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Abstract – During the recent years, there have been many
studies on automatic audio classification and segmentation to
use several features and techniques. The signal recorded at a
microphone in a room incorporates the direct arrival of the
sound from the source as well as the multiple weaker copies
of the same signal that are created by sound reflections off
the room walls. We call it as acoustic. Due to complications
associated with exact tracking of the target in three
dimensional environments, in many applications such as
source localization and speech recognition the reverberate
patterns imposed by the environment are seen as
undesirable. In an auditorium, the common disturbances in
public speech are Noise, Acoustic Echo etc. The MMSE
estimator is one of the algorithms proposed for removal of
additive background noise. It is a single channel speech
enhancement technique for the enhancement of speech
degraded by additive background noise. Background noise
can effect our conversation in a noisy environment like in
streets or in a car, when sending speech from the cockpit of
an airplane to the ground or to the cabin and can effect both
quality and intelligibility of speech. With the passage of time
Spectral subtraction has undergone many modifications.
This is a review paper and its objective is to provide an
overview of MMSE estimator that has been proposed for
enhancement of speech degraded by additive background
noise during past decades.
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I. INTRODUCTION

The term echo cancellation is used in telephony to
describe the process of removing echo from a voice
communication in order to improve voice quality on a
telephone call. In addition to improving subjective quality,
this process increases the capacity achieved through
silence suppression by preventing echo from traveling
across a network. Two sources of echo have primary
relevance in telephony. They are acoustic echo and hybrid
echo. [10]
1.1. Noise PSD (power spectral density)

Noise power spectral density is a biased variance
estimator that controls the bias compensation which is
used to compute the noise power estimate. It turns out that
the variance estimator underestimates the variance by a
factor that is proportional to the data correlation. Since
spectral data from consecutive and considerably
overlapping windows is correlated, noise power
underestimation is observed in this particular case. In the
sequel we start with the analysis of the expectation of an
autoregressive variance estimator for the general case of
correlated data.[14]

1. 2. Key Disturbances in Speech Signals:
a) Disturbances due to Noise:

Any undesirable signal which combines with the
original speech signal is referred to as noise. Noise in the
signal will reduce clarity of speech and create undesirable
effects at the output. Rotating machines, such as fans,
diesel engines, motors, cutting machines, etc., generate
noise signals that may be modeled as sinusoidal signals in
additive noise. Suppressing these noise signals, especially
their lower frequency portion, is of great importance in
real-life applications. For example, large-scale cutting
machines used in factories generate such noise signals
which are harmful to their operators. Narrowband active
noise control (ANC) systems have been utilized in
reducing these annoying noise signals. Any signal from
the audio output which again enters the signal as input is
call feedback [4].
b) Disturbances due to Acoustic and Echo:

The echo path is extremely long (on the order of
hundreds of milliseconds) and it may rapidly change at
any time during the connection. The excessive length of
the acoustic echo path in time is mainly due to the slow
speed of sound through air; moreover, multiple reflections
of walls and objects in the room increase this length.
ACOUSTIC echo cancellers (AECs) are often employed
to remove undesired echoes for full-duplex
telecommunication, and for spatial sound reproduction
such as stereo audio, the stereo acoustic echo cancellation
(SAEC) problem should to be solved [2]. ACOUSTIC
echo cancellation (AEC) provides one of the best
solutions to the control of acoustic echoes generated by
hands-free audio terminals. Microphone arrays enable the
acquisition of the space-time structure of an acoustic field.
Thus, they have been widely used to solve many tasks in
computational auditory scene analysis, ranging from blind
source separation to de-reverberation, localization and
tracking. In some cases, e.g. in acoustic source
localization and tracking, the location and pose of the
arrays with respect to the environment needs to be
available or it needs to be somehow estimated [3].
1. 3. Problems Owing to Echo & Noise:
1. Unclear Speech in the audio output.
2. Distortions in speech signal.
3. Multiple echo results in suppression of original speech

signal.
4. Echo output creates irritation to human ears.
5. Creates feedback at the audio output.
6. Emerging of undesirable signal at the audio output.
7. Acoustic Echo creates problem in recording of speech.
8. Affects the quality of microphone.
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9. Multiple echoes pave the way for noise signals in the
amplifying stage. In this case, besides the echo plus
background noise, the microphone of the hands-free
terminal captures a speech signal that acts like a large
level of uncorrelated disturbance to the adaptive filter,
and it may cause its divergence[1].

