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ABSTRACT: In this paper, performance of a dual particle-number Rao-Blackwellized particle filter (RBPF) for speech
enhancement is evaluated. Speech is corrupted by additive white, colored and real industrial noises that degrade its
intelligibility. The performance indexes are: Quality of the processed speech scored by PESQ and computation time. The
simulation results indicate that the RBPF methods outperform some well known Kalman based algorithms in the cost of more
computation time. The weakness, then, is overcome by the dual particle-number RBPF that saves the quality of the processed
speech while reduces remarkably the computation time.
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1. Introduction

Processing of speech signal that has been degraded by additive background noise is of a great interest in variety of contexts.
Speech enhancement aims at estimating clean speech, given noisy signal. Enhancement techniques are classified into single
and multi channel categories. Single channel techniques are the most common real-time methods, since the second channel is
not available in most of the applications, e.g. internet communication, speech recognition systems, and the case of speech-
passing noise-cancelling headset.

Implementations of single channel systems are easy and less expensive than the multiple channel systems. However, because
of the unavailability of the noise statistics, their algorithms are complicated and suffer from high computation cost and complexity.

Single channel speech enhancement algorithms can be roughly divided into three groups: spectral subtraction, sub-space
analysis and filtering algorithms. The spectral subtraction approaches are straightforward and easy to implement [1]. However,
they produce an audible distortion known as “ringing”. Sub-space analysis operates in the autocorrelation domain, where the
speech and noise components can be assumed to be orthogonal, whereby their contributions can be readily separated.
Unfortunately, estimating the orthogonal components consumes high computation. Moreover, the orthogonality assumption is
difficult to motivate.

Filtering algorithms may be implemented in time-domain, frequency domain or even jointed domains. Their main attempts are
removing the noise component (Wiener) or estimate the noise and speech components (Kalman, Particle). The original Kalman
filter provides a minimum mean-squared error (MMSE) estimate of the clean speech if the assumed noise is Gaussian [2]. There
have been numerous studies involving the enhancement of white noise corrupted speech [2, 3], however, in real world, colored



   160                       Journal of  E- Technology   Volume  2   Number  4    November  2011

noise assumption has been proved to be very effective for speech enhancement [4, 5]. In addition, for enhancing the performance,
filtering methods have been equipped with various Expectation Maximization (EM) parameter estimation algorithms.  Iterative
Kalman [5], Kalman-EM-iterative (KEMI) and Kalman-gradient descent-sequential (KGDS) algorithm [6] are among them.

In case of non Gaussian noise or nonlinear model assumption, the particle filters may be implemented for speech enhancement.
PF requires very few assumptions about the noise Power Density Function (PDF) compared to what Kalman filter family
requires.

Filtering type approaches generally require AR model parameters of the degraded speech signal. AR model exploits the local
correlations in a time series by forming the prediction of the current sample as a linear combination of the immediately preceding
samples. The readily available choice may be to draw the noise statistics from silent periods and speech model parameters from
noisy speech periods. One of the EM parameter estimation algorithms accompanied with RBPF has been described in [8]. In the
algorithm presented in [7], speech and noise parameters are estimated by particle method and the state of the presumed linear
Gaussian model is estimated by Kalman approach.

In this paper, dual particle-number RBPF is proposed that impressively reduces the computation cost and complexity. The
results are assessed in comparison with the outcome of several well known Kalman and particle filter families of algorithms for
speech enhancement such as: iterative Kalman filter, sequential and iterative Kalman filters, RBPF and constraint RBPF. White,
colored and real industrial noise (drill) corrupted speech samples are adopted for assessment of the algorithm. Two indexes are
considered: quality of the enhanced speech and computation time. The quality of the enhanced speech is exhibited by the PESQ
score. The results show that in case of white and colored computer generated noise, the proposed method performance is similar
to the original RBPF while the computation time has been dropped significantly. This is due to the provision embedded into the
algorithm that assigns different particle number to the silent and the speech segments of the signal.

This paper is organized as follows.  Speech and noise models are presented in section 2. Two variations of Kalman filter
developed especially for speech enhancement are described in section 3.  In section 4, PBRFs are detailed and in section 5 the
proposed dual particle-number RBPF is elaborated. Section 6 evaluates the algorithm performance and finally conclusion comes
in section 7.

