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ABSTRACT

Partial equalization techniques are very interesting because they simultaneously allow reduction of
rever beration effect and implementation complexity of FIR inverse filters. In this work, two different
techniques for dereverberation systems design based on partial equalization for room acoustics have
been proposed. The Homomorphic method is used to design stable minimum-phase inverse filters
(equalizers) for non-minimum-phase acoustic impulse responses corresponding to small and large
rooms. In the first proposed approach, some of the dominant poles of the inverse filter transfer function
are replaced by new ones before carrying out the inverse DFT. Results for an impulse response
measured in the car interior show that by using the modified version we can control the sound quality
more precisely than when using the standard method. In the second approach, an iterative simple
smoothing is applied to the original impulse response of a large room before its inversion.
Corresponding time reduced impulse responses are derived which conform to perceptual principles.
The smoothed impulse responses are then used to design equalization filters. Simulation results for a
reverberant audio-conferencing room have been validated using listening tests on Texas Instruments
DSP board.

RESUMEE

Les techniques d'égalisation partielle sont trés intéressantes parce qu'elles permettent a la fois de
réduire 1'effet de la réverbération et la taille des filtres inverses RIF pour 1'implémentation. Dans ce
travail deux techniques différentes de conception des systémes de déréverbération basées sur une
égalisation partielle, pour 1'acoustique des salles ont été proposées. La méthode homomorphique a été
utilisée pour calculer des filtres inverses a phase minimale stables RIF (égaliseurs), pour 1'égalisation
des réponses impulsionnelles acoustiques a phase non minimales, dans les cas de petite et grande salle.
Dans la premiére approche, quelques pdles dominant de la fonction de transfert du filtre inverse sont
remplacées par des nouveaux poéles avant d'effectuer la TFD inverse. Les résultats obtenus dans le cas
d'une réponse impulsionnelle mesurée dans un habitacle d'une voiture montrent bien qu'on peut mieux
contrdler et avec précision la qualité du son en utilisant la version modifiée que d utiliser la méthode
standard. Dans la deuxiéme approche, un lissage itératif simple est appliqué a la réponse impulsionnelle
originale d'une grande salle avant son inversion. Des réponses impulsionnelles de taille réduites sont
générées mais qui sont conformes aux principes de la perception. Ces réponses sont donc inversées
pour construire des filtres d'égalisation. Les résultats de simulations dans le contexte d'une salle
d*audioconférence réverbérante ont été validés par les tests d'écoute sur un kit de DSP de Texas
Instrument.
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INTRODUCTION

Reverberation phenomenon is caused by the effect of the room where the useful sound
source is placed. This is because of acoustic wave reflections. Reverberation is very
sensitive in communications with Hands-free systems and in general, when a sound
recording is carried out in an enclosure without a particular acoustical treatment.
When reverberation is relatively significant, the source seems to be subjectively far

away to the listener and then the speech intelligibility is degraded (barrel-like quality).

Dereverberation is to make the desired signal completely or partially clean of the
effect of the room. A perfect dereverberation would leave only the wave coming
directly from the source and would produce the same effect than a sound recording
taken in an anechoic chamber. This is not required in room acoustics because a

moderate room effect can make the speech to sound natural.

A first approach of dereverberation is an inversion of the acoustic channel represented
by its measured impulse response, which provides the room effect between the source
and the microphone installed in the room. This approach is not realistic because the
frequency response of the room has many zeros which rapidly vary with the
microphone position in the room. Therefore, it is required to use methods taking into

account the temporal and spatial aspects of the reverberation phenomenon [1].

Some methods based on direct inversion of the acoustic channel have been proposed
by some authors [2, 3, 4], but that still need modifications to be adapted to
corresponding contexts, to better respond to the desired speech quality. In this thesis,
we propose two equalization techniques (inversion methods) of the acoustic channel.
The first technique is recommended in the context of small room (car, telephone-
booth, etc.), and the second is recommended in the context of large room, such as

audio-conferencing and video-conferencing rooms.
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The general idea is to realize stable equalizer Finite Impulse Response (FIR) digital
filters (FIR inverse filters) taking into account the temporal and spatial aspects of the

reverberation phenomenon in both cases, small and large rooms.

In the first case a partial equalization of the impulse response representing this context
has been realized. This technique based on homomorphic method, allows controlling
the speech quality with more precision [5]. In the second case where reverberation is
more significant, an iterative smoothing process of the impulse response representing
this context prior to its inversion has been applied. This technique allows reducing
simultaneously the reverberation effect and the implementation complexity of the

inverse filters [6].

In Chapter 1, we briefly describe a measurement method of acoustic impulse
responses which is useful in the case where the anechoic chamber doesn’t exist, and

objective criterions calculating for room characterization.

In Chapter 2, we propose a modified version of the homomorphic method, to design
stable minimum-phase inverse filters for partial equalization of non-minimum-phase
acoustic impulse responses for small rooms. In this proposed approach, some of the
dominant poles of the inverse filter transfer function are replaced by new ones before
carrying out the inverse DFT. Listening tests results (MATLAB audio tools) obtained
in the context of a car interior, show that with this technique, speech quality can be

better controlled than when using standard method.

In Chapter 3, we propose a modification of the measured acoustic impulse response
prior to its inversion. In large room, impulse responses present long duration. By
applying an iterative simple complex smoothing, corresponding time reduced impulse
responses are derived which conform to perceptual principles (preserving the initial
transient data that are significant to the listener. That is, direct wave and first
reflections). Successively, a smoothed impulse response is derived and then used to
design a stable inverse filter for original impulse response equalization. Equalization

results obtained in the context of an audio-conferencing room show the possibility to
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reduce the reverberation effect to a predetermined level, and a robustness indication

when the listener changes position.

Chapter 4 presents some simulation results obtained when the smoothing process has
been applied for a dereverberation system placed before a simple speech recognition
system, and listening tests validation for a large audio-conferencing room, after
implementation of reduced complexity of an equalization filter example on Texas

Instruments development board.

Conclusions and future work are given in the end of this thesis.
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Chapter 1
ACOUSTIC IMPUL SE RESPONSESMEASUREMENTS

1.1 INTRODUCTION

In room acoustics, impulse responses measurements should be around one second of
duration, and 60 dB of magnitude. Classical techniques measurements which produce
an impulse (balloon blowing up, pistol coup,...,etc) and record the impulse response
do not allow to respond simultaneously to these requirements. Also there are
considerable risks of distortions when impulses are applied to transducers. The
measurement method described in this chapter and useful in the case where the
anechoic chamber doesn’t exist, overcomes these inconveniences by suppressing the
impulse nature of the measurement test signal in one hand, and providing a substantial
gain for the measured impulse response magnitude in the other hand. In this method,
the measured impulse response is an identification method using cross correlation
function. This identification method has been studied and compared to NLMS
algorithm with decreasing step. The latest presents some advantages in the case of
large rooms, but requires the use of the anechoic chamber if the test signal is not a
maximum length sequence [1, 2]. Measured impulse responses can be analysed to

calculate objective criterions for room characterisation.

1.2MEASUREMENT METHOD
The test signal is a sequence called: ‘pseudo-random binary sequence’ (figure 1-1),

and has the characteristics of a stationary white noise. The signal x(t) applied to the
input of the speaker results from a periodic pseudo-random sequence X(N) , which has
its values in the interval {- 1,1}, and generated by a shift register of mstages. By

choosing the number m , a ‘maximum’ and deterministic sequence periodic
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of L=2"- 1 can be generated. This sequence of+1is then converted to 1V volts at

the sampling frequency F,. The obtained signal X(t)1is periodic of T = FL .

