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ABSTRACT analysis of the recorded speech and subsequently, the ex-

In recent years, several multichannel speech dereverberacitation sequence, or the LP residual, can be obtained by
tion algorithms have been proposed based on the enhanceénverse filtering the speech waveform [4, 5].
ment of the Linear Prediction (LP) residual signal. In com- The motivation for the proposed methods is the observa-
mon, they rely on the observation that in reverberant con-tion that in reverberant environments, the LP residual con-
ditions the LP residual contains the original excitation im- tains the original impulses followed by several other peaks
pulses followed by several other peaks due to reverberationdue to multi-path reflections. Furthermore, an important
Moreover, they rely on the important assumption that the assumption is made that the predictor coefficients obtained
calculated coefficients of the all-pole filter are unaffected from the LP analysis are unaffected by reverberation. Con-
by the multi-path effects of the room. sequently, dereverberation is achieved by attenuating the

In this paper, we suggest that this latter assumption peaks in the excitation sequence due to multi-path reflec-
holds only in a spatially averaged sense, and that it can nottions and synthesizing the enhanced speech waveform using
be guaranteed at a single point in space for a given room.the modified LP residual and the time-varying all-pole filter
Consequently, we present experimental results to demon-with coefficients calculated from the reverberant speech.
strate that an average of the predictor coefficients obtained To the best of our knowledge, the effects of reverbera-
from spatially distributed microphones can greatly improve tion on the LP coefficients have not been studied explicitly.
the performance of dereverberation algorithms based on LPHowever, the validity of the assumption of the pole equiv-
residual processing compared to those using coefficientsalence for all-pole filters obtained from LP analysis is vital

from a single channel. in the dereverberation algorithms based on LP residual en-
hancement. Therefore, we believe there is a need for a com-
1. INTRODUCTION parative study of the LP coefficients obtained from clean

and reverberated speech.

The quality of speech recorded in enclosed spaces is de- The remainder of this paper is organized as follows.
graded by reverberation due to sound wave reflections fromSection 2 provides a theoretical problem formulation for a
surrounding walls and objects. Moreover, the severity of single and for multiple microphones. Section 3 describes
the quality degradation is magnified as the distance betweerthe set of simulation experiments conducted and presents
speaker and microphone increases. Therefore, dereverberdhe results. Finally, in Section 4 conclusions are made about
tion of recorded speech is vital for the enhancement of per-the use of LP residual processing for dereverberation of
ceived speech quality and for tasks such as speech recognispeech based on our current results.
tion and speaker verification in “hands-free” telephony ap-
plications. . . 2. PROBLEM FORMULATION

Recently, several dereverberation algorithms based on
the source—fillter speech production model have. been pro-, 1 | p residual processing - single microphone
posed by various authors [1, 2, 3]. The source-filter model
describes speech production in terms of an excitation se-We consider a clean speech signdh), produced in a re-
guence exciting a time-varying all-pole filter. The excita- verberant room. The signal received by a microphone is
tion sequence consists of random noise for unvoiced speech:(n) = h(n) * s(n) whereh(n) is the room impulse re-
and quasi-periodic pulses for voiced speech, while the fil- sponse relative to the source and microphone position, and
ter models the human vocal tract. The all-pole filter co- * denotes convolution.
efficients can be estimated through Linear Predictive (LP) Furthermore, applying LP analysis, a speech signal can
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be expressed as a linear combination ofpitsast sample  Gillespie et. al. [1], where the kurtosis of the LP residual

values. The clean and the reverberant speech then becomés shown to be a valid reverberation metric. Consequently,

respectively, they apply an adaptive filter maximizing the kurtosis of the
excitation sequence. This filter is duplicated and applied to

- the speech signal directly, thus avoiding reliance on the LP
s(n) =— ; axs(n — k) + es(n), (1) coefficient equivalence assumption. This method is also ex-
- tended to multiple channels where each channel is treated
P individually.
z(n) ==Y bra(n — k) + ex(n), )
k=1

2.2. LP residual processing - multiple microphones
wherea andb, are the corresponding LP coefficients and ] o )

es(n) ande,(n) are, respectively, the clean and the rever- APPIying statistical room acoustic (SRA) theory [6] we are
berant prediction error signals or LP residuals. In general, a0l€ to show that the spatially expected values of the predic-
the LP coefficients are obtained by minimizing the total sum tor coefficients obtained from reverberant speech are equiv-
of the squared prediction error with respect to each of the &l€nt to those obtained from clean speech [7], i.e.
coefficients and form the analysis and synthesis filters [5]

E{b;@} = ag, (6)
p
A(z) =1+ Z apz"", (3) where E{-} denotes the expectation taken over space. Sig-
k=1 nificantly, this equivalence is only true if one takes expec-
tation over a spatial region, it is not true at a single point
Az) = L (4) in space. The discussion in Section 2.1 can be extended
A(z) into multiple channels with/ microphones so that the

