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Summary
A spectral subtraction method for dereverberation at multiple speaker positions utilizing a single
Room Impulse Response (RIR) measurement is presented. A running kurtosis approach is applied
in order to define the RIR early/late reflections boundary. Then, the power spectrum of the late
reverberant part of the measured RIR along with the excitation signal derived from the Linear
Prediction (LP) analysis of the reverberant source are used to estimate the late reverberant power
spectrum. A gain magnitude regularization step is also employed to compensate for overestimation
errors and reduce musical noise artifacts. Objective and subjective performance measures show that
a significant enhancement of the reverberant signals is achieved in all examined cases.
PACS no. 43.60.Dh, 43.55.Jz

1. Introduction
Room reverberation has a detrimental effect on the
quality and intelligibility of speech signals recorded
in enclosed spaces, while also deteriorating the performance of automatic speech recognition (ASR) systems. Consequently, dereverberation has been a challenging research topic for at least four decades. In
theory, an ideal inverse filter of the Room Impulse
Response (RIR) between the speech source and the
microphone would remove the effects of reverberation;
however a stable causal inverse filter cannot always be
derived, especially when the exact source/receiver positions are not known [1]. In room acoustics the RIR is
usually decomposed in an early and late part, namely
the early reflections and the late reverberation. The
early reflections mainly affect the signal’s timbre and
are perceived as coloration while the late reverberant
tails produce a noise-like effect [2]. Most dereverberation techniques treat the effects of these two parts
separately.
Several speech-oriented late reverberation suppression methods have been proposed as the degradation
in ASR performance and speech intelligibility are to
a large extent due to the effect of late reflections (e.g.
[2, 3, 4, 5, 6, 7]). Many of these methods use spectral
subtraction based either on RIR or signal modelling

(e.g. [4, 8]) but very few take advantage of a measured
RIR (e.g. [3]), even though the idea of exploiting the
common features of RIRs in different room positions
is not new (e.g. [9]).
Here, a method for suppressing late reverberation
from a moving speaker utilizing a single RIR measurement is presented, assuming that the late part
of the RIR approaches a wide-sense stationary process. Therefore, the spectral magnitude of late reverberation is estimated using the late part of the measured impulse response ("reference” response) and the
excitation signal derived from the Linear Prediction
(LP) analysis of the reverberant signal. Then, spectral subtraction is used to derive a clean signal estimation. Contrary to ASR-oriented techniques (e.g.
[3]) the present approach introduces a low-complexity
implementation and does not require database training either for the derivation of the early/late reflections boundary or for implementing the spectral subtraction. A final novel step that prevents overestimation errors and reduces musical noise artifacts through
gain magnitude regularization is also introduced so
that low Signal to Reverberation Ratio (SRR) signal
regions are identified [10] and the suppression is dynamically constrained in order to avoid such processing distortions.

2. Method Description
(c) European Acoustics Association

Assuming a noise-free and stationary environment the
transfer function between a speaker and a microphone
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than the length of hearly (n) (i.e. Ls < Lb ) [11]. Hence
Eq. 5 is written as:
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in a room can be described by the corresponding impulse response hr (n) (n denotes the discrete time index). Then the reverberant speech signal captured by
the microphone y(n) is the convolution of the clean
speech s(n) and the room impulse response:
Lr
X

hr (m)s(n − m)

(1)

m=0

where Lr is the length of the RIR. Using the LP analysis, a speech signal is modelled as the convolution of
an excitation signal u(n) and a speech production filter hs (n) describing the formant structure determined
by the glottal, the vocal tract, and the lip radiation
filters:
s(n) =

Ls
X

hs (m)u(n − m)

(2)

m=0

From Eq. 1 and 2 the reverberant signal can be described as:
y(n) =

Lr X
Ls
X

hr (m − l)hs (l)u(n − m)

(3)

m=0 l=0

As mentioned, the impulse response of a reverberant
room can be separated in two parts, that is the early
reflections and the late reverberation:
hr (n) = hearly (n) + hlate (n)

(4)