S
<
|
» » » »

>

> X(1)

Schift register

FIGURE 1.1: Maximum length sequence generated by a shift register of 4 stages

The test signal has a fundamental propriety of autocorrelation function. That is, the

following periodic function:

+¥

Ru) = (OX (t- t)dt =s,’d(t), (1.1)

-¥
S X2 : variance of the test signal X(t) .
This propriety is used to identify the impulse response corresponding to a couple
of speaker/microphone placed in the room. This system can be represented by

convolution equation:
y®) =x®*ht) , (1.2)
where X(t) is the input, y(t)is the output and h(t) is the impulse response of the

system.
The cross correlation function between y(t) and X(t) is written as:

+¥

R, ()= Qy®)X (t-t)dt . (1.3)

The following relation results from the relations (1.2) and (1.3):
R, ) =R, ®)*ht), (1.4)
using the propriety (1.1), the relation (1.4) becomes:
R, () =s,’ht). (1.5)
The output signal y(t) of the microphone is recorded and sampled at the

frequency F,. The resulting discrete version of the recorded signal y(n) has the same
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periodicity L as the sequence X(n). The sequence h(n) can be then considered as the
discrete version of the periodic impulse response h(t) .
The discrete function h(n)is then obtained by cross correlation between the discrete
function y(n) and the discrete function X(n) . That is:

R,e(K) :ﬁg] YX (- k). (1.6)

where R, (K) should be estimated for an integer number p of periodicity L .

The discrete impulse response h(k) will be identified by the following relation:

h(k) = Ryx(zk) . (1.7)
S

X

Cross correlation between the maximum length sequence applied to the speaker
and the recorded signal by the microphone, represents then a measurement of the
impulse response of the system. The measurement method can be summarised in the
synoptic of Figure 1-2 [3].

Figures 1-3 and Figure 1-4 show respectively two examples of acoustic impulse

responses measured in the car interior and in an audio-conferencing room.

1.3 OBJECTIVE CRITERIONS

To characterise the acoustical quality of any room, objective criterions are calculated
from time energy distribution of the impulse response measured for an acoustic
channel, where the couple source/receiver are fixed in the room. These objective
criterions are related to perceptual criterions, where only subjective tests allow
comparing their perceptual importance. There is a long and redundant list of objective
criterions used by the acousticians [1]. But the most important in telecommunications
are: reverberation time and clarity in time domain, and spectral deviation in frequency
domain. In the following table, we show the results of these criterions calculated for

the two previous examples of acoustic impulse responses.

The acoustical analysis of this table is of the psychoacoustics field. But these
results can indicate that the reverberation phenomenon is more significant in a large
room than in a small room. That is, great Reverberation Time and less Clarity. This is

can be seen in the Figure 1-3 and Figure 1-4 by very long impulse response duration.
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Table 1.1: Objective criterions

Objective criterions

Car interior

Audio-conferencing room

Reverberation Time (s) 0.127 0.56
Clarity 80 ms (dB) 34.7 6.8
Spectral Deviation (dB) 5 8.31

For the equalization techniques evaluation, Spectral Deviation which is defined in

the next chapter is the most used criterion for non-expert listeners to compare

processed from unprocessed signals.

1.4 REFERENCES

[1] M.Ahfir et A. Benallal, ‘’Amélioration de la Méthode d’Identification dans la

Mesure des Réponses Impulsionnelles Acoustiques °, IEEA’97, International

Conference, Vol Control Engineering, pp 60-63, University of BATNA,

ALGERIA, Dec 1997.

[2] M.Ahfir, ““Modélisation et mesure des réponses impulsionnelles acoustiques’’,

Mémoire de Magister, Université de BLIDA (ALGERIE), Octobre 1997.

[3] J.P.Jullien, A.Gilloire et A.Saliou, ‘’Mesure des réponses impulsionnelles en

acoustique’’,  Note technique NT/LAA/TSS/181, CNET — Lanion (France),

Novembre 1984.

PDF created with pdfFactory Pro trial version www.pdffactory.com



http://www.pdffactory.com

Operation to carry out in
real time

Operation to carry out
in recording time

x(n)
Delay register

\ 4

Fs

A 4

Intercorelation of

Sampling Horloge Y x(n)=+/-1

X(n) and y(n)
\ 4
Measurement \ 4 h(n)
signal production
x(ty=+/-V v
A 4 Measurements
v Acoustic channel h(n)results
h(t)
y() /
\ 4
Recording n

A 4

S ________---___----.>

FIGURE 1.2: Synoptic of acoustic impulse responses measurements
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FIGURE 1.3: Acoustic impulse response measured in the car interior
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FIGURE 1.4: Acoustic impulse response measured in an audio-conferencing room
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Chapter 2

PARTIAL EQUALIZATION FOR SMALL ROOMS

2.1 INTRODUCTION

In sound-reproduction systems an equalization filter is often used to modify the
frequency spectrum of the original source before feeding it to the loudspeaker. The
purpose is to make the impulse response of the equalized sound-reproduction chain as
close as possible to the desired one [1]. Single-point equalization based on a measured
impulse response for a small room seems to be realistic because of a limited space for
a listener placed inside. For example, at least for a driver placed inside the car interior.
In principle direct equalization or direct inversion of mixed-phase (or non minimum-
phase) measured impulse responses of the systems is not possible since it leads to
unstable equalization filter realizations. Since any mixed-phase impulse response can
be represented mathematically by the convolution of a minimum-phase and a
maximum-phase (or all-pass) sequence [14], it is possible to derive and implement an
approximate and stable inverse filter for such systems [10]. This is because a causal
and stable sequence can invert the minimum-phase component of any mixed-phase
sequence and an infinite acausal (anticipatory) and stable sequence can similarly
invert the maximum-phase component of such sequences [10]. One method to design
such a minimum-phase equalization filter is the homomorphic method based on the
measured impulse response of the system. This method known as standard used for
the case of single-point equalization is described in Section 2. In section 3, a
modified version of the standard homomorphic method is proposed. It takes into
account that the listener is able to detect gradual response variations of less than 0.5
dB [4, 5] and hence, is able to control the sound quality more accurately [16]. Section
4 shows the magnitude equalization performance results for an impulse response

measured in a car interior using both objective and subjective measurements.

10
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2.2 STANDARD HOMOMORPHIC METHOD

A non minimum-phase discrete impulse response, h(n), of a system can be described

as [14]
h(n) = h,,(MA h,,(n), (2.1)

where A denotes the discrete convolution. This can be shown in the frequency

domain as
H(K) = H (KH (k) , (2.2)

where hmp(n) is a minimum-phase sequence, such that its DFT, Hmp(K), satisfies the

relation

[Hop 0| =[H K 2.3)
where H(K) is the DFT of h(n) given by

H (k) = ':E_lol h(n)e N : (2.4)

where N is the length of h(n) and hap(n) is an all-pass sequence of |Hap(K)|=1, for
k=0,1,...,N-1.
The convolution operation of hmp(N) and hap(n) can be expressed as the algebraic

addition of their corresponding complex cepstra Flmp(n) and Hap(n) by the

homomorphic transformation [2]. This leads to a decomposition of a non minimum-
phase impulse response into its minimum-phase and all-pass components. The

standard homomorphic method algorithm is outlined as follows [3, 4 and 15]:

1. Compute the DFT of h(n).
2. Compute

H (k) = log|H (k)| (2.5)

3. Compute the real part of the complex cepstrum of h(n),

R 1 N-1 j2pkn
h(n)=— & log|H(k|e N , (2.6)
N k=0

for n=0, 1... ,N-1.

4. Compute the corresponding real cepstrum of the minimum-phase hyp(n),

11
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=
I .
A=t M g 2.7)
|
¥0 —<nEN-1
where L is a positive real parameter [15].
5. Compute the DFT ofh (1),
. N e
Hop(K) = né:O hp(me N . (2.8)
6. Compute the minimum-phase part Hmp(K),
Hyp (K) = exp(H, o (K)) . (2.9)
7. Compute the equalized response, Heqg(K),
He (K) = H(K)G (k) , (2.10)
where Gmp(K) represents the inverse of Hmp(K),
Gy (K) = Hm:)(k) . 2.11)
In the time domain, this is equivalent to a deconvolution,
hg, (M) =h(mA g, (n), (2.12)

with gmp(N), being the inverse DFT of Gup(K).

In the case of L=1, the algorithm corresponds to a magnitude equalization. If a
sufficiently large number N is used for DFT computation, the effect of magnitude
distortion caused by the system can be perfectly removed in practice by convolving

h(n) with the inverse minimum-phase impulse response gmp(n) [3, 10].