The source-filter model links the linear prediction to speech speech signal captured at thé" microphone ist,,,(n) =
signals. The LP residual represents the excitation sequencém (1) * s(n), whereh,,(n) is the room impulse response
and the filterA(z) accounts for the vocal tract effects [4]. relative to then" microphone.
Inversely, the LP residual is found by inverse filtering the Consequently, an enhanced speech signal can be ob-
speech signal. As it was mentioned earlier, the LP resid-tained from them!" sensor with an enhanced LP residual
ual from reverberant speech contains the original excitationin terms of its LP coefficients as
impulses and other significant peaks due to reverberation. »

Several speech_dere_verberatlo_n methods have been pro- 3(n) = — Z E{bi}zm(n — k) + ém(n). @)
posed recently, which aim to obtain an enhanced LP resid- —
ual, é(n) so thaté(n) = es;(n). Moreover, these algorithms
assume that the LP coefficients are unaffected by multi-pathThis result suggests that an averaged value of the coeffi-
reflections, such that, = bs, and can thus obtain a clean cients obtained from\/ spatially distributed microphones

speech estimaté(n), from the microphone signal as will provide a value similar to that of the coefficients ob-
tained from clean speech. However, it also implies that, in

A P . accordance with SRA, this equivalence can not be guaran-
8(n) =~ Z bpa(n — k) + é(n) ®) teed at a single point in space of a reverberant room.
k=1
Griebel and Brandstein [2] use a multichannel approach to 3. EXPERIMENTS AND RESULTS

obtain a rough estimate of the room impulse response for

each channel. They further apply a matched filter type op- We present simulation results to demonstrate the deviation
eration to provide a weighting function for the reverberant of the LP coefficients obtained from reverberant speech
LP residuals of each channel. Finally the enhanced speectirom those obtained form cleans speech and how this devi-
signals are used in a beamforming procedure to provideation is reduced via spatial averaging. Moreover, the advan-
the final estimate of the enhanced speech signal. Yegnatages of using the averaged coefficients are demonstrated
narayana et. al. [3] use Hilbert envelopes to represent thein the context of a speech dereverberation application. For
strength of the peaks in the LP residuals. The Hilbert en- the purpose of the simulation experiments, we assume a
velopes from the individual channels are then time-aligned room of dimensions 4x4x3m. A speaker is situated at co-
and added. The resulting weight vector is applied to the ordinates(1,3,1.5) and an array of\/ = 15 equidistant

LP residuals of one of the channels giving the enhancedmicrophones is positioned along one of the room walls at
excitation sequence. This is finally used to synthesize the([z1,...,2],1,1.5)m. The distance between successive
dereverberated speech. A different approach is proposed bgensors igx,, — x,,—1| = 0.1875m. The reverberation
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Fig. 1. Poles from 15 channels(dots), and the clean speechFig. 2. Averaged poles from 15 channels(crosses) and the
poles(squares). clean speech poles(squares)

time is set taly, = 100ms. We simulate this environment the same frame is shown in Figure 2. ltis appareqt tha_lt the
using finite impulse responses obtained from the Allen and @veraged poles provide a reasonably good approximation of
Berkley source-image model [8]. Synthetic speech sampledthe clean speech poles. .ThIS is again confirmed in Figure 3
at 8kHz, with known pitch period and pole order is used for where the spectra of a single channel, the clean speech and
all simulations. We compute the LP coefficients for each the averaged channels are shown. Together, these results
microphone as well as for the clean speech ugeig or-  validate the result stated in (6).

der LP analysis with 30ms, 50% overlapping frames. These

values coincide with the exact order and pitch period of the of
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Furthermore, we apply a simple averaging scheme for
the poles obtained from the various microphones as follows.
Each channel’s poles are arranged according to their angu-
lar position on the unit circle and corresponding values are
averaged over all channels. If real speech is to be used this
may not be directly applicable since there may be many spu-
rious poles due to inaccurate filter order estimation or e.g.
nasal sounds for which the zeros introduced in the system
are approximated by poles. Therefore, in real applications a
more sophisticated averaging algorithm would be required. ™
Consequently, in this paper we have chosen to present re- -z ‘ ‘ ‘ ‘ ‘ w7
sults based on synthetic speech only since it provides an 0 S0 1000 1800 2000 g 0 0 3o
unbiased view of the situation.

Figure 1 shows the clean speech poles plotted on the z+ig. 3. Spectra for clean speech poles, single microphone
plane together with the poles from the 15 channels for a sin-reverberant speech poles and average poles for reverberant
gle analysis frame. It can be seen that the poles calculatedspeech oveid/ = 15 microphones
from the reverberant speech cluster around those obtained
from clean speech. However, there are cases in most pole Subsequently, we apply the method proposed by Yegna-
positions where some of the poles deviate from the cleannarayana et. al. [3] with the reverberated speech and synthe-
speech value and thus, it can not be guaranteed that the polesize the enhanced LP residual with the LP coefficients from
from a single sensor are a good approximation to the polesa single channel as well as with coefficients from poles av-
of the clean speech. The result of the averaged poles foreraged over all channels. We chose this algorithm since it
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Fig. 4. Synthesized speech with LP residual enhanced withFig. 5. Synthesized speech with clean speech residual and
the method in [3] and poles from the reverberant speech  poles from reverberant speech
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