2. Speech and Noise model

The autoregressive (AR) model is popular for audio signals. This model exploits the local correlation in a time series by forming
the prediction of the current sample as a linear combination of the immediately preceding samples. The speech AR model is as
follows:

S(n) =             ak s(n - k) + w(n)Σk=1
p (1)

where s(n) is the clean speech signal, α is the AR parameters, p is the model order and w(n) is a zero mean, white Gaussian
excitation noise with variance σw. We may incorporate the more detailed voiced speech model in which the excitation process is
composed of a weighted linear combination of an impulse train and a white noise sequence to represent voiced and unvoiced
speech, respectively. However, this approach did not yield any significant performance improvements over the standard LPC
modeling [6].

The source sequence is then contaminated by zero mean additive Gaussian noise v(n), which is either white or colored but
independent of w(n).

y(n) = s(n) + v(n) (2)

The canonical state-space model of s(n) and y(n) are as follows,

xs(n) = [s(n - p + 1) s(n - p + 2)...s(n)]T
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…

s(n) = [ 0  ...  0   1] xs(n) (3)

It can be written as:
xs(n) = As xs(n - 1) + Gs w(n)

s(n) = Cs xs(n)

y(n) = Cs xs(n) + v(n)

v(n) =           bι  n(n - l) + u(n)

where m is the noise AR order and u(n) is a zero mean Gaussian noise not correlated with w(n).  It is assumed that the noise is
wide sense stationary and is adequately described by the AR (q) model.

Xn(n) = An xn(n - 1) + Gn u(n)

v(n) = Cn xn(n)

By adjoining the states in (3) and (5) the augmented system has the form,

xt(n) = At xt(n -1) + Gt v(n)

y(n) = Ct xt(n)

where xt(n) = [xs(n) xn(n)]’ and the augmented matrices are:
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3. Kalman Filter Type

Kalman filtering belongs to the group of parametric methods of filtering. It is classified into two main categories: time domain and
frequency domain. Most studies focused on the time domain Kalman filter. In the time domain Kalman filtering of speech signal,
signal is segmented into 20-40 ms frames. Then, AR coefficients are extracted for each frame. In a single channel system,
estimation of speech and noise model parameters is drawn from noisy speech frames. Kalman filter requires measurement noise
variance that has to be a priori known.

3.1 Iterative Kalman Filter in Speech Enhancement
In [5], the main method of iterative Kalman filter referred to as scalar Kalman filter is described. Noise is wide sense stationary
and it is assumed to be adequately described by the AR(q) model (5). Augmented state space is obtained as (6). This is the so-
called, noise-free measurements problem in the estimation literature.  In case that (6) is linear and noise PDF is Gaussian, the
optimal estimate of the states is given by the Kalman solution. The Kalman state and time update equations are as follows:

(4)

Σι = 1
m

(5)

(6)

(7)

(8)
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(9)

where K(n) is a Kalman gain vector, P(n|n-1) is a priori error covariance matrix and P(n) is an error covariance matrix. As
equations show, knowledge of the noises’ statistics is required for acceptable performance of the algorithm. It must be noted
here that Kalman filter offers an optimal estimate when the system parameters are known, so that, it is important that the system
matrices At, Gt and Ct and especially noise intensity, Qt to be modeled as accurate as possible.

Iterative Kalman filter algorithm is initialized by segmenting the speech into (20-40 ms) frames, then, observation noise is
estimated from the energy of silence frames within noisy speech signal. There are also other methods that may be used for the
estimation of measurement noise required by Kalman approaches [15].

After first round of filtering, the enhanced speech obtained enters the second round of signal clean up. In each iteration
observation and excitation noises STD’s must be calculated. Output of the approach shows better SEG-SNR than what a single
round filtering yields but the quality is unnatural. For improving naturalness, at the end of each iteration, a low amplitude white
noise is added to the enhanced speech signal. This improves the intelligibility. 3 or 2 iterations are shown to be adequate for
attaining optimum quality.

In [4], a similar algorithm is proposed where the extended Kalman filter algorithm is used for the estimation of the noise and clean
speech statistics. The noise may also be non-stationary. In each frame, transition matrix (At) is calculated sample by sample as
follows:

At (n) = At (n - 1) - K(n) Ct

However, simulation results show no more improvement with respect to the previous method.

