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Abstract

This paper presents a cabin car communication system (CCCS) to improve the communication among passengers inside a car. Noise, distance between speakers and many other factors make difficult to maintain a conversation inside a car. The CCCS picks up the speech of each passenger, amplifies it, and uses the car loudspeaker system to return it into the cabin. Two problems arise when designing a CCCS; the electro-acoustic coupling between loudspeakers and microphones, and the amplification of the inside car noise. As a result of the first problem, the system may become unstable. To maintain the stability of the system, the CCCS makes use of a robust acoustic echo cancellation scheme based on system identification and a Wiener echo suppressor. Using a noise reduction system based on Wiener filtering reduces second problem, noise amplification. Experimental results showing the performance of the system in terms of acoustic echo and noise reduction and speech reinforce are presented. A system with 2-input/2-output channels has been built on a DSP board for medium size cars and minivan vehicles.

1. Introduction

Communication inside a car can be difficult due to many factors (engine, road and wind noise, distance, music...). As a solution, Cabin Car Communication System (CCCS) uses a set of microphones to pick up the speech of each passenger, amplifies it and plays it back through the car audio loudspeakers system to reinforce the passenger voice. This solution presents two main problems: The first one is the appearance of acoustic echo and the risk of instability because of the electro-acoustic coupling between loudspeakers and microphones. The second one is the increase of the noise level inside the car as background noise is always present in the microphone signal and it’s amplified by the system. To overcome the acoustic echo problem CCCS has a traditional acoustic echo canceller. A challenge of this system is that along with the echo, there is always the speech of the passenger, that is, in this system there is always double-talk. Because of the double-talk, echo reduction performed by the acoustic echo canceller alone is not enough and we must reduce residual echo after it by means of an echo suppression filter. An optimal Wiener solution is adopted to design this filter. The other challenging task of the system is to reduce the noise in the microphone signal to improve the SNR of the output signal. This improvement  is  performed  by  means  of  another Wiener  filter
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Figure 1. Diagram of a cabin car communication system.

placed after the echo suppression filter. 

An important restriction of the system is that the overall delay must stay below some limits to achieve full integration of the sound coming from the loudspeaker and the sound coming from the direct path [1].

After describing each part of the system in the next section, a discussion about the way both Wiener filters are computed is shown in section 3 and some simulation results can be found in section 4.

2. DESCrIPTION OF THE cabin car communication system

A minimum CCCS is composed of at least two channels. One channel must take the speech of the front passengers to the rear seats and the other one must take the speech of the passengers of the rear seats to the front part of the car. As can be seen in figure 1, the system has to identify four acoustic echo paths, and there are two amplification channels with an echo suppression and noise reduction filter. To highlight the computation and performance of the echo cancellation and noise reduction system clearer, in this paper, a one-channel system is used. 

Figure 2 shows a block diagram of a one-channel system. The system requires an amplification block with gain K, and must perform two tasks, echo cancellation and noise reduction. The echo cancellation task is performed in two stages; the first one is a traditional acoustic echo cancellation system, which is composed of an adaptive filter 
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 in parallel with the echo path h(n). This adaptive filter has an FIR structure and uses a Normalized LMS algorithm to update its coefficients. The second  stage  is  a  Wiener  filter  We(ej() which must reduce the 
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Figure 2.Block Diagram of the one-channel oral communication system.

residual echo after the echo canceller and will be explained in more detail in section 3 along with the noise reduction filter Wn(ej(). 

When the Noise Reduction Filter is deactivated, the transfer function of the system in figure 2 between the input signal s(n) and the output signal o(n) in absence of background noise as described in [2] is,
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If the echo canceller would match the impulse response of the echo path 
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 the stability of the system would be ensured, but this situation will never occur because of two reasons:

a) The length of the impulse response of the echo path will always be longer than the length of the adaptive filter.

b) The misadjustment between the impulse response of the adaptive filter and the impulse response of the echo path will be high because of the double-talk, always present in this system.