To avoid the impulse response length of gnp(N) to be truncated given a fixed number
N of DFT computation, an iterative version of the standard method can be used with
an optimum integer number L of iterations. This allows reduction in time domain
aliasing, when convolving h(n) with gmp(n) [ 15]. This version can be summarized as
follows:

1

h(n)*" = h(n)' A gmp® (n),
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1
where i=0,..,L-1,h%n)- h(n) and h* (n) = hap(n). gmp®(n) being the partial minimum-

phase inverse impulse response.

The effect of phase distortion can also be solved by convolving the all-pass sequence,
hap(n) (obtained after deconvolution of h(n) with gmp(n)) with its time reversed
version, hap(-n), [4,9]. As a result, implementation of such combined equalization
(complete equalization) requires very long FIR inverse filters. But this is not always
required in practice. For this reason, the equalization of the all-pass component (phase

equalization) will not be considered in this work.

In the case of L>1, the algorithm corresponds to a partial magnitude equalization.
This requires a shorter FIR filter to keep the phase distortion below the threshold of
audibility [4].

Sometimes, the frequency response of the system, H(K), and hence its minimum-
phase part, Hmp(K), can be represented by a low number of isolated dominant zeros. In
such case increasing the parameter L by a significant value during the control process
may shorten the length of the equalization filter too, resulting in an unsatisfactory
equalization performance. This is because an increase in L results in a decrease of all
the radii of the complex poles of Gmy(K) together according to the relation derived

from (3), (7) and (9) [Appendix A],
log|Gp (k)| = - iLlog|H(k)| . (2.13)

This means that the complex poles of G, (k) appear to be pushed together towards

the origin of the unit circle.

In the next section, we propose an alternative approach in which, instead of
pushing all the poles of G, (k), we push the most dominant of them selectively and
slightly towards the origin of the unit circle by decreasing the corresponding high
values of the Q factors (values of the steady-state resonances). This allows
controlling the magnitude equalization performance more precisely — especially
applicable in practice. The reason is that the listener is able to detect gradual response
variations of less than 0.5 dB [4,5]. Furthermore, the proposed technique is

advantageous when the parameter L cannot be calculated theoretically, e.g. for the

13
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case of the direct inverse filtering (no cepstral analysis, that is, no steps 2 to 6) of a
small reverberant room where the dominant poles can be identified even if they are

closely spaced [8, 11].

2.3MODIFIED VERSION

A replacing method of some dominant poles of the inverse minimum-phase function
Gnp (k) 1s described in this section. They are identified using the standard method
(L=1) and then replaced before doing the inverse DFT in order to calculate the
corresponding discrete time sequence g, (n) representing the impulse response of the
new equalization filter.

The z transform function of a complex pole pair is expressed as [8, 12]

1

"3 (1 - |delaz 1X1 - Jde 197 1)’

or (2.14)

H,@= !

1- 2[alcosq z° 1 +|a|22' 2’

f

where |a| is the pole radius in the z plane and 2p f_p is its phase angle with f_ being

S

the sampling frequency and f,the frequency of the complex pole.

Taking the inverse z transform of H , () the corresponding impulse response is [8, 12]

_ |a]"sin(ng +q)
hy (M) —T(q)u(n), (2.15)

where u(n) is a unit step function.
The transfer function of the selective filter for a complex pole pair is

H,(2)

Ho@ =420

(2.16)

where the transfer function H,(z) contains a new complex pole pair at the same

frequency of the old pair but at a desired smaller radius, |a|. This technique allows us

14
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to decrease selectively the Q factors values of a low order of isolated pole pairs in the

frequency response G, (k) . The new inverse minimum-phase function becomes
G (2 =G, (2DH,(2..H, P (2, (2.17)
and its discrete version
Gy (K) =Gy (H " (K)..H P (K), (2.18)
where P is the number of identified and replaced dominant pole pairs from Gup(K),
and H_™ k), p=1,...,P are the sampled frequency responses of selective filters equal to

the number of replaced pole pairs, P.

This function is then inverted using the inverse DFT in order to obtain its discrete

time domain equivalent g,,,(n), shorter from g,,,(n) calculated by standard method for

L=1 and longer than g,,,(n) obtained for L>1.

One method to identify frequencies of the isolated poles is to iteratively search for
the increased magnitude response level of G, (k) caused by poles (peaks) residing

within the frequency range of interest (in our case below 4 kHz). Successively, a

maximum magnitude level G, (f,) corresponding to the highest pole frequency fis
found. This technique was found robust even in the case of very closely spaced poles
[8, 11]. After determining the frequency f,of the highest pole, the corresponding pole
radius must be determined based on the Q factor value according to the following

relation, since our work here is restricted to a low order of isolated poles [6, 7, 8, and
13],
1
= f y=—— . 2.19
Q=Cpp(fp) [ ( )
The replacing method means that the dominant poles of G, (k) are identified one

by one and then replaced iteratively by new ones, where each corresponds to a desired

Q factor,Q = L , starting from the most dominant one.

1- |§

The implementation algorithm of the proposed modified method (useful for partial

magnitude equalization), is as follows:

1. Compute the steps 1 to 6 as in the standard method for L=1.

2. Compute the inverse minimum-phase

15
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Crp0= (2.20)

mp

using Gy (k) =G (K) .

3. Setptol.

4. Estimate the most dominant pole from Gmp(k) as described above,
(determine f,and|q)).

5. Design its selective filter using (3.16).

6. Replace the estimated pole from Gmp(k) using (3.18).

7. Increment p=p+ 1 and repeat the steps 4, 5 and 6 until p=P.

8. Compute Gy, (n) as inverse DFT of G (k) .
9. Compute the equalized response Heq (K),

Heq(K) = H(K)Gp(K) . (2.21)

In the time domain, this is equivalent to a deconvolution
heq (M) =h(M) A Gy () . (2.22)

In the next section we present the performance evaluation of the magnitude
equalization performed by the proposed version as compared to that from standard
method, using both objective measures based on an error criterion and subjective tests

of speech quality.

24RESULTS

In order to assess the performance of our algorithms, we used a frequency domain
error criterion, which estimates the standard deviation of the magnitude response from

a constant level [4]. The error criterion D(dB) is given as follows

1/2

’1 N-1 N
D=&-a (1010g,0|Heq(k)|- a6 (2.23)
eN k=0 u
where

N-
Hyy =8 1008, H (). (2.24)

k=0
16
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Two examples of non minimum-phase impulse responses were used to compare
both algorithms. The first one was synthetic, used just to enlighten the replacing
approach of a low order of isolated poles, and the second one used real measurements
taken in a car interior. We also introduced in the proposed version a real parameter
I (I >1), in order to selectively decrease the highest Q factors of dominant poles. This

means that the new replacement poles correspond to desired Q factors,Q=Q/I .

2.4.1 Synthetic impulse response

We first considered a simple synthetic impulse response. This was obtained by
successive convolution of six known zeros sequences somewhat isolated in the
complex z plane (Figure 3-1) and with at least one placed outside the unit circle,
which make the impulse response a non minimum-phase one. These are defined as

( f5 =8kHz):

|a]=0.99 at f,=200Hz

|a]=0.99 at f,=1000Hz
|a]=0.85 at fy=1500Hz
|a]=0.70 at f,=2000Hz
la]=1.5 at f=2500Hz
|a|]=0.95 at f;=3000Hz

1.5 ° !
11 -
© <:9 © \®\
£05 ! X
g ‘ x
S R S S ST
g 0 | X6
5 | :
£-0.5 l
- 0 ? ° 5
At r-7
(o] |
5 1.5 -1 05 0 0.5 1 1.5

Real Part
FIGURE 2.1: Complex z plane of six known zeros
(Poles after inversion of the minimum-phase part):

(o) Poles pairs and (x) replacing poles pairs.
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Figure 2-2 shows the inverse frequency response G, (k) from which the two

(P=2) most dominant poles are estimated and corresponding to:
|a1]=0.9947 at f;=200Hz
|a2]=0.9915 at f,=1000Hz

These two (P=2) poles are selectively replaced by two new poles of smaller radius
corresponding to Q,/l and Q, /I factors respectively, with a significant value ofl,
(1=2) (Figure 3-1). In Figure 3-2, even with some error in the estimation of poles, we
still can observe a decrease in the @ factors depending on the position of the new
poles. This corresponds to a reduction of g,,(n) length when compared to g.,,(n) .
When using the standard method and considering the same significant value ofL
(L=1=2), we can see in Figure 2 that all the poles have been pushed together towards

the origin of the unit circle too, resulting also in the reduction of the g, (n) length, but

this is considerably shorter than that of g, (n).