3.2 Iterative and Sequential Kalman Filter in Speech Enhancement
This algorithm has been proposed in [6] and is similar to [5]. In each frame augmented Kalman filtering is applied for the removal
of noise from the degraded speech signal. Then, an EM method is followed to calculate more accurate parameters. Let γ to be the
vector of the all unknown parameters in the extended model,

^

(11)

(10)

The outcome of the EM is a new estimate, γ for all of the parameters involved. The EM procedure has two main steps: state
estimation and parameter estimation.

State Estimation
State estimation is conducted as follows,

^

γ γ γ γ γ = [αT    gs    β
T    gv ]

α α α α α = [αp    αp-1   ...
   α1]

β β β β β = [βp    βp-1   ...
   β1]

µ µ µ µ µ (t|N)= x(t)

p(t|N)= x(t) xT (t) - x(t) x(t)T

y     = [y(1) y(2) ... y(N)]T

(12)
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where y is the vector of the measured data in the current frame and µ(t|N) is the current state estimate based on y(t), t =1,...,N.
State estimation procedure is the same as in Kalman filter as it is described by (9). Parameter estimation based on the EM method
is guaranteed to converge to the ML estimate of all unknown parameters. By each iteration, the likelihood of the estimate of the
parameters is increased.

Parameter Estimation
In the next step, 2 main parameters are estimated: AR coefficients of the clean speech and the observation noise variance as
follows,

(13)

Where  sp (t - 1) sp   (t - 1) is the upper left p x p sub-matrix x(t) xT(t). Other such as s2(t) is similarly extracted from x(t) xT(t). In [6],
AR coefficients of the colored noise is also obtained by similar equations. Since in this method the signal and noise parameter
estimates are computed separately, the increase in computational complexity is unavoidable but is quite moderate. The iterative-
batch EM algorithm requires the use of an analysis window over which the signal and noise statistics are to be wide sense
stationary.

4. Rao-Blackwellized Particle Filter Type

If the linearity and Gaussian assumptions are not satisfied, alternative state estimation algorithm must be sought. Particle Filters
(PF) constitute a family of solutions to the following general state estimation problem:

xk = f (xk-1,wk )

   zk = g(xk ,vk )

Where xk represents the state vector at instant k, zk is the vector of observations, wk and vk are the process and the observation
noises, f  is a signal transition function and g is a measurement function (both assumed to be known). The goal is to estimate the
state based on all available observations data up to time k. The PFs introduce an approximate recursive solution for very weak
assumptions: f and g may be non-linear, v and w may be non-Gaussian, at the cost of a more computationally expensive
implementation [8]. Computation cost is depended on the AR order and particle number and in some case lag smooth order. The
AR coefficients order increases the matrix dimension. Each particle requires a KF procedure, therefore, If Particle number is
increased, more computational is imposed. If the particle number exceeds its optimum quantity, it may cost divergence of the
algorithm.

The sequential estimation method is based on Mounte-Carlo simulation, which can operate on the broadest range of state-space
formulated problems [7, 9]. A general PF algorithm for speech enhancement has been presented in Table 1.

4.1 Low Cost RBPF Algorithm for Speech Enhancement
Some conditional dependencies between elements of the state vector can be analytically explicated and then there is no need to
draw samples from the entire state space, which leads to RBPF. RBPFs are in practice mostly used when part of the state satisfies
the linear- Gaussian condition. RBPF algorithm for speech enhancement is detailed in Table 2.

The RBPF procedure reduces the variance of the error estimates [16], while, the dimension of the part of the state on which the
PF is running is smaller. Its consequences are surely computation efficiency with respect to the regular PF [5].

• For every k (sample), do the following :

• For every i  {1, 2, ..., N} (Particle)

S (t - 1)= P (t - 1| t - 1) FT (P (t | t - 1)T

   α    α    α    α    α (l -1) = -[          sp (t - 1) sp   (t - 1)]-1                                        sp (t - 1) s(t)

           g(l -1)     =

N
t = 1ΣΣΣΣΣ ΣΣΣΣΣN

t = 1
T^

s [s2(t) + (α     (l + 1))T sp (t - 1) s(t)]ΣΣΣΣΣN
t = 1

1
N

^

T
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Table 1. The general speech enhancement PF algorithm

Table 2. RBPF speech enhancement algorithm

Figure 1. Main steps of the RBPF procedure

Figure 1 shows the RBPF procedure in details. In the initialization step, RBPF assigns random numbers to some variables such
as clean speech AR coefficients, observation noise STD, excitation noise STD. The observation noise variance can be determined
in a plenty of ways, however, here it is estimated once, in the initialization step. To each particle, it is assigned AR coefficients

• For every k (sample), do the following:

• Run a PF on the sub-state xk

• For every i (particle)

• update ( xk| Xk-1,i,Zk)
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that are produced by a Gaussian random number generator. Each random number is multiplied by random walk coefficient to
reduce the risk of instability. Inappropriate AR coefficients may cause algorithms instability, therefore, if the AR coefficients of
a particle is unstable, stability check discards the coefficient and generates new AR ones.

