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ABSTRACT 

In this paper a front-end for handset-free 
telecommunication is presented, which com- 
bines noise reduction and echo attenuation, 
exploiting phenomena of hearing physiology. 
Simple and robust techniques for the adap- 
tation to the speaker render a system which 
can be used in extremely noisy environments 
around 0 dB, which are typical in small vans. 
The implementation in hardware is highly eco- 
nomic because some functions are used com- 
monly for both tasks. 

1 INTRODUCTION 

Handset-free telecommunication facilities for cars 
suffer from low intelligibility due to the long dis- 
tance between the mouth of the local speaker and 
the microphone(s). Thus surrounding noise and the 
speech signal of the far-end speaker, emitted by a 
loudspeaker inside the car, interfere with the local 
speech signal, leading to a low signal-to-noise ratio 
(SNR) and an irritating echo signal on the far-end 
side. 
To obtain a system especially for small vans, which 
is capable to handle an SNR around 0 dB, we de- 
veloped a system using novel speech processing tech- 
niques [10],[3]. For the enhancement of the SNR, we 
propose a noise reduction system, using the spectral 
subtraction method. The required noise reference is 
derived from the signals of a microphone array, pro- 
cessed by the sub-band array method [4]. In contrast 
to other array implementations, e.g. [9], no adaptive 
delay compensation or equalization is needed. 
Instead of the classical echo canceller , a frequency de- 
pendent echo attenuation unit is used to reduce the 
echo of the far-end speaker to a given value. This 
is done because of three disadvantages of the can- 
teller: first, depending on the geometry of the space 
in which the echo is generated, the canceller requires 
a high number of coefficients, in a car typically 64. 
Second, in environments with high noise power the 
adaptation of the coefficients becomes critical. Third, 

the canceller reduces only linear components of the 
echo whereas the transmission path in a van might 
be non-linear. 
The block diagram of the whole system is shown in 
Fig. 1. As the system only needs moderate compu- 
tational power, it was possible to adapt it to run on 
a single Motorola 96002 signal-processor platform in 
real-time. 

Fig. 1: A handset-free front-end with integrated noise 
reduction and echo attenuation 

2 NOISE REDUCTION UNIT 

The front-end of the system is a linear array of three 
microphones mounted on the A column of a car left 
of the driver (left driven car assumed). In Fig. 2 the 
geometry of this array can be seen. 

Fig. 2: Geometry of the linear microphone array 

The three microphone signals 

ri(n) = sli(n) + ni(n) + mi(n), i = 1,2,3 0) 

consist of the speech signal of the local speaker s](n), 
the additive noise n(n) and the monitor signal of the 
far-end speaker m(n). To enhance the coherence of 
the speech signals sii(n), the signals ri(n) are fed 
through an equalizer (see Fig. 3). 
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Fig. 3: Block diagram of the noise reduction unit 

This equalizer is initialized once before the use of 
the handset-free system. For this purpose a person 
must sit inside the car in a normal driving position, 
while only low ambient noise is present. Then he 
must place the handset or a separate microphone near 
his mouth and speak some words. By means of the 
FLMS algorithm [2], the coefficients of the equalizer’s 
three FIR filters are trimmed to match the signals of 
the microphone array to the signal of the reference 
microphone. Thus, the local speech signal sounds 
much less reverberant and the far-end speaker gets 
the impression that the local speaker is not so far 
away. 
The filtered array signals 

Fi(n) = a$i(n) + Ai + *i(n) (2) 

consist of approximate coherent speech signals cii(n) 
of the local speaker, where 

5,1(n) = &2(n) = 43(n), (3) 

as well as of noise signals iii(n) and echo signals 
fii(n), that can be assumed to be uncorrelated, re- 
sulting in 

E {iii(n) - Aj(n)} z 0 

E{rQ(n) .iiLj(n)} x 0 ’ 
i,j = 1,2,3, i # j. (4) 

Expression (3) is only true for short microphone 
distances or low frequencies whereas for Eq. (4) 
large microphone distances or high frequencies are 
required. A good compromise can be obtained using 
the sub-band array processing method [4]. Therefore 
the three signals i;i(n) are transformed into the fre- 
quency domain using the Short Time Fourier ‘IYans- 
form (STFT) [8]. This results in the short time spec- 
tra &(k,l), where k denotes the spectral bin and 
I the block index. The output signals Rl(k,f) and 
Nr(k, I) of the array processor are calculated by 

