Proc. EUSIPCO-98, Vol. I, pp. 105-108, Rhodes, Greece, 08-11 Sep. 1998 1

MULTICHANNEL NOISE REDUCTION –ALGORITHMS AND THEORETICAL LIMITS–

Joerg Bitzer†, Klaus Uwe Simmer‡ and Karl–Dirk Kammeyer† †University of Bremen, FB–1, Dept. of Telecommunications P.O. Box 330 440, D–28334 Bremen, Germany, email: bitzer@comm.uni-bremen.de ‡ Aureca GmbH, Mozartstrasse 26 D-28203 Bremen, Germany, e-mail: uwe.simmer@aureca.com

ABSTRACT

In this contribution we present a theoretical study on the performance of several multichannel noise reduction algorithms. It is known that the magnitude squared coherence (MSC) determines the performance of a class of adaptive algorithms i.e. active noise control or noise reduction with a reference microphone. However, the MSC is not sufficient for performance evaluation of other noise reduction methods like the Generalized Sidelobe Canceller (GSC) or adaptive post–filter techniques. We propose to measure the spatial complex coherence (CC) or normalized cross power spectrum of the sound field and show that it can be used as a much more general tool for performance analysis. First of all, we summarize the results of previous studies and present new results for the performance of the Generalized Sidelobe Canceller (GSC) as a function of the complex coherence. In the second part we examine different noise fields to show theoretical limits of multichannel noise reduction schemes.

1 INTRODUCTION

Noise reduction for hands–free telephones is still a problem for a low signal–to–noise–ratio (SNR). Several noise reduction systems were introduced over the last few years. Multichannel approaches have advantages, especially if the noise has a non–stationary characteristic. In this contribution we will give some formulas to compute theoretical limits for the noise reduction performance of multichannel techniques. Furthermore, we show that the performance only depends on the spatial complex coherence (CC) function of the noise field.

2 PERFORMANCE ANALYSIS

Noise reduction performance is an important feature for speech enhancement systems. In the following we will show that the theoretical limits of the performance of many multichannel solutions can be evaluated by measuring the complex coherence of the noise field.

2.1 Complex Coherence The complex coherence function is defined as

Γ_{X1 X2} (ω) =

P_{X1 X2} (ω) √ P_{X1 X1} (ω)P_{X2 X2} (ω) (1) where P_X denotes cross– or auto–power–spectral– densities. Furthermore, we also use the average complex coherence function of the noise field for all sensor pairs i ≠ j. Γ̄(ω) = 2 N^2 − N N−2∑ i=0 N−1∑ j=i+1 Re {Γ_{ij} (ω)} (2) where N denotes the number of microphones.

2.2 Delay and Sum Beamformer The improvement of the SNR or noise reduction factor NR(ω) of the Delay and Sum beamformer is given by [1] NR_b(ω) = 1 1 N + ( 1 − 1 N ) Γ̄(ω) (3)

The noise reduction depends on the number of microphones and the average real part of the complex coherence. The Delay and Sum Beamformer performs best for small or negative real parts of the coherence.

2.3 Adaptive Post–Filter Assuming that the transfer function of an optimal post– filter can be estimated as

^W (ω) = 2 N^2 − N N−2∑ i=0 N−1∑ j=i+1 Re { X_i(ω)X^∗_j (ω) }

|Y_b(ω)|^2

= 2 N^2 − N N−2∑ i=0 N−1∑ j=i+1 Re { P_{Xij} }

P_{Yb Yb} (4) it can be shown that [2] ^W (ω) = SNR^b(ω) 1 + SNR_b(ω) + NR_b(ω) 1 + SNR_b(ω) Γ̄(ω) (5) where SNR_b(ω) is the signal to noise ratio at the output of the beamformer. The noise reduction performance is NR_w(ω) = 1 ^W^2(ω) (6) The relation to the result for the Delay and Sum Beamformer is obvious. If the Delay and Sum Beamformer works well the adaptive filter is effective for low SNRs.

2.4 Noise Canceller [3] The noise reduction performance of Widrow’s noise cancelling approach is [4] NR_{nc} = 1 1 − |Γ_{Xi Xr} (ω)|^2 (7) where |Γ_{XiXr} (ω)|^2 denotes the magnitude squared coherence function (MSC) between the main input X_i and the reference input channel X_r.