In the beginning of any speech signal, some frames can certainly be assumed to be silent frames. By estimating the additive
noise signal statistics in this step, improving the performance of the speech enhancement method is substantially mounted. In
some methods such as KEM, the noisy speech AR coefficients are used, this impairs the estimation of the observation noise
variance and clean speech characteristics.

The KF update step consists of the KF simple procedure that is applied to each particle. After updating the speech parameters
such as transition matrix, A and observation noise STD, the important weighting procedure is followed that evaluates the
likelihood criteria. The criteria depends on the observation noise STD and Kalman filter gain K(n),

( 0.5* / )1( ) * ep Spw n e
sp

−= (15)

where sp represents the observation noise variance and ep(error) is the difference between the observed and the estimated
signal, x(n) - x(n). Then the normalization is applied on each particle weight.

In the resampling step, particles with high weight score are kept and replicated and low weight particles are discarded.

Finally, the estimated results are stored. In case that a lag smooth scheme has been implemented, it is imposed on the results. The
lag smooth scheme is useful for the reduction of unnatural variation in the processed speech.

4.2 A Constrained Sequential EM RBPF Algorithm
In [8], a Constrained Sequential EM (csEM) RBPF algorithm has been proposed to improve the accuracy of the speech enhancement
algorithm. In the KEM method, an EM is applied to estimate the clean speech and colored noise parameters where there is not
any constraint over the problem model. The csEM, on the other hand, estimates the model parameters recursively with constraints
for some of the parameters. RBPF+csEM employs GAR model where the innovation sequence follows the generalized exponential
distribution, which reflects the non-Gaussian characteristics. GAR model is a non-Gaussian extension of the AR model, where
the same linear model (1) is used but the innovation vt is assumed to be drawn from the generalized exponential distribution with
zero mean.

| |
1

( ; , )
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R

ββ
β −=

Γ

^

(16)

where Γ(.) is the gamma function, 1/β specifies width of the density, and R is the shaping parameter of distribution.

RBPF+csEM is similar to [7] with some changes. In this algorithm: 1) the speech or noise can be non-Gaussian (GAR model), 2)
a Constrained sequential EM step added after KF update to improve the accuracy of the estimate of the parameters, 3) Augmented
state applied is expected to remove colored noise perfectly, 4) the EM algorithm is an iterative method which finds local maxima
of the log-likelihood function, 5) the E-step involves calculating the expected log-likelihood and M-step updates parameters that
maximize the expected complete data log-likelihood.

The updating rules used in EM procedure are referred to as sequential Newton-Raphson EM. The outline of the sequential
speech enhancement method is summarized in Table 3.

Initialization step:
At t =1,
      • Draw particles for clean speech from noisy speech.
        • Set the initial model parameters for clean speech and noise.
        • Initialize EM step.
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For t = 2,...
E step
     • Particle generation.
     • Weight update and normalize.
     • Resampling according to importance weights
     • KF update.Calculation of expected score.
     • Estimation of clean speech.
M step
     • Parameter updating for clean speech and noise.

Table 3.  A constrained sequential EM RBPF speech enhancement algorithm

5. Dual Particle-Number RBPF in Speech Enhancement

To improve the performance and computation cost of the RBPF algorithms the following points should be especially regarded.
In any speech signal, there are silent and spoken segments independent of language and accent.  In standard speech database
such as ITU dataset, 40% length of speech is silent. Silent frame model needs lower particles for accurate parameter estimation
in case of RBPF. By assigning lower particles to the silent frames and higher particle number to the spoken frames, saving in the
computation cost and consumed time is obtained. It also improves the convergence of the algorithm since discards the unemployed
states and does not introduce more parameters than what is actually needed.