Therefore Eq. 3 can be written as:

y(n) =

Lb X
Ls
X

hearly (m − l)hs (l)u(n − m)+

m=0 l=0
Lr
X

Ls
X

hlate (m)u(n − m) (6)

m=Lb +1

Figure 1. Illustration of the measurement setup for the
RIRs used in Section 3.
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Consider now a setup with a fixed microphone and a
moving source which represents a common hands-free
communications scenario. The source has an initial
position ρ0 with a corresponding RIR h0 (n). Assume
that h0 (n) is known and as in equation 4 it can be
expressed as:
h0r (n) = h0early (n) + h0late (n)

(7)

In general, when the source moves to another position
ρi , a different RIR defines the corresponding acoustical path:
hir (n) = hiearly (n) + hilate (n)

(8)

The early part of a RIR changes significantly with
even small changes in the source-microphone position.
On the other hand, during the late reverberation part,
the energy is statistically equal in all regions of the
room [12]. Hence, it can be assumed that the power
spectral density (PSD) of hilate (n) is approximately
the same for all i and equal to the PSD of h0late (n):
i
0
(κ, ω)|2
(κ, ω)|2 = |Hlate
|Hlate

∀i

where κ and ω are the time frame and the frequency
0
bin index respectively, Hlate
(κ, ω) is the Short Time
Fourier Transform (STFT) of the late part of the measured impulse response.
Based on the above assumption and the LP analysis, the principle of spectral subtraction can be used
for the suppression of late reverberation from a moving speech signal. A fairly accurate estimation of the
late reverberation power spectrum Rlate (κ, ω) can be
obtained in the STFT domain as:
0
Rlate (κ, ω) = |Hlate
(κ, ω)|2 |U i (κ, ω)|2

m=Lb +1 l=0

where Lb is the length of hearly (n). Usually the length
of the speech production filter can be assumed shorter

(10)

with U i (κ, ω) being the STFT of the LP residual of
the reverberant signal. Hence, an estimation of the
clean signal’s power spectrum can be derived:
|Ŝ i (κ, ω)|2 =

|Y i (κ, ω)|2 − Rlate (κ, ω) i
|Y (κ, ω)|2 =
|Y i (κ, ω)|2
G(κ, ω)|Y i (κ, ω)|2

hlate (m − l)hs (l)u(n − m) (5)

(9)

(11)

where |S i (κ, ω)|2 and |Y i (κ, ω)|2 are the PSD estimations of the clean and the reverberant signals in position ρi respectively and G(κ, ω) is the derived gain
magnitude function.

FORUM ACUSTICUM 2011
27. June - 1. July, Aalborg

Tsilfidis et al.: Suppression of late reverberation

2.1. Defining the early-late reverberation
boundary
For the sake of simplicity, the boundary between early
reflections and late reverberation of a RIR is often
defined as a fixed time interval [12] or in relation
to the volume of the room [13]. However, the precise definition of the early/late reflections boundary
is a challenging and open research issue. In this work,
the method proposed in [13, 14] will be used. The
measured RIR h0 (n)is partitioned in non-overlapping
frames of length Lκ and for each frame h0 (k) the normalized kurtosis is calculated as follows:
Kurt[h0 (k)] =

E[h0 (k) − µ]4
−3
σ4

(12)

The boundary is defined as Lb = kmin Lκ where Lκ is
the frame size and kmin is given by:
kmin = argmin(Kurt[h0 (k)])

(13)

2.2. Musical noise reduction through Gain
Magnitude Regularization
When the term Rlate (κ, ω) is overestimated, spectral
subtraction methods tend to generate musical noise
artifacts. Many methods have been proposed in order
to compensate this effect (e.g. [6, 10]). Here a lowcomplexity approach based on Gain Magnitude Regularization (GMR) is proposed. High SRR spectral
regions such as signal steady states are less affected
by late reverberation [6, 15] and thus an overestimation of the late reverberation is less likely to happen.
On the other hand, artifacts are expected in low SRR
regions, hence a low SRR detector is used [10]. Then,
a GMR technique is introduced in order to constraint
only the low gain parts. This can be beneficial when
compared to moving-averaging approaches as it is not
affecting the high gain bins. The PSD estimation of
the clean signal is derived as in Eqs 14 and 15, where
θ is the threshold for applying the gain constraints,
r is the regularization ratio, ζ is the power ratio between the enhanced and the reference signal, ζth the
threshold of the low SRR detector and Ω is the frame
size.