II. VARIOUS ENHANCEMENT METHODS OF

SPEECH

1. Model based speech enhancement
This approach is applied as a two-step procedure: a) the

statistics of signal and noise are first estimated from
training data of speech and noise, and b) then use this
estimated statistics along with currently available
distortion measures to address the speech enhancement
problem.
2. Subtractive type algorithms

In these speech processing algorithms, the input to the
system is the noisy speech signal. The frame-by-frame
analysis is performed and the Short-term Fourier
Transform of the signal with Overlap and Add (OLA) is
usually the most commonly used method to determine the
estimate of speech signal. In these methods, the
magnitude of speech spectrum is usually modified
according to the estimated noise signal measured during
speech pauses/silences period.
3. Voice activity detection

The process of decimating between voice activity (i.e.
speech presence) and silence (i.e. speech absence) is
called voice activity detection. VAD algorithms extract
features (e.g. short-time energy, zero crossings,
periodicity measure) from the input signal and compares
against a threshold value, usually determined during
speech absent periods. VAD algorithms generally output a
binary decision on a frame by frame basis, where a frame
may last approximately 20-40 msec. The VAD is mostly
used in telephonic communication, audio conferencing
and digital cordless telephone system. However, these are
not suitable in low SNR conditions
4. Minimal tracking algorithms

These algorithms are used to estimate the power
spectral density of non-stationary noise, when a noisy
speech signal is given. These algorithms can be combined
with any speech enhancement algorithm, requiring noise
power spectral density estimate. It tracks spectral minima
in each frequency band without any distinction between
speech activity and speech pause. In these algorithms, an
unbiased noise estimator is developed, based on the
optimally smoothed power spectral density estimate and
the analysis of statistics of spectral minima.
5. Minimum statistics noise estimation

Minimum statistics is used to track the minimum of
noisy speech power spectrum within a finite window
(analysis segment). These are better than VAD
algorithms, as these yields better quality and improvement
in speech intelligibility. In addition, tracking of minima in
each frequency bin helped preserve the weak voiced
consonants (e.g. m and n), which might otherwise be

classified as noise by most VAD algorithms as their
energy is concentrated in a small number of frequency
bins (low frequencies). However on its downside, it is
unable to respond to fast changes of the noise spectrum.
6. Continuous spectral minimum tracking algorithm

In this method, in contrast to using a fixed window for
tracking the minimum of noisy speech, the noise estimate
is updated continuously by smoothing the noisy speech
power spectra in each frequency bin using a non-linear
smoothing rule. For minimum tracking of noisy speech
power spectrum, a short time smoothed version of
periodogram of noisy speech is computed. Its key
advantages over minimum statics algorithm are its low
computational cost and the non-linear tracking used,
maintains the continuous psd smoothing without making
any distinction between speech present and absent
segments. The noise estimate increases whenever the
noise speech power spectrum increases, irrespective of the
changes in noise power level. The key disadvantages
include very narrow peaks in speech spectrum resulting in
overestimation of noise during speech activity.
7. Weighted spectral average algorithms

A different and simple approach to recursive averaging
noise estimation is defined by the fact that each spectral
component is having a different effective SNR.
Consequently, estimation and update of individual
frequency band of the noise spectrum can be done
whenever the effective SNR at a particular frequency
band is extremely low. In this algorithm, noise spectrum is
estimated as a weighted average of past noise estimates
and the present noisy speech spectrum. In this approach,
the smoothing factor is kept fixed and the decision as to
whether the noise spectrum should be updated or not is
based on the comparison of estimated posteriori SNR to a
threshold. The weighted spectral average algorithm
performs moderately well compared to continuous spectra
algorithm. However, its disadvantages are that it
occasionally overestimates the noise level particularly
when low SNR segments preceded by high energy
segments.
8. Minima controlled recursive algorithm

In minima controlled recursive algorithm (MCRA), the
noise estimation is given by averaging past spectral power
values and using a smoothing parameter that is adjusted
by the signal probability in sub-bands. Presence of speech
in sub-bands is determined by the ratio of the local energy
of the noisy speech and its minimum within a specified
time window. The noise estimate is computationally
efficient, robust with respect to signal to noise ratio and
type of underlying additive noise and characterized by the
ability to quickly follow abrupt changes in the noise
spectrum. MCRA noise estimation is formulated using a
detection theory framework. Its key advantages include
that the time smoothing factor take binary values either 0
or 1 and the estimated noise psd follow the spectral
minima. The key disadvantage include that the noise psd
estimate may lag, particularly when the noise power is
rising, by as many as D frames from the true noise psd.
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9. Improved minima controlled recursive algorithm
In this algorithm, further refinements are done to the

MCRA algorithm. The conditional speech presence
probability p(, k) is obtained after substituting log
likelihood ratio. This algorithm uses posteriori and priori
SNRs. It is advantageous as the delay may be smaller
because the recursive averaging is carried out
instantaneously. However, it is disadvantageous as the
improved MCRA yields smaller estimation errors for
several types of noise.