However, when noise is added to speech signal, silent portion resembles so much to the spoken section. Spoken frames can be
discriminated by checking frame power and zero crossing.  There are several indexes that may be used in this respect as follows:
1) Spoken frames have high power and low zero crossing against low power-high zero crossing silent frames, 2) Sudden changes
in signal energy indicates the beginning or end to an impulsive noise, 3) The rate of change of the energy of the speech signal
is limited by the inertia of human speech production system. It is widely accepted that the speech signal remains stationary
within 5 to 10 ms segments, thus any quicker change in the speech signal can be attributed to noise, 4) Noise signal tends to be
dominated by high frequency components and is much less autocorrelated than the speech signal.

Voice activity detectors employ such specifications to isolate voiced sections. Here, zeros-crossing and short time energy of
signal is used for silent-spoken frames isolation.

After specifying silent-spoken frames, different particle number is assigned to each type of frames. If a spoken frame is
processed and the next frame is silent, extra particles that are useless equalized to zero. For example, if for a spoken frame 1200
particles have been allocated and the number of particles for silent frames is 250, in this case 950 particles are nullified. This leads
to decrease in computation cost and temporary memory.

6. Simulation and Results

For simulation purposes, ten noisy speech signals consist of 5 male and 5 female pieces of speeches are tested. The clean
speech is from the NOIZEUS database sampled at 8 kHz. Noise types are white, computer generated colored noise and real
industrial drill noise. The frame size is 200 samples, i.e. 25 ms frames and AR order p, is set to 12 for spoken frames.

Assessment of the quality of the processed speech signal is conducted by PESQ measure [13]. PESQ score is in a close match
to the subjective tests score. Its minimum score is 0.5 and its highest point is 4.5, expressing the highest quality. In general case
PESQ is sensitive to signal distortion and additive noise.

Algorithms that have been tried are:
1. IKF where the number of iterations is set to 2.
2. KEM
3. RBPF: Mustiere algorithm
4. csEM RBPF: Park algorithm



       Journal of E- Technology   Volume  2    Number 4    November 2011                              167

where the estimation of the observation noise variance is derived from silent frames.

The results have been depicted in Figure 2. In Figure 2(a), white Gaussian noise has been added to the signal for a wide range
of SNR’s from -5 to 5 db. The results indicate that the Mustiere algorithm supersedes the others. In Figure 2(b), the case of
colored noise is investigated. Again under various SNR’s speech enhancement are tested. What the results exhibit is that again
the Mustiere algorithm is at the top while IKF is relatively close behind. In the third test that the noise is a real drill device noise,
RBPF of Mustiere leads the others in PESQ score following by the PARK algorithm.

What is worth mentioning is that the RBPF based methods can perform well in speech enhancement, however, their computation
cost is higher than their competitors. This is relieved by adopting dual particle-number strategy tested in this research. By
incorporating the idea, the computation cost drops significantly as Table 4 vividly illustrates. The computation elapsed times are
for a 25msec frame.

 mode          AR order       Particle Number        Time(sec)       PESQ
Normal            12                    1200                        110                  1.65
 1                      6                       600                          14                  1.62
 2                      3                       200                          0.7                 1.60

Table 4.The proposed RBPF performance merits

There is a plenty of room for improving the performance of the filtering types of speech enhancement as it has been depicted in
Figure 3. Top belongs to the outcome of Kalman filtering when the noise and speech model parameters and statistics are
assumed known. Reaching to the top needs further investigation in finding more accurate estimation of the model parameters
from noisy speech signal.

Figure 3. Top section exhibits the room for speech enhancement improve-
ment; the ideal case is when the noise and speech model are exact

(a) Input SNR
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(b) Input SNR (c) Input SNR

Figure 2. The PESQ scores of various speech enhancement algorithms in case of (a) white noise, (b)
colored noise, (c) drill noise

7. Conclusion

In this paper, the performance of several filtering algorithms for speech enhancement is evaluated. The algorithms either use 1)
an approximate iterative and sequential EM or 2) RBPF for the model parameter estimation preceding the use of 1) Kalman filter
or 2) RBPF for the state estimation and denoising of the speech signal. White, colored and real industrial noises are tested for
evaluating the performance of the methods. The results show that RBPF methods render better quality than the IKF and KEM,
while the RBPF computation cost exceeds IKF and KEM, substantially. Silent-spoken frames are treated differently in RBPF
methods for the sake of computation saving in the proposed dual particle-number method. By the dual particle- number strategy
for RBPF, its weakness is repaired while its performance remains intact.
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