Due to that, after the echo canceller there will always be some residual echo, r(n) and it will be needed another filter to reduce it, the Echo Suppression Filter We(ej(). Assuming stationarity on short periods of time, an optimal Wiener filter solution is adopted. The optimal Wiener solution depends on the power spectral densities of the error signal e(n), Se(ejk), and the residual echo signal r(n), Sr(ej,k), for the k-th stationary segment. Assuming that the residual echo and the speech signal s(n) are almost uncorrelated due to the delay of the system [2], the filter can be expressed as
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(2)

The second task of the system is to reduce the background noise present in the microphone signal. To achieve this goal, this system uses another Wiener filter after the Echo Suppression Filter which depends on the power spectral densities of the background noise b(n), Sb(ejk), and the output signal of the Echo Suppression Filter y(n), Sy(ej,k),



[image: image7.wmf])

k

,

j

e

(

n

H

1

)

k

,

j

e

(

y

S

)

k

,

j

e

(

b

S

1

)

k

,

j

e

(

n

W

w

-

=

w

w

-

=

w


(3)

assuming that the background noise is uncorrelated with the speech signal.

3. power spectral densities estimations

To obtain the expressions of both Wiener filters, We(ej(,k) and Wn(ej(,k) the knowledge of the power spectral densities (PSD) of four signals e(n), y(n), r(n) and b(n) is needed. Only one of them is directly accessible, e(n). To estimate the PSD, periodogram estimations are used over 16 ms frames and a Mel scale frequency smoothing is performed to reduce musical noise effects. 

3.1. Residual Echo Power Spectral Density

The estimation of the echo suppression Wiener filter, eq. (2), needs the estimation of the PSD of the residual echo Sr(ej,k). However, this signal is not directly accessible. The PSD estimation is performed by interpreting the filter He(ej,k) in eq. (2) as a Wiener filter to estimate the residual echo signal. In this way, an estimation of the residual echo PSD can be obtained from the error signal e(n) using the following relationship
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(4)

where 0((e(1 as a bias term that avoids the clipping of any frequency to 0 while we recursively compute the PSD of the residual echo and 
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is the PSD estimation of the error signal. Afterwards, an exponential time average is performed with a forgetting factor (e.
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(5)

The value of (e will be discussed in section 4 when presenting the simulation results. This time smoothing tries to improve the estimation of the PSD of the residual echo because it has longer time correlation than the speech signal as it passes through the echo path. 

3.2. Background Noise Power Spectral Density

The estimation of the noise reduction Wiener filter, eq. (3), needs the estimation of the PSD of the background noise Sb(ej,k). As, this signal is not directly accessible, the estimation of the PSD is performed in a similar way as used for the residual echo estimation. Interpreting Hn(ej,k) in eq. (3) as a Wiener filter to estimate the background noise signal, the PSD of the background noise can be estimated from an estimation of the PSD of the output signal of the echo suppression filter, y(n), using the following relationships:

· perform a first estimation of the PSD of the signal y(n)
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where 
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 is defined in eq. (4).

· perform a time average to reduce the variance of the estimation,
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· estimate the PSD of the background noise as,
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(8)

where 0((n(1 is the bias term.

· Finally, a time average is performed with a long time constant. Because the statistics of the background noise change very slowly over time, forgetting factors (n close to 1 should be used,
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(9)
4. simulation results AND IMPLEMENTATION

The CCCS was evaluated using the setup shown in figure 3 to measure its performance. The purpose of this evaluation is to measure the ability of the designed system to cancel the undesired acoustic echo, reduce the annoying background noise and also to know the speech reinforce achieved with the CCCS. The indexes presented here were obtained during double-talk periods using 30 ms long blocks, with a 75 ms real impulse response for the acoustic echo path, h(n), measured in a car. The length of the acoustic echo canceller FIR filter, 
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, is 50 ms. The echo suppression and the noise reduction filters are updated every 4 ms with a window size of 16 ms.

The acoustic echo reduction is measured using the Echo Return Loss Enhancement (ERLE) defined as
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(10)

which is the ratio of the acoustic echo power and the residual echo power.

To obtain the background noise reduction, the segmental signal to noise ratio improvement ((SNR) is used
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where SNRo(k) is the output signal to noise ratio for the 
k-th 30 ms frame
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(12)
and SNRi(k) is the input signal to noise ratio for the k-th frame
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An index that tells about how far is the system from becoming unstable is the Stability Margin (SM). To compute the Stability Margin we must define the Open Loop Echo Gain (OLEG) first. It measures the gain of the system if the loop is open and considering only the echo signal.
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Figure 3.Simulation setup for performance measure.