30

2071 )
)
Z
o
©
43 T
g, ..... Standard, L=1 S -
< -10 - - - Modified, I=2

_ Standard, L=2
20
-30

0 05 1 15 2 25 3 35 4
Frequency (kHz)

FIGURE 2.2: Inverse frequency response G, (k) calculated using different methods.

The evaluation of the objective error criterion for this example is not considered

because of its little practical interest.

2.4.2 Practical impulse response

A real impulse response was measured for the car interior at a sampling frequency of

8 kHz. A record of 1024 samples was zero padded up to N =2048. This impulse
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response is shown in Figure 2-3. In Figure 2-4 an unstable direct inverse impulse

response is shown, demonstrating its non minimum-phase character.
Figure 5 shows the inverse minimum-phase frequency response G, (k). It was

calculated using the standard method (L =1). The most dominant pole can be clearly

seen there. The search was limited to a single pole, ie. P=1, such that

|a1| =0.9993 at f; =70.38 Hz that caused the inverse minimum-phase impulse response

gmp(M to be of a very long duration (Figure 2-7).

© o o o

Amplitude

o
o o oo

1o 50 100 150 200 250

Time (ms)

FIGURE 2.3: Impulse response measured in the car interior.

N W s

Amplitude
o

0 50 100 150 200 250 300

Time (ms)

FIGURE 2.4: Direct inverse impulse response.
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357
30,

....... Standard, L=1
Modified, 1=2

25
20,
15
10

=

Magnitude (dB)

<

-5
-10

0 05 1 15 2 25 3 35 4
Frequency (kHz)

FIGURE 2.5: Inverse minimum-phase frequency response G, (k) calculated by the

different methods.

35
30/
251!

1\ ...... Standard, L=1
! Standard, L=2

Magnitude (dB)

10 "05 1 15 2 25 3 35 4
Frequency (kHz)

FIGURE 2.6: Inverse minimum-phase frequency response G, (k) calculated by the

different methods.
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When using the standard version for a significant value of L, (L=2), (Figure 3-6) we

observed that all the poles of G, (k) were pushed together towards the origin of the
unit circle too, resulting in an inverse minimum-phase impulse response g, (n)

(Figure 3-7) to be reduced in time too.

... Standard (L=1)
- - - Modified (1=2)
o _ Standard (L=2)

Amplitude

0 50 100 150 200 250
Time (ms)

FIGURE 2.7: Inverse minimum-phase impulse responses g, (n calculated by the

different methods.

When using a modified version, in order to gradually reduce the length of the

inverse minimum-phase impulse response g,,(n), only the most dominant pole

needed to be replaced by a new pole with smaller radius. This pole corresponded to a

Q/I factor with the same value ofl, (1 =L =2), but at the same frequency. In Figure 2-
5 we can see the inverse minimum-phase frequency response of émp (k), where only

the most dominant pole appears to be pushed towards the origin, withl =2.
Figure 2-7 also shows the corresponding inverse minimum-phase impulse response

of gy, (n) . Interestingly, its duration is not reduced here too. This may correspond to a

desired magnitude equalization (Figure 2-8), if the system impulse response was
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.. Original response
Equalized response (standard method, L=2)
- Equalized response (modified method, 1=2)

Magnitude (dB)

0 0.5 1 15 2 25 3 35 4

Frequency (KHz)

FIGURE 2.8: Magnitude response equalization

minimum-phase (no phase distortion effects). This is because the magnitude spectrum

of the second case (modified method,| =2,D(dB)=0.7) is flatter than that of the first
case (standard method, L =2, D(dB)=2.4). This means less magnitude distortion of the

system.

2.4.3 Performance testing

The experiment was performed by developing models in Matlab and Simulink and
carrying out listening tests using a headphone ((Logitech — Premium Stereo Headset).
A reproduced speech signal of few second in duration was generated by filtering a
clean speech (male and female measured in anechoic chamber) by the measured
impulse response of the car interior (Figure 2-3). In order to avoid undesirable
convolution effects, we considered a sufficient large number N=8192 for DFT
computations. The reproduced speech signal was then filtered using equalizing filters

calculated by the standard method with L=1 and L=2 (Figure 2-7) and the modified
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version (P=1) respectively. For the latter case, the inverse impulse responses
corresponded to each error criterion, function of the parameter | such as that of
Figure 2-7 with | =2 for example. Test signals were played to ten untrained listeners
with normal hearing at a comfortable listening level. The qualitative assessment of the
test signals was based on subjective judgment of three listening sessions per each

recording scheduled on six consecutive days.

Objective error (dB)
5.0 0.0 O.? 0.7 1.1 1.? 1.9 22 2.? 3.0

>

o ) standard method with L=2
o) N ) :L ,,,,,,,,,,,,,,,,, G},,,,@’i ___1___and corresponding to_objective

Subjective score
B

err:or of 2,:4 daB !

| | | |
0 0.5 1 1.5 2 2.5 3 3.5 4 4.5 5 5.5
Parameter |

FIGURE 2.9: Subjective scores of the sound quality as a function of the parameter| .

Each circle represents the average of 180 observations: 18 for each of 10 listene
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The first signal was always chosen to be clean speech, while the reproduced
unequalized and partially equalized speech signals were played in random order. The
reproduced speech signals corresponded to the objective error criterions of 5 dB
(unequalized signal for1=0), 0 dB (magnitude equalized signal forl=1) and

0.3£D(dB) £3 (partially equalized signals forl >1) respectively. The quantification of

subjective judgments was performed according to the following scale [4]:

7, 8 — Good
5, 6 — Fair
3,4 — Poor
1,2 —-Bad

Number 8 denotes a sound quality equivalent to the clean speech. The final result was
calculated as a mean of the individual listening results (18 each) for each of 10
subjects. The results are shown in Figure 3-9 as a function of parameter|, ranging
from | =0 (unequalized signal) to | =5 (partially equalized signal).

The results confirmed those reported in [4] with higher accuracy. The highest score
corresponds to the optimal quality of speech. That means no perception of phase
distortion (like a bell chime sounded at the background, whenl <3 ), no echo and less

magnitude distortion caused by the system.

The results also show the sensitivity of the listener’s ear to small gradual response
variations (a variation of less than 0.5 dB of objective error corresponds to a
significant variation of subjective score of the sound quality); although the

participants in the experiment were non-expert listeners.

2.5 CONCLUSIONS

In this chapter a modified version of the standard homomorphic method for small
rooms equalization is presented. This version is useful in case of partial magnitude
equalization, where the dominant zeros density of the system is not very high.
Although it is used in this work as an additional optimizing tool for the psycho
acoustic quality measurement of speech, this alternative approach is advantageous in
case of the direct inverse filtering (minimum-phase system) when perfect equalization

of a small reverberant room is not desired.
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Chapter 3

PARTIAL DEREVERBERATION FOR LARGE ROOM S

3.1 INTRODUCTION

Equalization for large rooms is dereverberation. This is because reverberation
phenomenon is more significant in such rooms. This means, very long acoustic
impulse responses duration. Direct equalization based on inverse filtering of measured
mixed-phase impulse responses introduces a number of theoretical and practical
problems (Chapter3 - ideal digital equalization — perfect dereverberation). Particularly,
the required extremely long lengths of the inverse filters (magnitude and phase
equalization) and their sensitivity to possible changes in the listener position inside
the room [1, 2]. When the smoothed room impulse response was used for the design
of “inverse filters™ for audio or acoustic digital equalization applications, it was found
that the effect of smoothing was desirable since it was allowing the design of filters
with lower sensitivity — from the perceptual point of view - to possible changes in the
listener position inside the room [3, 4, 5]. The work presented here is based on the
concept of complex smoothing performed by the simple case of constant bandwidth
filters for ‘inverse filter’ design for acoustic impulse responses equalization. This
concept is adopted because modified impulse response functions could be derived,
which would present functions of reduced complexity and also be in agreement with
the perceptual principles. The work presented in this chapter is organized as follows:
Section 2 presents the theory of the simple complex smoothing [3]. In Section 3 an
equalization filter design method is proposed, which is based on iterative simple
complex smoothing [9]. Section 4 shows the magnitude equalization performance
results achieved using this proposed method in the context of a real audio-

conferencing room (cnet-LANNION-FRANCE).
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3.2SIMPLE COMPLEX SMOOTHING
Let us consider a discrete-time room impulse response h(n) and its discrete-frequency
response H (k), where 0ENEN-1, 0OEKEN-1and Nis the number of samples,
representing the impulse response length. Then the complex smoothing operation for
the simple case of constant bandwidth filter can be described as a circular convolution
[3]:

H. (k)= H(K)Aw,, (k) (3.1)
Where A denotes the operation of circular convolution and ~ Wg,(k) is a spectral
smoothing function having the general form of a low-pass filter.
This is equivalent in the time domain to:

h..(n) = h(n)Nw__ (n) (3.2)

where w, (n) being the inverse DFT sequence ofW,, (k).
To consider this spectral smoothing function in a half~-window sense for both parts of

the symmetric spectrum W,,(k) must be written as:

ib- (b- 1)cos(pk/m)

i , k=0,1,.,m
L 2b(m+1)-1
ib- (b= eosfp (k- NYm) . _
Wsm(k)—_:_ 2o(m+1)- 1 , k=N-mN-(m-1),..,N-1 (3.3)
0 k=m+1,..,N- (m+1)
|
i

Where m (samples) is defined as the smoothing index corresponding to the length of

the half window. When b=1, this function represents an ideal low-pass filter

(rectangular frequency smoothing function),
1 - R
k1 {0,L,...mpE{N- mN- (m-1)..,N -
W, (k)= ame1’ 01 mE{N-mN-(m-1)..N- 1} (3.4)
fo kT {m+1,..,N- (m+1)}

In this case the corresponding time window function which is represented with a
sinc function wg,(n) can be evaluated easily as:

1 sin(pn(2m+1)/N)
N pn(2m+1)/N

W, (n) = (3.5)

Given thatH(k) is a complex function; in general W, (k) should be a complex

function. However, the preceding expressions represent it as a real function, assuming
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it to be a zero-phase function. This assumption was adopted because of physical
considerations, since with smoothing it is required to avoid imposition of any
unwanted effects on the phase of the original function and it is also desirable to
maintain the half-window time profile appropriate for capturing transient data of the
acoustic impulse response that are significant to the listener (direct signal and first

reflections).

3.3 EQUALIZATION FILTER DESIGN BASED ON ITERATIVE SIMPLE
COMPLEX SMOOTHING

In order to overcome the known problems of direct equalization as stated in the
introduction, we propose in this section an equalization method based on iterative
simple complex smoothing of room impulse response. In this method the original

room impulse response h(n) is assumed to be the result of smoothing operation in the
time domain of an initial one (its length was2N) by a half smoothing window wg,(n)

of N samples. Then in the first iteration h(n) will be halved in length after the
application of a half smoothing window w,(n) of g samples. As a result a reduced-

length complex smoothed impulse response hy(n) will be produced and a minimum-

phase inverse impulse response g, ., (n) for smoothed response magnitude equalization

will be evaluated by using the homomorphic method [6], since the smoothed response
may present a mixed-phase character. This minimum-phase inverse impulse response

9es mp(n) Will be the “equalization filter', employed on the original acoustic impulse
response h(n)according to the following expression:

ey (n) =h(n) A g 1 () (3.6)

The iteration process is repeated only if the result of the smoothing operation will

be meaningful, that is, the early time components (direct signal and first reflections)

of the already smoothed impulse response h(n)must be preserved when halving it
again with a half smoothing window w,,, (n) . The procedure may be stated as follows:

1. Set the iteration index i to 0 and choose the parameters band m.

. . . N
2. Compute the spectral smoothing window W, (k) using (3) fork = 0,1,2,....,? .
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3. Compute the corresponding time smoothing window wg,(n)by using the IDFT

N
’ 2i+] :

and apply it forn=0,1,2,....

4. Compute the smoothed impulse response hsmi” (n) as:

h."(n)=h, (n)z—l\!wsm(n) 3.7)

where hcsO (n) = h(n) .
5. Evaluate the corresponding minimum-phase inverse impulse response

Ges.mp (n) using the homomorphic method.

6. Compute the equalized room impulse response h,, (n) as:

heq(n) = h(n) A ges ™' (). (3.8)

7. Incrementi,i =i+1 and go to step 2.

34RESULTS

The proposed method was applied to a measured acoustic impulse response of an
audio-conferencing room (typical of a large room) at a sampling frequency of 16 kHz
and recorded to N =8192 (Figure 3-1) [8]. In this example three iterations (i =0,1,2 ) of
the smoothing process using an initial half smoothing window (Figure 3-2-

b=0.5and m=3) was needed to preserve the initial transient portion of the acoustic
impulse response. A reduced-length of the smoothed response h*(n) (Figure 3- 3) was
produced and then used to construct the appropriate minimum-phase inverse impulse

Iesponse ge np° (n) by using an iterative version of the homomorphic method [7]

(Chapter 2) with an optimum number of iterations L =8. This means that g ,,’ (n)is

constructed by 8 successive convolutions of partially calculated minimum-phase

inverse impulse responses e mp 8(n) (Figure 3-4). The particular choice of this

iterative version over the standard method is because of reduced time domain aliasing

given a fixed number N for DFT computation.
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Objective and subjective evaluations

In order to assess the performance of our algorithm, we used an objective frequency
domain error criterion, which estimates the standard deviation of the magnitude
response from a constant level [2]. The error criterion D(dB) is given as follows:

1/2

N .
D=5 & (10tog, [H(K)- H, 1 (3.9)
eN k=0 u
where:
1!
Hn=—a 10log,|H (k) (3.10)
N o

and evaluated for both the original and equalized responses.

But first, let us consider the case of single-point equalization, where the objective
error criterion was calculated function of the number of iteration of the smoothing
process, i (Table 4-1). Corresponding inverse impulse responses of the equalization
filters which have been successively produced are shown in the Figure 3-5, where we

can see a successive reduction in complexity function of i .

Theses results indicate that reverberation phenomenon is significantly removed
after the first (i=0) and second (i =1) iteration, and significantly reduced after the

third (i =2) iteration as compared to that of the original response.

Table 3.1: Objective error criterion (dB) evaluated for both original and equalized

responses function of i (Single-point equalization)

Number of iteration i D(dB)
0 1.8

1 2.86

2 3.54

Original response 8.31

Listening tests have been carried out for subjective evaluation. We used a
headphone (Logitech — Premium Stereo Headset), Matlab's Audio Tools and a

reverberated anechoic speech (obtained by convolution of anechoic speech with the
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acoustic impulse response of Figure 3-1) as original test signal. The original test
signal was convolved with the impulse responses of the equalization filters
corresponding to first, second and third iteration respectively (Figure 3-5). Listening
test processed signals were produced which respectively correspond to first, second
and third iteration of the smoothing process. Subjective results indicated:

- For the ler case (i=0):

The effect of magnitude distortion was perceived as significantly removed from the
reverberated speech, but the effect of phase distortion was still audible ((like a bell
chime sounded at the background — non minimum-phase character of the acoustic
impulse response — Chapter 2). There seemed to be no difference of phase audibility
when compared to that of complete magnitude equalization.

- For the2nd case (i =1):

The effect of magnitude distortion was also perceived as significantly removed from
the reverberated speech in this case, but the effect of phase distortion was less audible
than in the first case.

- For the 3thd case (i =2):

The effect of magnitude distortion was perceived as significantly reduced in this case
as compared to that of the original signal (reverberated speech). When listening
alternatively to both signals, it sounded like when switching between binaural
(reverberated speech) and monaural (processeded signal) listening. The effect of
phase distortion was not audible in this case. This case was subjectively preferred as

compared to the previous cases.