2.5 Generalized Sidelobe Canceller [5] For the special case of a two–channel GSC-structure (see figure 1) we present a new solution for the noise reduction performance in terms of the complex coherence of the noise field. The output of the GSC is given by

Y_o(ω) = Y_b(ω) − H(ω)Y_i(ω) (8)

Minimizing the output power results in H_{opt}(ω) = P_{YiYb} (ω) P_{YiYi} (ω) (9) where P_{Yi Yi} = 2P_{NN} (1 − Re{Γ_{X1X2} }) [6]. The cross– power–spectral–density between the sum Y_b and the difference path Y_i is given by

P_{Yi Yb} = P_{X1 X1} − P_{X2 X2} − P_{X1 X2} + P_{X2 X1} (10)

If we assume that no desired signal is present and that the noise is P_{NN} = P_{X1 X1} = P_{X2 X2} , it follows P_{YiYb} = −P_{X1 X2} + P_{X2 X1} = 2jIm{P_{X1X2} } = 2jP_{NN} Im{Γ_{X1X2} } (11)

The noise reduction factor of the sidelobe-cancelling path is now given by NR_{GSC2} = P_{Yb Yb} (ω) P_{Yb Yb} (ω) − |H_{opt}|^2 P_{YiYi} (ω) (12)

= 1 1 − | | |^{2jPN N Im{ΓX1 X2 (ω)}} 2P_{N N} (1−Re{Γ_{X1 X2} (ω)}) | | |^{2 PN N (1−Re{ΓX1 X2 (ω)})} P_{N N} (1+Re{Γ_{X1 X2} (ω)}) = 1 1 −^{Im}{^{ΓX1X2 (ω)}} 2 1−Re{Γ_{X1X2} (ω)}^2 (13)

Equation 13 shows, that the performance depends on the real and imaginary part of the coherence. The MSC does not provide enough information to predict the noise reduction factor.

Figure 1: Two–channel GSC structure

3 PERFORMANCE LIMITS

In this section we show some analytical limits of multichannel noise reduction systems. We assume that only two channels are available. A completely coherent, an incoherent and a diffuse noise field will be examined.

3.1 Coherent Noise Field Assuming a single noise source in the far field of the sensor array the complex coherence function is given by

Re{Γ_{X1X2} (ω)} = cos ( ω cos(θ)d c ) (14)

Im{Γ_{X1X2} (ω)} = − sin ( ω cos(θ)d c ) (15)

where d denotes the microphone distance, θ the angle of arrival and c the speed of sound.

• Delay and Sum Beamformer: According to equations 3 the noise reduction performance is NR_b(ω) = 2 1 + cos ( ω cos(θ)d c ) (16)

• Adaptive Post–Filter: The adaptive post–filter depends on the SNR at the output of the Delay and Sum Beamformer. But due to these dependencies there is no noise reduction for frequencies with an average coherence Γ̄(ω) = 1.

• Noise Canceller: The magnitude–squared coherence is one and the noise reduction performance reaches ∞.

• GSC: Equation 13 shows that the noise reduction performance is ∞ in the theoretical analysis, but the performance is reduced by practical problems such as finite length filters and sensor noise.

3.2 Incoherent Noise Field The coherence in the incoherent noise field is zero for all frequencies. This may be caused by sensor noise, for example.

• Delay and Sum Beamformer: The noise reduction performance depends only on the number of sensors. This is a well–known property of Delay and Sum Beamformers.

• Adaptive Post–Filter: In this case equation 5 is a Wiener optimal solution, which can have a high noise reduction factor for frequencies with low SNR:

W (ω) = SNR_b(ω) 1 + SNR_b(ω) (17)

• Noise Canceller: For the incoherent noise field there is no capability to suppress noise. The noise reduction is always zero dB.

• GSC: The results for the adaptive part of the GSC are similar, but there is still the noise reduction of the fixed beamformer.

3.3 Diffuse Noise Field In a diffuse noise field the coherence is real valued only and given by Re{Γ_{X1X2} (ω)} = si ( ωd c ) Im{Γ_{X1 X2} (ω)} = 0 (18)

• Delay and Sum Beamformer: For the diffuse noise field the noise reduction performance is the well–known array gain. For low frequencies there is only a very small NR. For higher frequencies the NR in dB is approximately 10 log_{10} N.