ζ=

Ω
X

G(κ, ω)|Y i (κ, ω)|2

ω=1
Ω
X

(15)
|Y i (κ, ω)|2

ω=1

large auditorium (Room 2) of a conference center. The
measurement setup, as well as the room acoustical
properties are shown in Fig. 1. The performance of
the proposed method was examined both with and
without the GMR step (when the GMR module was
not implemented a -20 dB threshold was applied to
the suppression). The speech signals and the RIRs
were sampled at 16 kHz with 16 bit precision and the
LP analysis order was 13. The frame size was 1024
samples with a 25% overlap, the thresholds θ and ζth
were set at 0.4 and the value of the regularization ratio
r was 6. Corresponding audio demos can be found at
the authors’ website.1
Figures 2 and 3 show the averaged segmental Signal to Reverberation Ratio (SRR) improvement. For
each room, the method was evaluated at three different positions. For each position the method was also
tested three times, each time assuming a RIR measured at each of the three test positions. An improvement in terms of SRR was noticed in all tested cases
with a relatively consistent performance regardless of
the reference RIR. In both rooms the improvement
was greater for more distant room positions (position
C in both rooms) where the reverberant signals contained more late reverberation. The use of the GMR
step resulted in a small reduction of the achieved late
reverberation suppression in all positions.
Table I presents the improvement achieved by the
proposed method in terms of the Perceptual Speech
Quality measure (PESQ)[16], when comparing to the
reverberant signals. PESQ implements a perceptual
model in order to assess the quality of a processed
speech signal and rate its quality according to the
five grade Mean Opinion Score (MOS) scale. Again,
an improvement is shown for all tested cases. Moreover, the application of the GMR resulted in significantly improved results for both rooms. Apparently
the approximate nature of the late reverberation spectrum estimation presented here may produce artifacts
and the GRM step is important in order to perceptually enhance the evaluated clean speech signal. It
is interesting to note that the main assumption used
here, i.e. the stationarity of the late reverberation,
is largely supported by the presented results, as the
method performs consistently regardless of the reference RIR used. The proposed technique has been also
evaluated in comparison with known blind techniques
(e.g. [8, 17]) and produces better results. However,
these results are omitted here, as the proposed technique requires a RIR measurement and a comparison
to such blind methods is beyond the scope of our work.

3. Tests and Results
For the evaluation of the proposed method sixteen
phrases uttered by both male and female speakers of
the TIMIT database were convolved with real RIRs
measured in (a) a lecture hall (Room 1) and (b) a

1

http://www.wcl.ece.upatras.gr/audiogroup/tools/derev.html
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 G(κ, ω) − θ + θ |Y i (κ, ω)|2
r
|Ŝ i (κ, ω)|2 =

G(κ, ω)|Y i (κ, ω)|2

when ζ < ζth
(14)

and G(ω, j) < θ
otherwise

Table I. PESQ improvement for various cases

Position

hA
0.069
0.067
0.055

A
B
C

Position

hA
0.082
0.026
0.049

A
B
C

hA +GMR
0.142
0.143
0.184

Room 1
Reference Impulse Response
hB
hB +GMR
0.095
0.148
0.072
0.143
0.073
0.187

hC
0.073
0.064
0.060

hC +GMR
0.141
0.138
0.185

hA +GMR
0.195
0.163
0.156

Room 2
Reference Impulse Response
hB
hB +GMR
0.098
0.199
0.051
0.160
0.077
0.143

hC
0.116
0.055
0.063

hC +GMR
0.190
0.162
0.150

Segmental SRR Improvement (dB)

4. Conclusions
h

h +GMR

h +GMR

h

h

h +GMR

A

6

A
B

B

C
C

4

2

0

A

B

C

Room Position

The proposed technique extracts the room late reflections characteristics based on a single RIR measurement and adopts an efficient spectral subtraction approach in order to suppress late reverberation at multiple speaker positions. A Gain Magnitude Regularization technique is also used in order to compensate
for any overestimation errors and to reduce the musical noise artifacts. Objective and subjective results
show significant speech enhancement independent of
the measurement position of the reference RIR.
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