The error criterion was also evaluated for both a second acoustic impulse response
which is different to the initial one, and its corresponding equalized response using
the same reduced complexity inverse filter used to equalize the initial one (Figure 3-5,
(c)i=2 ); assessing in this way potential robustness of the proposed method to

possible changes in the listener position inside the room.

The results for magnitude equalization are tabulated below in the form of the
objective error criterion evaluated for both original and equalized responses. The
magnitude responses of the two cases (initial and second) for both original and

equalized responses are shown in Figure 3-6.
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Table 3.2: Objective error criterion (dB) evaluated for both original and equalized

responses (Initial and second acoustic responses).

Acoustic Original Equalized
Response Response Response
(dB) (dB)
Initial 8.31 3.54
Second 7.46 5.26

These results indicate a significant reduction of the objective error criterion as it
can be seen as spectral magnitude deviation from flatness for both cases (Figure 3-6).
The subjective testing was also evaluated by listening tests through headphone
(Logitech — Premium Stereo Headset) using Matlab's Audio Tools and a reverberated
anechoic speech (obtained by convolution of anechoic speech with the acoustic
impulse response of Figure 3-1 (initial) and that corresponding to magnitude response
of Figure 3-6-2 — (a) (second) respectively) as the original signals test. The subjective
results indicated a significant perceptual preference for the equalized signal over the
original for both cases (initial and second). These results can be considered as

promising for the case of possible changes in the listener position inside the room.

Summary

FIR inverse filters have been designed for partial dereverberation in the context of an
audioconferencing room. These are successively produced after application of an
iterative simple complex smoothing operation to the corresponding measured acoustic
impulse response. The most important results are:

- If the intention is to reduce reverberation, an FIR inverse filter such as that
produced after three (3) iterations of the smoothing process (Figure 3-5, (¢) i=2)
simplify the problem;

- if the intention is to remove reverberation, an FIR inverse filter such as that
produced after one (1) iteration or two (2) iterations of the smoothing process (Figure
3-5,(a)i=0, (b)i=1) can resolve the problem at least for an objective single-point

equalization.
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3.5 CONCLUSIONS

In this chapter, equalization filters design based on iterative simple complex
smoothing has been proposed for large rooms equalization. The algorithm can be
useful in cases of long duration acoustic impulse responses since it results in impulse
responses of reduced complexity which preserve the initial transient data that are
significant to the listener. The algorithm also gives the possibility of stopping the
smoothing process when the corresponding equalization filter produces some pre-

determined equalized magnitude response — partial dereverberation.
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FIGURE 3.1: Acoustic impulse response measured in an audio-conferencing room
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FIGURE 3.2: Initial smoothing windows fori =0
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Smothed Impulse Response
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FIGURE 3.4: Partial minimum-phase inverse impulse response g ' " (n) calculated

=8.

using the iterative version of the homomorphic method with L
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FIGURE 3.5: Impulse responses of the equalization filters obtained after 8 successive
convolutions of partial minimum- phase inverse impulse responses - for :

(a)i=0,(b)i=1and (c) i=2
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Spectrum Magnitude
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FIGURE 3.6 — 2: Deviation of magnitude response from flatness
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Chapter 4

RESULTSVALIDATION

This Chapter presents some preliminary simulation results obtained when the
smoothing process has been applied for a dereverberation system placed before a
simple speech recognition system of isolated words with mono-speaker, and listening
tests validation for a large audio-conferencing room after implementation of an
equalization filter example on Texas Instruments development board. For the speech
recognition system we choosed the equalization filters corresponding to the first and
second iteration. Because reverberation is significantly removed in these two cases
(simulations results in Chapter 3) which is conform to such application, where speech
must be as clean as possible. For the listening tests evaluation we choosed the
equalization filter corresponding to the third iteration. Because reverberation in this

case is significantly reduced which make speech sound naturally in the room.

41 APPLICATION OF SMOOTHING PROCESS TO A SPEECH
RECOGNITION SYSTEM OF ISOLATED WORDS

Current speech recognition systems almost universally assume noiseless speech input
and have been trained with and expect the incoming signal to be free of any ambient
and interfering noise. Typical solutions to achieve this have been requiring the
speaker to be in an acoustically treated room, restricting ambient noise, or using
special microphones. There has been great interest in using a desktop microphone as
the mput device to the recognition system instead of the unnatural headset
microphone. Unfortunately, by making the input device more natural for the user, the
word recognition rate of the system can fall dramatically. Most of the degradation is
thought to be caused by the acoustical characteristics of the recording environment,
particularly the reverberation [1]. Perfect dereverberation of the signal is an ideal

solution, but as it is known, this requires very long inverse filters length for
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implementation. The goal of this application is to evaluate how a partial
dereverberation can improve the performance of a speech recognition system in a
reverberant environment assuming the training to be in an anechoic chamber. In the
next section, we present some preliminary results of the previous technique (iterative
simple complex smoothing of acoustic impulse responses) application in the case of a

simple speech recognition system of isolated French words, and with mono-speaker.

42 RESULTS

The smoothing process was also applied to a simple speech recognition system of two
isolated different French words, and with mono-speaker (Figure 4-1), [2]. This simple
case was considered to assess the effect of smoothing process when applying a speech
dereverberation system (partial single-point equalization) before the recognition
system. The most used decision criterion in isolated words recognition known as

Euclidian Distance was adopted for this assessment and is given as follows:

1/2
2

d(a,b) = gg la - b, (4.1)
Ek=1

[ ey el

where a is a word vector of references, recorded in this application in an anechoic
chamber to make speech perfectly noiseless (training), and bis the incoming word
vector to be recognized. p (equal between 8 and 14) being the model order of LPC
(linear prediction coding) parameters of a and b respectively. The objective is to
minimize the distance d(a,b)by comparison of the word b with all the references.
This means that a reference word a will be identified which is the nearest copy of the

wordb .

In this application the previous acoustic impulse response of an audio-conferencing
room (where the reverberation phenomenon is more significant - figure 3-1) was used
to generate reverberated words by convolution with anechoic words. The equalized
words were generated by application of equalization filters to reverberated words
according to the smoothing process Figure 3-5-(a) i=0 and Figure 3-5-(b) i=1,
respectively, and where reverberation is considered to be significantly removed after

these two iterations. The Euclidian Distance d(a,b) was evaluated for anechoic,

reverberated and equalized words respectively. The results in the case of two (N =2)

French words as references are tabulated below.
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Firstly, these results indicate that the two different words are identified even in

reverberant environment as in the ideal case in anechoic environment, with some

degradation of the Euclidian Distance. But this is a limited word recognition system

(N =2). This means that such degradation can cause a dramatic fall to the word

recognition rate of the system in case of a high number N of words. When applying a

dereverberation system (equalization filters) before the recognition system which is

based on smoothing process of the corresponding acoustic impulse response for one

(Figure 3-5- (a) i=0) and two iterations (Figure 3-5- (b) i =1) respectively, we can

see an improvement of the performance function of the number of iteration and then

FIR inverse filters complexity. These results can be considered as preliminary for a

future application, where the number of isolated words will be very high.

Table 4.1: Euclidian Distance evaluated for anechoic, reverberated and equalized

words
Words Word 1 Word 2
Anechoic words 0 0
Reverberated words 0.6527 0.4261
Equalized words for two
iteration of smooth1ng 0.5119 0.2095
process, i =1
Equalized words for one
iteration of smooth1ng 0.4304 02073
process, i =0
D Equalization Acoustical Comparison
Filter Analyzer LPC bl’bz"' d(a,b) g
Response
i P
References
(@33

FIGURE 4-1: Speech recognition system of isolated words
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43 |IMPLEMENTATION OF AN EQUALIZATION FILTER ON
TMS320VC5510 DSK DSP PLATFORM

EXPERIMENT

An equalization filter representing the example of Chapter 3 (Figure 3-5, (c) i=2)
with reduced complexity (significantly about 1000 samples rather than more than
10000 required in a complete equalization — perfect dereverberation) has been
implemented on TMS320VC5510 DSK kit (Figure 4-2). This impulse response
corresponds to 3.54 dB and 5.26 dB as objective error criterion for the initial and
second equalized impulse responses respectively (Table 4-2). We used a version 2 of
Code Composer Studio to load on the DSP platform the C source coefficients (coded
16 bits integer — int16) of the filter generated by MATLAB and execute the C source
program of an FIR filter implementation (see APPENDIX B — from help instructions
of version 2 of Code Composer Studio). The test signals (wave files coded 16 bits at
16 kHz) transmitted from PC used in this application for listening evaluations were
the same used in chapter 4, but passed trough AIC23 Codec of the DSP kit (for
processing from the line mput (LINE IN) to the line output (LINE OUT)). If DIP
switch 3 is high no filtering of audio Data, but if DIP switch 3 is down audio Data are
filtered by the FIR coefficients before playing the results from LINE OUT of AIC23
Codec.