Without any kind of acoustic echo control (ERLE=0dB), the maximum value of the gain that ensures stability for the impulse response used in the simulations is K=0.4 and the maximum Open Loop Echo Gain is OLEGmax=20log10(0.4)=-7.9588 dB. The Stability Margin (SM) is defined as


SM=OLEGmax-OLEG
(15)

The nearer this value is to cero, the closer is the system to start howling and become unstable.

Finally, we define the Speech Reinforce (SR) as the ratio of the speech signal power gain and the maximum reinforce obtained without the echo and noise cancellers.
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Figure 4. Speech Reinforce and Stability Margin  vs. gain K

Figure 4 shows the evolution of the Stability Margin and the Speech Reinforce over different values of the gain K. It is possible to use gain values of 7.5 (SR of 19 dB) with a Stability Margin greater than 1.5 dB.

Figure 5 shows the evolution of the ERLE with and without the Echo Suppression Filter. Note that using the combined system the ERLE is about 10 dB higher than the values obtained using only the traditional acoustic echo canceller.
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Figure 5. ERLECW: ERLE combined system, ERLEC: ERLE echo canceller alone.

4.1. Echo Suppression Filter performance

The forgetting factor, (e, in eq. (5) plays an important role on the estimation of the PSD of the residual echo. If this value is too low we will not achieve enough echo reduction and if it is too high the signal will be too distorted even though the ERLE will be very high. Defining the time constant as 
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, values of (e equivalent to time constants between 10 ms and 30 ms are the best ones as we can see in figure 6 where the evolution of the ERLE plus the Speech Reinforce over different values of the time constant is shown along with the Itakura distance between s(n) and x(n) as a measure of distortion. Notice that ideally, any  parameter must be set to maximize ERLE and Speech Reinforce, minimizing the distortion.

Another important parameter for the performance of the echo suppression filter is the bias term (e in eq. (4). The variation of the ERLE plus the Speech Reinforce over different values of (e  presented in Figure 7 shows that this parameter should be around 0.3 to achive the maximum ERLE and Speech Reinforce with small distortion in the speech signal.
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Figure 6. ERLE+SR & Itakura distance evolution over different values of (e. The gain K is set to 2.
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Figure 7. ERLE+SR & Itakura distance evolution over different values of (e. The gain K is set to 2.

4.2. Noise Suppression Filter performance

To avoid the use of a voice activity detector, the estimation of the PSD of the background noise is performed every frame (4 ms) by using a forgetting factor, (n in eq. (9), close to 1. To be precise a value of 0.995, equivalent to a time constant of 800 ms, is used. The bias term (n in eq. (8) is set to 0.3. The segmental signal to noise ratio improvement over different values of the input SNR has no significant variation. (SNR is between 8 dB and 10 dB for input SNR between 0 dB and 30 dB. This measure is obtained over voiced segments in s(n) and using real car noise. In silence frames the noise attenuation is greater than 25 dB. 

4.3. Two Channel Implementation

A two channel CCCS system based on the block diagram shown in figure 1 has been built on a DSP board based on two ADSP-21060 SHARC. The CCCS has been mounted and tested preliminarily in a medium size car and in a minivan vehicle. The speech bandwidth is 7.5 kHz. The gain K is controlled by the user and by the speed of the vehicle. The CCCS is also used as hands free system for a mobile telephone where all the passengers can hear and speak with the far end speaker. The CCCS uses the car audio system to output the reinforced speech signal. Four directional microphones are mounted on the overhead of the cabin to pick up the speech of each passenger. An increase of 10 dBA in sound pressure level has been measured at 50 cm far form the loudspeaker in a normal conversation. The CCCS system is robust enough to allow passengers to open windows and doors while the system is working without becoming unstable or howling.

5. CONCLUSIONS

A one channel CCCS able to improve communications inside a car has been presented and studied. The system achieves speech reinforces of 20 dB maintaining the stability in a permanent double-talk situation. It has been shown that echo control by means of a traditional echo canceller only is not enough and that this kind of system needs an echo suppression filter to maintain stability with an acceptable speech reinforce. An improvement in the SNR of the microphone signal is also needed as the noise present in this signal is amplified by the system and returned inside the car. A two channel system has been built in a medium-size car and in a minivan giving good performance in terms of speech reinforce and stability against unexpected changes in the cabin (passengers movements, windows or doors opening,…).
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