81 (k 0 + R3(k I) kl I k < kz 
&(k,l) + &(k,1) : kz, I k < ka 
&(k,Z) +&(k,l) , k3 5 k < kq 
0 , elsewhere 

(5) 

h(k,l) - &(k,Z) , ICI I k < kp 

N(k,l) = 
&(k,I)-&(k,Z) , kz<k<ks 
&(k,l)-&(k,l) , k3< k< kq . 
0 3 elsewhere 

(6) 
The constants kl to k4 split the frequency range into 
three relevant band pass regions. The corresponding 
corner frequencies are 312.5 Hz, 750 Hz, 1.625 kHz 
and 3.406 kHz. The two output signals of the array 
processor derive their information from the two fur- 
thest microphones 1 and 3 for low frequencies, from 
the microphones 2 and 3 for middle frequencies and 
from the closest microphones 1 and 2 for high fre- 
quencies. 
The signal Nl(k, 1) can now be used to estimate the 
noise level within Rl(k, 1), as the coherent speech sig- 
nals are subtracted from each other, while the uncor- 
related noise is enhanced up to 3 dB in both output 
signals. In addition, Rl(k, I) has an enhanced speech 
level of 6 dB. 
The advantage of the sub-band array processor tech- 
nique is that an estimate of the noise level is always 
available, so that unstationary noise processes can 
even be handled while the local person speaks. In ad- 
dition, the system is insensitive to movements of the 
local speaker, with no delay compensation or adap- 
tive filtering of the microphone channels required. 
The second component of the noise reduction unit is 
the spectral subtracter with the transfer function 

&+,I) = fGAk,O if %(k,U > b , (7) b elsewhere 

where 
S- (k, 4 &(k,l) = 1 -a(k)- 
s+(hO 

(8) 

represents the filter function for magnitude spectrum 
subtraction [5]. The estimated levels of the corrupted 
speech, S+(k, 1), and noise, S- (k, 1), are derived by a 
low-pass lilter with exponential impulse response 

S+(k,I) = (1 -a). IRl(k,l)j +a.S+(k,Z - 1) (9) 

S-(k,Z) =(l-+]N~(k,Z)]+aS-(k,I-l), (10) 

where a determines the forgetting factor. At sam- 
pling rates of 125 Hz of the down-sampled spectra, 
Q = 0.6 leads to good intelligibility. The oueresti- 
mate weight a(k) has two tasks: first, it compensates 
for the distortion of the channels in which Rl(k,l) 
and Nl(k,l) are calculated, and second, it enhances 
the speech spectrum with respect to the noise [7]. 
To force the transfer function in Eq. (7) to be pos- 
itive, the spectral j&xx b in Eq. (8) is set to b > 0, 
resulting in a transmission path that is never inter- 
rupted. The transfer function HN (k, I) is fed through 
a post-processor, described in section 5, resulting in 
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i!fNp(k, 1), to reduce the occurrence of transient esti- 
mation errors that otherwise can be heard as so called 
musical tones. The output of the spectral subtracter 
is finally given by $(k,l) = HNp(k,l)*Rl(k,Z) which 
is fed into the echo attenuation unit. 

3 ECHO ATTENUATION UNIT 

ERL.E , Gain 4 INFLUENCE OF HEARING PHYSIO- 
Control LOGY 

Mk 0 
4 

From the various effects of hearing physiology, the 
simultaneous masking effect [ll] can best be used 
to enhance the quality of the proposed system. If 
the far end speaker pronounces a loud vowel, he is 
still able to hear a consonant from the local speaker, 
whereas a vowel with spectrum similar to his utter- 
ance would be masked. Using this effect, the fre- 
quency dependent gain control unit compares the in- 
coming spectra and attenuates mainly those spectral 
bins which are masked and thereby inaudible. It 
is possible to achieve even better results when Eqs. 
(11) and (12) are changed to consider the signal to 
mask level &ML(k, 1) that can be derived from the 
MPEG audio codec [l]. If, for example, the far-end 
speaker’s signal is below the mask level for the local 
person SsMLl(k, 1), &(k,Z) may be set to zero with- 
out information loss, allowing the transfer function 
&f(k, I) for the other direction to be set to one. 