The first signal is a reverberated speech, obtained after convolution of an anechoic
speech with an initial acoustic impulse response of an audio-conferencing room
(Figure 3-1 and corresponding to magnitude response of Figure 3-6-1- (a)). The
second signal is also a reverberated speech, but obtained after convolution of the same
anechoic speech with a second acoustic impulse response which is different than the
initial one (corresponding to magnitude response of Figure 3-6-2 — (a)), representing
in this way possible changes in the listener position inside the room. The third and
fourth signal are respectively the equalized (filtered) first and second signal (first and
second signal passed trough DSP module for filtering by FIR coefficients - when DIP
switch 3 is down - before playing the results from the output (LINE OUT) of AIC23
Codec).

These four (04) test signals recorded by MATLAB’s Audio Tools from LINE OUT of

AIC23 Codec were presented binaurally in randomly order to young listeners (about
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25 graduation students in a quiet listening class room) with normal hearing through a
headphone (Logitech — Premium Stereo Headset) at a comfortable level. The listening
tests evaluation indicates in Figure 4-3 as it was expected in Chapter 3, a significant
perceptual preference for the equalized signals over the original signals (reverberated
speech) for both cases, the first and second signal (that is, respectively the third and
the fourth signal). These results can be confirmed in an anechoic chamber by
transmitting the recorded wave files trough an adapted loudspeaker to some listeners

placed inside.

'_
CI = T
I McBSPs r-----------momepmoe- | Memory Exp
E
i L0 T
- = A )
o
b »
' o
Voltage Ii
Re
:g Embedded Peripheral Exp |
- o JTAG i gé
v l i 88 ----------------- L — al
3 m Ext. MHEERE [LED | [ DIP |
= ] JTAG LITIL] 0123 0123

FIGURE 4-2: Block diagram VC5510 DSK
Key Features:

* A Texas Instruments 5510 DSP operating at 200MHz

* An AIC23 stereo codec

* 8 Mbytes of synchronous DRAM

* 512 Kbytes of non-volatile Flash memory

* 4 user accessible LEDs and DIP switches

* Software board configuration through registers implemented in CPLD

* Jumper selectable boot options

» Standard expansion connectors for daughter card use

* JTAG emulation through on-board JTAG emulator with USB host interface or

external emulator
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* Single voltage power supply (+5V)
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FIGURE 4-3 Listening tests evaluation

4.4 CONCLUSIONS

Reduced complexity FIR Inverse filters have been applied before a simple speech
recognition system. Simulation results are preliminary but promising for a high
number of words identification. Evaluation of listening tests carried out on Texas
Instrument DSP Board for a reduced complexity FIR inverse filter corresponding to
reduced reverberation confirmed that reported in Chapter 3 by simulation with

MATLAB’s Audio Tools.
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CONCLUSIONSAND FUTURE WORK

Standard homomorphic method to design stable minimum-phase inverse filters for
non-minimum-phase acoustic impulse responses equalization has been presented in

detail.

A modified version of the standard homomorphic method for small rooms
equalization has been proposed. This version is useful in case of partial magnitude
equalization, where the dominant zeros density of the system is not very high.
Although it is used in this work as an additional optimizing tool for the psycho
acoustic quality measurement of speech, this alternative approach is advantageous in
case of the direct inverse filtering (minimum-phase system) when perfect equalization
of a small reverberant room is not desired. Simulation Results using objective and
subjective measurements for an impulse response measured in the car interior show
that by using the modified version we can control the sound quality more precisely

than when using the standard method.

In case of large rooms, an equalization filters design method has been proposed. This
method is based on a modification of the corresponding long duration measured
acoustic impulse responses by using an iterative simple smoothing process.
Corresponding impulse responses of reduced complexity are then produced, but
preserve the initial transient data that are significant to the listener (direct signal and
first reflections). The algorithm also gives the possibility of stopping the smoothing
process when a corresponding designed equalization filter (inverse filter) produces
some pre-determined equalized magnitude response. Equalization results have been
validated in the context of an audio-conferencing room for a reduced complexity
equalization filter (inverse filter) using listening test with a headphone, MATLABs

Audio Tools and implementation on Texas Instruments DSP board.
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Finally, partial dereverberation can be applied to improve the performance of a speech

recognition system, in case of isolated words identification with mono-speaker.

In the future work, partial dereverberation will be applied to phonemes recognition

systems with multi-speakers.
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APPENDIX A

Proof for the relation (3-13), Chapter 3:
The real part of the complex cepstrum of h(n) in the equation (3-6) is defined as the
inverse DFT of the function

H (k) = log|H (k) Al
Applying the direct DFT on the real cepstrum of the minimum-phase hmp(n) in the

relation (3-7) for L=1, leads to
)
H 1 (K) = loglH 1 (K)] - A2
ForL? 1, the relation A.2 becomes
A 0= LlogH A3
mp( )_Eog| mp( )| .
Using the relation (3-3), the minimum-phase part H (k) of the relation (3-9) can be
expressed as follows:
1 1
H pp (K) = exp(—log|H 1o (K)|) = exp(—log]H (K)) A4
L L

Therefore, the inverse of H,,, (k) , G, (k) is given by

G () = exp(- —logH(K)). AS

or
log|Gmp(k)| = %log|H ). A.6
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1. INTRODUCTION

In sound-reproduction systems an equalization filter is often
used to modify the frequency spectrum of the original source
before feeding it to the loudspeaker. The purpose is to make
the impulse response of the equalized sound-reproduction
chain as close as possible to the desired one [1]. In princi-
ple the direct inversion of mixed-phase (or non-minimum-
phase) measured impulse responses of the systems is not pos-
sible since it leads to unstable equalization filter realizations.
Since any mixed-phase impulse response can be represented
mathematically by the convolution of a minimum-phase se-
quence and a maximum-phase (or all-pass) sequence [2], it
is possible to derive and implement an approximate and sta-
ble inverse filter for such systems [3]. This is because a causal
and stable sequence can invert the minimum-phase compo-
nent of any mixed-phase sequence and an infinite acausal
(anticipatory) and stable sequence can similarly invert the
maximum-phase component of such sequences [3]. For the
reason of the implementation complexity of such combined
equalization filters as it will be discussed in Section 2, the
work presented in this paper focuses on the equalization of
the minimum-phase component of the system and its par-
tial equalization importance. One method to design such a
minimum-phase equalization filter is the homomorphic one
based on the measured impulse response of the system. This

method known as standard used for the case of single-point
equalization is described in Section 2. In Section 3, a mod-
ified version of the standard homomorphic method is pro-
posed. It takes into account that the listener is able to de-
tect gradual response variations of less than 0.5 dB [4, 5] and
hence is able to control the sound quality more accurately.
Section 4 shows the magnitude equalization performance re-
sults for an impulse response measured in a car interior using
both objective and subjective measurements.

2. STANDARD HOMOMORPHIC METHOD

A non-minimum-phase discrete impulse response, h(n), of a
system can be described as [2]

h(n) = hmp(”) ® hap(”)> (1)

where ® denotes the discrete convolution. This can be shown
in the frequency domain as

H(k) = Hmp(k)Hap(k)) (2)

where hyp(n) is a minimum-phase sequence, such that its
DFT, Hup (k), satisfies the relation

| Hup (k) | = |H(K) |, (3)
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where H (k) is the DFT of h(n) given by

N-1
H(k) = > h(n)e JCm), (4)

n=0

where N is the length of h(n) and h.p(n) is an all-pass se-
quence of |Hyp (k)| = 1, fork = 0,1,...,N — 1.