• Adaptive Post–Filter: Its performance is quite similar to the Delay and Sum Beamformer; no or only a little NR for low frequencies, but a very good NR performance where Γ̄(ω) is close to zero.

• Noise Canceller: There is a very high potential of noise reduction, but only for low frequencies because of NR_{nc} = 1 1 − si^2 (_{ωd} c ) . (19)

Furthermore, there is a problem with signal cancellation effects due to small amounts of desired signal in the reference sensor.

• GSC: Equation 13 shows that the noise reduction performance is zero dB for all frequencies, since the imaginary part of the complex coherence in the diffuse noise field is zero.

4 SIMULATION

To give some realistic performance measurements we simulated a room with a reverberation time τ_{60} = 400ms according to the image method by Allen and Berkley[7]. The microphone distance is 20cm and the noise source is stationary white Gaussian noise with a direction of arrival of 34 degree. The input SNR is -6dB. Figure 2 shows the real and imaginary part of the complex coherence Γ_{X1 X2} . For this room and this type of noise source the noise reduction performance is depicted in figures 3 to 6. The results show that none of the examined multichannel noise reduction schemes is able to suppress low frequency noise (f <^c_{2d} ), except for the noise canceller approach. However, this structure fails if the desired signal is present, due to signal cancellation.

5 CONCLUSION

In this paper we have presented a theoretical study of several multichannel noise reduction techniques. New formulas for the noise reduction limits of the GSC structure were introduced. The performance analysis shows that no multichannel approach performs well at low frequencies. Furthermore, we found that the complex coherence function is a valuable tool to examine the theoretical limits of this class of noise reduction schemes.

Figure 2: Real and imaginary part of the complex coherence

Figure 3: Noise reduction performance of the Delay and Sum Beamformer

Figure 4: Noise reduction performance of the optimal post–filter

Figure 6: Noise reduction performance of a twomicrophone Generalized Sidelobe Canceller

References

[1] J. Meyer (Bitzer) and K. U. Simmer, “Multi- Channel Speech Enhancement in a Car Environment using Wiener Filtering and Spectral Subtraction,” in Proc. IEEE Int. Conf. on Acoustics, Speech and Signal Proc. (ICASSP), vol. 2, (Munich, Germany), pp. 1167–1170, April 1997.

[2] C. Marro, Y. Mahieux, and K. U. Simmer, “Analysis of Noise Reduction and Dereverberation Techniques Based on Microphone Arrays with Postfiltering,” IEEE Trans. on Speech and Audio Processing, vol. 6, pp. 240–259, May 1998.

Figure 5: Noise reduction performance of the noise canceller with a reference microphone

[3] B. Widrow and S. D. Stearns, Adaptive Signal Processing. Englewood Cliffs, 1985.

[4] M. M. Goulding and J. S. Bird, “Speech Enhancement for Mobile Telephony,” IEEE Trans. on Vehicular Technology, vol. 39, pp. 316–326, Nov 1990.

[5] L. J. Griffiths and C. W. Jim, “An Alternative Approach to Linearly Constrained Adaptive Beamforming,” IEEE Trans. on Antennas Propagation, vol. 30, pp. 27–34, 1982.

[6] J. Meyer (Bitzer), K. U. Simmer, and K. D. Kammeyer, “Comparison of One- and Two-Channel Noise-Estimation Techniques,” in Proc. Int. Workshop on Acoustic Echo and Noise Control, (London, Great Britain), pp. 17–20, September 1997.

[7] J. B. Allen and D. A. Berkley, “Image Method for Efficiently Simulating Small–Room Acoustics,” J. Acoust. Soc. Amer., vol. 65, pp. 943–950, 1979.

[8] S. Fischer, K. D. Kammeyer, and K. U. Simmer:, “Adaptive Microphone Arrays for Speech Enhancement in Coherent and Incoherent Noise Fields,” in Invited talk at the 3rd joint meeting of the Acoustical Society of America and the Acoustical Society of Japan, (Honolulu, Hawaii), December 1996. Abstract published in Journal of the Acoustical Society of America, vol. 100, no. 4 (part 2), p. 2696, October 1996.