure 7: Microphone input signal z(k). Period A:
echo-signal during single-talk situation, Period B: sent-
signal during single-talk situation, Period C: double-
talk situation.
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Figure 8: Line-output signal: signal of Fig. 7 after
processing by proposed terminal.

riod “C” a double-talk situation is shown, where the
microphones pick up both an echo of the far-end sig-
nal and near-end speech. Fig. 8 shows a line-output
signal. The echo in the period “A” has been almost
completely eliminated and the ambient noise has been
greatly reduced over the whole period. The echo level
is suppressed by 40 dB or more and the noise level is
reduced by about 15 dB. The near-end speech was only
slightly distorted and the subjective quality was good.

5 Conclusion

We have developed an audio teleconferencing termi-
nal with noise and echo reduction capabilities. Evalu-
ation of this terminal shows that it is effective in sup-
pressing echo and reducing noise.
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