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ABSTRACT: This paper describes a new microphone array technique and investigates its effec-
tiveness for speech enhancement. A system structure consisting of a fixed near-field superdirec-
tive beamformer and an adaptive sidelobe canceling path is proposed (NFSD-ASC). The effect of
adding a post-filter is also examined. The system is evaluated in terms of speech quality mea-
sures in the context of a computer workstation in an office environment. The speaker is located
directly in front of the computer monitor at a distance of 60 cm and the array is designed to fit
across the top of a standard 17 inch monitor. The experiments show that the array is effective in
both decreasing the noise level and the amount of signal distortion when compared with standard
near-field superdirectivity and the generalised sidelobe canceler.

INTRODUCTION

With speech processing techniques being increasingly applied in real noise environments, speech en-
hancement is currently an important area of research. Many different enhancement approaches exist,
each taking into account different types of knowledge about the desired signal, such as speech produc-
tion models or spectral content. In this paper, we focus on the use of spatial information to enhance
the desired signal by using a microphone array. Microphone array techniques aliow spatial filtering
of the noisy input, enhancing speech from the desired direction while attenuating noise from all other
directions.

It is well known that standard delay-sum beamforming is not well suited to the task of speech enhance-
ment, and many other techniques have been proposed. Among these, superdirective techniques have
shown promising performance for practically sized microphone arrays (Doerbecker, 1997; Bitzer et al.,
1999). In particular, near-field superdirectivity (Tager, 1998) is well suited to enhancement in the situa-
tion where the desired speaker is located in the array’s near-field.

The current research seeks to build upon standard near-field superdirectivity by incorporating an adap-
tive noise canceling path in the system, similar to the generalised sidelobe canceler structure (Griffiths
and Jim, 1982). The adaptive noise canceler enables the array to adapt to varying noise conditions,
providing additional attenuation to undesired noise sources and leading to lower noise power in the
beamformed output. The use of a suitable post-filter to further enhance the desired signal is also inves-
tigated.

MICROPHONE ARRAY ENHANCEMENT SYSTEM
Microphone Array

The microphone array is the 11 element array shown in Figure 1. It consists of a 9 element broadside
array, with an additional 2 microphones situated directly behind the end microphones. The total array
is 40 cm wide and 15 cm deep, lying in the horizontal plane. The broadside microphones are arranged
according to a standard broadband sub-array design, where different sub-arrays are used for different
frequency ranges. The two endfire microphones are included for use in the low frequency range where
the amplitude difference between sensors is greater and can be exploited by the NFSD algorithm. The
four sub-arrays are thus as follows :

e (f < 1kHz) : microphones 1-11;
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Figure 1: Array Geometry

o (1kHz < f < 2kHz): microphones 1,2, 5, 8 and 9;
o (2kHz < f < 4kHz) : microphones 2, 3, 5, 7 and 8; and

e (4kHz < f < 8 kHz) : microphones 3-7.

Beamforming Technique

Near-field superdirectivity (Tager, 1998) is a beamforming technique that addresses the problem of poor
low frequency performance by compensating for both amplitude and phase differences. The principal
assumption made is that the desired source is situated in the array’s near-field while the dominating noise
sources are located in the far-field, as is generally the case in the chosen application. This assumption
is used in the formulation of a near-field modified expression for the factor of directivity. The NFSD
algorithm is then essentially a constrained optimisation problem, which seeks to calculate a set of linear
array filters which maximise the directivity factor, under

1. alinear constraint of non-distortion of the desired signal;

2. a non-linear constraint of a chosen minimum value for the incoherent noise reduction at each
frequency, G, min(f); and

3. a set of additional linear constraints (zeros in given directions, main lobe width, etc).

The solution is obtained using the Lagrange method, giving the optimal channel filters b; HGE=1,...,N)
(where N is the number of microphones in the array). The technique is fully described in Tager (1998).

While NFSD has been shown to be quite successful in enhancing the desired signal, its formulation
takes no account of the location or frequency characteristics of the noise sources. We therefore seek to
address this limitation by using knowledge of the desired signal’s direction to form a dynamic estimate
of the noise emanating from all other directions. By subtracting this noise estimate from the NFSD
beamformed output, we expect to further reduce the noise level in the enhanced output signal.

To incorporate such a noise-canceling path into the system, we use the adaptive portion of the generai-
ised sidelobe canceler (GSC) structure (Griffiths and Jim, 1982). GSC is a beamforming structure that
can be used to implement a variety of linearly constrained adaptive array processors. It separates the
adaptive beamformer into two main processing paths - a standard fixed beamformer with constraints on
the desired signal, and an adaptive path, which consists of a blocking matrix and a set of FIR filters that
adapt in order to minimise the power at the ouput. The biocking matrix is effectively a bank of narrow-
band beamformers, each having a beampattern that has a nuli in the direction of the desired signal. Its
purpose is to exclude the desired signal from the adaptive path, thus ensuring that the output power
minimisation process does not distort the desired signal. Use of the adaptive sidelobe canceling portion
of the GSC in conjunction with a fixed NFSD beamformer will thus result in lowar noise power than that
obtained using standard NFSD.