III. BRIEF LITERATURE SURVEY

Jan S. Erkelens et al [12] has proposed the noise
spectral variance from speech signals contaminated by
highly non-stationary noise sources. This method
accurately tracks the fast changes in noise power level (up
to about 10dB/s). In each time frame, for each frequency
bin, the noise variance estimate is updated recursively
with the minimum mean-square error (mmse) estimate of
the current noise power.

Marco Jeub et al [13] has proposed a novel noise power
spectral density (PSD) estimator, which is beneficial for
speech enhancement systems with two microphones in
diffuse noise environments. The algorithm has a low
computational complexity and requires low memory
usage.

Jivesh Govil [11] proposed Scheme for Improved
Residual Echo Cancellation in Pocketsized Audio
Transmission. The proposed echo cancellation is further
integrated with residual echo cancellation scheme based
on the autoregressive (AR) analysis. Residual echo is
whitened by the inverse filter using the estimated AR
coefficients. Removing speech characteristics of the
residual echo signal, the noise reduction system
successfully reduces the power of residual echo as well as
that of ambient noise.

M. A. Poletti [9] proposed Active Acoustic Systems for
the Control of Room Acoustics. The design of active
acoustics follows that of passive approaches, but rather
than the physical arrangement of the room surfaces, it
commences with an existing passive space with some
minimum acoustic condition, and requires the
arrangement of microphones to detect relevant sound and
the choice of processors and loudspeaker positions to
direct it usefully back into the room to produce a desired
set of acoustic parameters. While active systems have
historically been developed with the goal of enhancing
either the stage or audience sound, they must generally
provide the same control of sound as passive acoustic
design.

Adam E. O’Donovan et al [7] proposed Automatic
matched filter recovery via the audio camera. An
algorithm is proposed to compute the matched filter
automatically using an audio camera. A microphone array
based system that provides real-time audio images
(essentially plots of steered response power in various
directions) of environment. Acoustic sources, as well as
their significant reflections, are revealed as peaks in the
audio image. The reflections are associated with sound

source(s) using an acoustic similarity metric, and an
approximate matched filter is computed to align the
reflections in time with the direct arrival. It is shown that
in case of two sources the reflections are identified
correctly, the time delays recovered agree well with those
computed from geometric constraints, and that the output
SNR improves when the reflections are added coherently
to the signal obtained by beam-forming directly at the
source.

Issam Feki et al [5] Environmental sound extraction and
incremental learning approach for real time concepts
identification. The proposed scheme of this paper is to
construct a complete three modules process, acting
dependently, with well defined functions. A sophisticated
encapsulation of binary classifiers is used to promote
environmental sound classification, leading to a real time
audio concepts identifier.

Sheng Wu et al [2] Stereo acoustic echo cancellation
employing frequency-domain preprocessing and adaptive
filter. This paper proposes a windowing frequency domain
adaptive filter and an up sampling block transform
preprocessing to solve the stereo acoustic echo
cancellation problem. The proposed adaptive filter uses
windowing functions with smooth cutoff property to
reduce the spectral leakage during filter updating, so the
utilization of the independent noise introduced by
preprocessing in stereo acoustic echo cancellation can be
increased. The proposed preprocessing is operated in short
blocks with low processing delay, and it uses frequency-
domain up sampling to meet the minimal block length
requirement given by the band limit of simultaneous
masking. Therefore, the simultaneous masking can be
well utilized to improve the audio quality.

Cohen et. al. [10] proposed an improved MCRA noise
variance estimator improvements. For objective results,
the improvement in segmental SNR was reported for
white Gaussian noise, car interior noise and F16 cockpit
noise for various noise levels from -5 to 10 dB. In all the
cases, the MCRA approach showed a higher performance
compared to weighted averaged method. Also, the
methods were compared with a subjective study of
spectrogram of enhanced speech and informal listening
tests. The tracking ability of the algorithms was tested by
authors by comparing the spectrograms of enhanced
speech for a signal recorded in a car by suddenly turning
on the defroster in full. Berdugo, B. et. al. [11] proposed a
new approach called minima controlled recursive
averaging (MCRA) for noise estimation. The noise
estimate was updated by averaging the past spectral
values of noisy speech which was controlled by a time
and frequency dependent smoothing factors. These
smoothing factors were calculated based on the signal
presence probability in each frequency bin separately.
This probability was in turn calculated using the ratio of
the noisy speech power spectrum to its local minimum
calculated over a fixed window time. R. Martin et. al. [12]
described that Gaussian statistical model provides a good
approximation for the noise DFT coefficients. For speech
signals, however, where typical DFT frame sizes used in
mobile communications are short (10ms -40ms) this
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assumption is not well fulfilled. It is valid only if the DFT
frame size is much longer than the span of correlation of
the signal under consideration.