Fig. 4: Block diagram of the gain control subsystems 

The echo attenuation unit consists of one gain con- 
trol subsystem for each frequency bin, as shown in 
the block diagram in Fig. 4. They act independently 
from each other, with the exception of the post pro- 
cessing blocks, as described in section 5. 
The transfer functions HEI(k, 1) and HEf(k, 1) for the 
local and the far-end speech signals are given by 

and 

fbr(k,l) = 
if ,JStol<l 

lSi(k,l)I 2 
elsewhere 

(12) 
respectively. The parameters q and Q are chosen in 
such a way that a specified value of the echo return 
loss enhancement (EZUE) is met. 
The post processing blocks have three tasks. First, 
they reduce musical tones, occuring when the transfer 
functions &(k, Z) and &(k, Z) change quickly dur- 
ing double talk situations. Second, due to the over- 
lapping frequency bands of the STFT analysis filter 
banks, &(k, 1) and &(k, 1) interfere with adjacent 
bands HEl(k + i,Z) and HEf(k + i,l), lit 5 i,,,, re- 
spectively, where i,, is in the range from 1 to 3, de- 
pending on the window function used for the STFT. 
To ensure that a desired ERLE is met for all fre- 
quencies, the interference between adjacent bands is 
reduced by an additional attenuation of the transfer 
functions for Ii] 5 i,,. The third and last task of the 

post processors is to reduce the interference between 
successive samples of HEI (k, 1 + j) and H&k, 1 + j). 
This is necessary due to the overlapping windowed 
time slices used by the STFT analysis filter. As the 
effect is comparable to the one described above for 
adjacent frequency bands, the same post processing 
method can be used, when the frequency index k and 
the time index 1 are exchanged. For a Short Time 
Fourier Transform with an FFT length of N = 256 
bins and an overlapping portion of L = 32 samples 
between succeeding frames, j must be considered up 
to fjmax = N/L = 8. 

5 SYNERGY EFFECTS BETWEEN THE 
UNITS 

Combining noise reduction and echo attenuation en- 
hances the intelligibility of the system and leads to 
more efficient use of the hardware resources. 
Both the noise reduction unit and the echo attenu- 
ation unit produce musical tones due to estimation 
errors. The tones can easily be reduced by means 
of median filters, which remove temporal spikes 
within the transfer functions &(k, I), I&(k, 1) and 
&(k,l), respectively [6]. Therefore, the two filters 
for &(k,l) and &l(k,l) can be replaced by a single 
one, when Z& (k, Z) and i&(k, Z) are first multiplied 
and their output is fed into a single median filter. 
As the gain control block interacts with the noise 
reduction unit, a nearly constant echo return loss 
enhancement (ERLE) can be achieved. This leads 
to higher intelligibility for both transmission direc- 
tions. If, for example, &p(k, I) is set to the spec- 
tral floor b < ERLE due to severe interfering noise, 
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the echo attenuation unit may pass both signal di- 
rections without loss. In that situation,-both speak- 
ers can hear each other simultaneously. In addition, 
the transfer function HNp(k,f) of the noise reduc- 
tion unit, the duration of the reverberation within 
the room, and effects of hearing physiology can be 
considered to obtain best results. 
Both noise reduction unit and echo attenuation unit 
are realized in the frequency domain. Thus no ad- 
ditional computation power is needed for the Short 
Time Fourier Transform when the echo attenuation 
unit is added to the noise reduction system. 

6 RESULTS 

In small vans, the signal-to-noise ratio at the output 
of a microphone used for handset-free communication 
may lie below 0 dB, so that communication with the 
far-end customer without any noise reduction tech- 
nique is almost impossible. This has been demon- 
strated using a Siemens C5 telephone with integrated 
handset-free communication facility in a van of the 
type Volkswagen VW LT28. Driving faster than 80 
km/h, no communication was possible, whereas, us- 
ing the described system, a signal-tonoise ratio en- 
hancement in the range of 10 to 12 dB has been mea- 
sured, which improved the intelligibility for the far- 
end customer significantly and made communication 
possible. Furthermore, even double talk was possible. 
The echo return loss enhancement ERLE is a free 
parameter and can easily be set to any desired value. 
In a field test at the Deutsche Telekom AG, an ERLE 
value of 33 dB was selected, so that no audible degra- 
dation of the speech signal and no echo was heard. 
,With ERLE 1 40 dB, the degradation of speech is 
noticeable even in presence of background noise. 
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