A block diagram of the resulting NFSD-ASC beamformer is given in Figure 2. It is assumed that the
inputs have undergone time delay compensation to align the desired signal.
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A further extension to the beamformer is the addition of a post-filter to the system. A thorough study
of the use of post-filters with a filter-sum microphone array was undertaken by Marro et al. (1998), who
showed theoretically how such a post-filter can enhance the performance of the beamformer. The avail-
ability of multi-channet input allows the Wiener filter transfer function to be estimated using a combination
of the auto- and cross-power spectral densities of the filtered input channels. Taking into account the
NFSD channel filters, we estimate the post-filter transfer function as

= (P H{EL St (0]
R{TI T 65D} 2 Eun(f)

where v; is the #*» microphone signal filtered by the array filter b;,(f). The values éuiv,.( f),{respectively
&..4:(f)), are the estimated cross (power) spectral densities of signals v; and v;. The post-filter provides
an additional level of noise adaptation by shaping the output frequency spectrum to enhance the speciral
features of the signal and attenuate those of the noise. This differs from the approach taken by the
adaptive sidelobe canceler, which subtracts a noise estimate from the output signal. Previous work has
shown that optimal use of such a post-filter with a standard NFSD beamformer improves the speech
recognition performance in the given noise environment (McCowan et al., 2000).

EXPERIMENTS AND RESULTS
Experimental Configuration

W(f) = m

The context of the experiments is the computer room shown in Figure 3. Two different sound source
locations were used, these being :

1. the desired speaker situated 60 cm from the centre microphone, directly in front of the array; and

2. alocalised noise source at an angle of 56 degrees and a distance of 2.7 metres from the array.

Impulse responses of the acoustic path between each source and microphone were measured from
recordings made in the room with the array. The multi-channel desired speech and localised noise
microphone inputs were then generated by convolving the speech and noise signals with these impulse
responses. In addition, a real multi-channel background noise recording of normal operating conditions
was made in the room with other workers present. This recording is referred to in the experiments as
the ambient noise signal. It consists mainly of computer noise, a variable level of background speech,
and noise from-an air-conditioning unit.

Speech Quality Assessment

For the desired speech signal, we randomly chose a segment of speech from the TIDIGITS database
corresponding to the digit sequence one-nine-eight-six. This was added to the ambient noise recording
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Figure 3: Experimental Setup

SLNR (dB)
technique 20| 15| 10| 5| of -5
noisy input 94| 87| 73] 4912508
delay-sum 86| 81| 69| 49|25 07
NFSD 103 | 98| 86| 6.4 (38113
NFSD-PF 115110} 98| 75|46 | 2.1
GSC 126 1 11.6 { 103 | 85]6.31 4.0
NFSD-ASC 149141128 107 | 80 | 5.2
NFSD-ASC-PF | 16.7 | 15.8 | 142 | 11.9 | 88 | 5.8

Table 1: Signal to Noise Ratio : localised speech noise and ambient noise

at an average segmental SNR level of 10 dB. In addition, a localised white noise signal was added,
corresponding to the location of the undesired speaker in the diagram. The white noise was added at a
level of approximately 0 dB. The resulting signals are shown graphically in Figure 4. These show that
NFSD-ASC succeeds in reducing the noise level while introducing negligible distortion to the desired
signal.

A set of experiments was conducted in which the localised white noise source was replaced with a
localised speech-like noise source. The ambient noise recording was still present at an SNR fevel of
10 dB. The level of the localised speech noise source was varied, and the signal to noise ratios and
log area ratios for the enhanced output were calculated. Tables 1 and 2 give the resulting objective
quality measures for the different enhancement techniques. Note that the levels in the table headings
indicate the signal to localised noise ratio (SLNR), without taking account of the additional ambient noise,
whereas the results are SNR values that include all noise sources. These results are plotted in Figure 5.

SLNR (dB)

technique

20| 15| 10 5 0| -5
noisy input 3018313336140 (42
delay-sum 29129 (31[35|40]|44
NFSD 29138013235 (40/4.4
NFSD-PF 34135|36|39|44|50
GSC 2324126303540
NFSD-ASC 22 123251293439
NFSD-ASC-PF | 22 | 23|24 | 25 28 34 |

Table 2: Log Area Ratio : localised speech noise and ambient noise
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The results show that the proposed NFSD-ASC is consistently superior to standard GSC, NFSD and
NFSD with the post-filter, in terms of both noise reduction and perceptual distortion. This is clearly visible
in the plots of the resuits in Figure 5. in terms of SNR, the proposed NFSD-ASC technique consistently
provides an improvement of 5 dB over standard NFSD, and 2 dB over standard GSC. The addition of
the post-filter gives an additional 3.5 dB of improvement. Even in highly adverse noise sonditions, the
technique is successful in reducing the noise level with respect to the desired signal.

While SNR is a valuable indication of noise reduction, the log area ratio (LAR) is known to give a better
indication of perceptual intelligibility (Quackenbush et al., 1988). The LAR is an objective measure of the
dissimilarity between the linear predictive coefficients of the original and processed speech signals. It
is seen that the NFSD-ASC and NFSD-ASC-PF give less distortion than all other techniques assessed.
This shows that the noise reduction is achieved without sacrificing the quality or intelligibility of the
desired signal, indicating the success of the adaptive sidelobe cancelling path. Thus we see that while
the NFSD technique offers a similar level of distortion as a standard delay-sum beamformer, NFSD-ASC
succeeds in significantly reducing the perceptual distortion in the enhanced signal.

The addition of the post-filter to NFSD-ASC gives considerable further improvement in terms of both the
SNR and LAR measures. It is interesting to note that the LAR distortion increases with the addition of
the post-filter to NFSD, but decreases slightly for the new NFSD-ASC technique.

CONCLUSIONS

This paper has introduced a new beamforming technique that combines near-field superdirective be-
amforming with an adaptive sidelobe canceler. The new technique is clearly shown to give superior
performance to both NFSD and standard GSC in the experiments which examine the case of a high
degree of office-type noise and a localised speech noise source. Most importantly, as well as providing
significant noise reduction, the proposed NFSD-ASC technique is successful in decreasing the percep-
tual distortion, as measured by the log area ratio, when compared with other beamforming techniques.
The addition of a suitable post-filter has also been shown to further reduce both the noise level and the
perceptual distortion in the enhanced output.
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