Cohen et. al.[13] presented methods that incorporated
the fact that speech might not be present at all frequencies
and at all times. Authors provided an estimate of the
probability that speech is absent at a particular frequency
bin. In this research, MMSE magnitude estimator under
the assumed Laplacian model and uncertainty of speech
presence has been described & considered a two-state
model for speech events. According to this two state
model, either speech is present at a particular frequency
bin (hypothesis H1) or not (hypothesis H0). R. Martin et.
al. [14] proposed a new estimator, in which the real and
imaginary parts of the clean signal were estimated in the
MMSE sense conditional on the real and imaginary parts
of the observed noisy signal. This estimator, however, is
not the optimal spectral amplitude estimator but clean
signal & noise were modeled by a combination of
Gaussian, Gamma and Laplacian distributions. C.
Breithaupt et. al. [15] described that the real and
imaginary part of the speech coefficients are better
modeled with Laplacian and Gamma densities. This
observation led researchers to derive a similar optimal
MMSE STSA estimator but based on more accurate
models, Laplacian and/or Gamma. However, the
derivation of such an estimator is complicated leading
some people to seek alternative techniques to compute the
MMSE STSA estimator.

Malah et. al. derived the MMSE STSA estimator, based
on modeling speech and noise spectral components as
statistically independent Gaussian random variables.
Authors analyzed the performance of the proposed STSA
estimator and compared it with a STSA estimator derived
from the Wiener estimator. Authors also examined the
MMSE STSA estimator under uncertainty of signal
presence in the noisy observations. Y. Ephraim et. al. Y.
Ephraim et. al. [12] derived a short-time spectral
amplitude (STSA) estimator for speech signals which
minimizes the mean square error of the log-spectra (i.e.,
the original STSA and its estimator) and examined it in
enhancing noisy speech.

IV. PROPOSED METHODOLOGY

Combined Echo Cancellation and Noise Reduction:

Fig.1. System with echo canceller C and post filter H. The
post filter is placed in the sending path to attenuate both,

residual echo and noise.

In this paper we propose a system for combined
acoustic echo cancellation and noise reduction, which
consists of a conventional adaptive echo canceller C and a
second adaptive filter H in the sending path, as illustrated
in Fig. 1. The purpose of this post filter is to attenuate
both, the residual echo remaining after an imperfect echo
cancellation and the noise. Thanks to the second filter, the
demands on the echo canceller can be lowered, and,
consequently, the order of the adaptive filter C can be
reduced. A filter of lower order has three distinctive
advantages: it converges faster, it is less sensitive to noise
and interfering near-end speech, and the computational
complexity is reduced. Actually, adding the post filter, the
performance in terms of echo attenuation can be increased
while the total computational complexity of the system is
reduced.  The combination of an echo canceller with a
residual echo and noise reduction post filter was originally
proposed in [2]–[5]. Related structures have been
described in other papers, see, e.g.,[6]–[14], and also in
[15, where masking properties of the human ear are
considered. In some of these proposals [6], [13] the post
filter was designed for noise reduction only.

In any speech signal Echo and Noise always create
problem to the audience. Acoustic Echo combines with
original signal and creates unclear audio at the output.
Noise either created externally or in the amplification
process will definitely create undesirable effect in the
output. Conventional Systems of echo and noise
cancellation cannot render complete solution.

In signal processing, a minimum mean square error
(MMSE) estimator describes the approach which
minimizes the mean square error (MSE), which is a
common measure of estimator quality. The term MMSE
specifically refers to estimation in a Bayesian setting,
since in the alternative frequentist setting there is no
single estimator having minimal MSE.  Richard C.
Hendriks et al [15] have proposed a low-complexity
MMSE estimator of the noise power spectral density. In
comparison to reference methods like minimum statistics
and weighted noise estimation, both noise tracking and
speech enhancement performance have improved. In the
previous research, they have worked with only noise PSD
tracking.

But only noise cancellation alone will not provide the
desired output, since speech signal not only contains noise
but also echo. Hence along with noise cancellation echo
cancellation is also to be included.

In our research we propose MMSE based noise PSD
tracking algorithm for speech enhancement. Along with
noises, echoes present in the speech signal will also be
identified and reduced in the output.   The algorithm has
low complexity and is able to accurately estimate the
noise PSD for non-stationary noise with rather low
tracking delay.  This can be applied to signal tracking
devices, speech processors etc.
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