The convolution operation of hyp(n) and hap(n) can
be expressed as the algebraic addition of their correspond-
ing complex cepstra ﬁmp(n) and Eap(n) by the homomor-
phic transformation [6]. This leads to a decomposition of a
non-minimum-phase impulse response into its minimum-
phase and all-pass components. The standard homomorphic
method algorithm is outlined as follows [4, 7, 8].

(1) Compute the DFT of h(n).
(2) Compute

H(k) = log |H(K)|. (5)
(3) Compute the real part of the complex cepstrum of
h(n),

N-1
ﬁ(n) = % Z 10g |H(k)|ej(2nkn/N)) (6)
k=0

forn=0,1,...,N — 1.
(4) Compute the corresponding real cepstrum of the
minimum-phase hyp (1),

(b N
b n - 0) 2 b
hp(n) = 2000y N (7)
L 2
~0, % <n<N-1,
where L is a positive real parameter [8].
(5) Compute the DFT of hpp(n),
Hmp(k) = Z hmp(”)e_](Zﬂkn/N)~ (8)
n=0
(6) Compute the minimum-phase part Hyp(k),
Hup (k) = exp (Himp (k). ©)
(7) Compute the equalized response, Heq(k),
Heq(k) = H(k)Gmp(k), (10)
where G (k) represents the inverse of Hyp(k),
1
Gmp(k) = (11)

Hpp (k)

In the time domain, this is equivalent to a deconvolution,
heq(”) = h(n) ®gmp(n)’ (12)

with gmp (1), being the inverse DFT of Gp (k).

In the case of L = 1, the algorithm corresponds to a mag-
nitude equalization. If a sufficiently large number N is used
for DFT computation, the effect of magnitude distortion
caused by the system can be perfectly removed in practice
by convolving h(n) with the inverse minimum-phase impulse
response gmp (1) [3, 7]. The effect of phase distortion can also
be solved by convolving the all-pass sequence, h,,(n), (ob-
tained after deconvolution of h(n) with gmp (1)) with its time
reversed version, hap(—1), [4, 9]. As a result, implementation
of such combined equalization (complete equalization) re-
quires very long FIR filters. But this is not always required in
practice. For this reason, the equalization of the all-pass com-
ponent (phase equalization) will not be considered in this
work.

In the case of L > 1, the algorithm corresponds to a par-
tial magnitude equalization. This requires a shorter FIR filter
to keep the phase distortion below the threshold of audibility
[4].

Sometimes, the frequency response of the system, H(k),
and hence its minimum-phase part, Hpp(k), can be repre-
sented by a low number of isolated dominant zeros. In such
a case, increasing the parameter L by a significant value dur-
ing the control process may shorten the length of the equal-
ization filter too, resulting in an unsatisfactory equalization
performance. This is because an increase in L results in a de-
crease of all the radii of the complex poles of G (k) together
according to the relation derived from (3), (7), and (9) (see
the appendix),

log |Gy (k)| =~ log | H(K)|. (13)

This means that the complex poles of G (k) appear to
be pushed together towards the origin of the unit circle.

In the next section, we propose an alternative approach
in which, instead of pushing all the poles of Gy, (k), we push
the most dominant of them selectively and slightly towards
the origin of the unit circle by decreasing the corresponding
high values of the Q factors (values of the steady-state reso-
nances). This allows controlling the magnitude equalization
performance more precisely—especially applicable in prac-
tice. The reason is that the listener is able to detect gradual
response variations of less than 0.5dB [4, 5]. Furthermore,
the proposed technique is advantageous when the parame-
ter L cannot be calculated theoretically, for example, for the
case of the direct inverse filtering (no cepstral analysis, i.e.,
no steps 2 to 6) of a small reverberant room where the dom-
inant poles can be identified even if they are closely spaced
(10, 11].

3. MODIFIED VERSION

A replacing method of some dominant poles of the inverse
minimum-phase function Gpp(k) is described in this sec-
tion. They are identified using the standard method (L = 1)
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and then replaced before doing the inverse DFT in order to
calculate the corresponding discrete time sequence gmp ()
representing the impulse response of the new equalization
filter.

The z transform function of a complex pole pair is ex-
pressed as [10, 12]

1
(1—lale’fz=1)(1 — |ale /9z-1)’
or (14)

1
1 —2lal cos0z~1 + |a|?z~2’

Hp(z) =

Hp(z) =

where |a is the pole radius in the z plane and 6 = 27(f,/ f.)
is its phase angle with f, being the sampling frequency and
fp the frequency of the complex pole.

Taking the inverse z transform of H,(z) the correspond-
ing impulse response is [10, 12]

_ lal"sin(n0 + 0)
hp(n) = @) u(n), (15)
where u(n) is a unit step function.

The transfer function of the selective filter for a complex
pole pair is

(16)

where the transfer function H »(z) contains a new complex
pole pair at the same frequency of the old pair but at a de-
sired smaller radius, |d|. This technique allows us to decrease
selectively the Q factors values of a low order of isolated
pole pairs in the frequency response Gmp (k). The new inverse
minimum-phase function becomes

Gup(2) = Gump(2)HV (2) - - - HP(2), (17)
and its discrete version
Gup(k) = Grp(K)HD (k) - - - HP (), (18)

where P is the number of identified and replaced dominant
pole pairs from Gpp(k), and HS(P)(k), p = 1,...,P, are the
sampled frequency responses of selective filters equal to the
number of replaced pole pairs, P.

This function is then inverted using the inverse DFT in
order to obtain its discrete time domain equivalent gNmp(n),
shorter than gmp(n) calculated by standard method for L = 1
and longer than g, (n) obtained for L > 1.

One method to identify frequencies of the isolated poles
is to iteratively search for the increased magnitude response
level of Gmp(k) caused by poles (peaks) residing within the
frequency range of interest (in our case below 4 kHz). In each
iteration a maximum magnitude level Gip(f;) correspond-
ing to the highest pole frequency f,, is found. This technique
was found robust even in the case of very closely spaced poles

[10, 11]. After determining the frequency f, of the high-
est pole, the corresponding pole radius must be determined
based on the Q factor value according to the following rela-
tion, since our work here is restricted to a low order of iso-
lated poles [10, 13-15],

1

= 1= lal’ (19)

Q = Gmp(fp)

The replacing method means that the dominant poles of
Gump (k) are identified one by one and then replaced iteratively
by new ones, where each corresponds to a desired Q factor,
6 = 1/(1 — |al), starting from the most dominant one.

The implementation algorithm of the proposed modified
method (useful for partial magnitude equalization) is as fol-
lows.

(1) Compute the steps 1 to 6 as in the standard method for
L=1.
(2) Compute the inverse minimum-phase

1

i (8 .

Gmp(k) =

using Gump (k) = Gy (k).

(3) Setpto 1.

(4) Estimate the most dominant pole from &np(k) as de-
scribed above, (determine f, and |al).

(5) Design its selective filter using (16).

(6) Replace the estimated pole from Gmp(k) using (18).

(7) Increment p = p + 1 and repeat the steps 4, 5, and 6
until p = P.

(8) Compute gnp(n) as inverse DFT of @mp(k).

(9) Compute the equalized response Heq(k),

Heq(k) = H (k) Gpnp (k). (21)
In the time domain, this is equivalent to a deconvolution
heq(”) = h(n) ® §mp(”)- (22)

In the next section we present the performance evalua-
tion of the magnitude equalization performed by the pro-
posed version as compared to that from standard method,
using both objective measures based on an error criterion
and subjective tests of speech quality.

4. RESULTS

In order to assess the performance of our algorithms, we used
a frequency domain error criterion, which estimates the stan-
dard deviation of the magnitude response from a constant
level [4]. The error criterion A(dB) is given as follows:

1 N-1 1/2
A=|= > (10log, |Hq(k)| —Hu)*| . (23)
N k=0
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where
1 N-1
Hy = — > 10log,, | Heq(k)|. (24)
N k=0

Two examples of non-minimum-phase impulse respons-
es were used to compare both algorithms. The first one was
synthetic, used just to enlighten the replacing approach of
a low order of isolated poles, and the second one used real
measurements taken in a car interior. We also introduced in
the proposed version a real parameter / (/ > 1), in order to
selectively decrease the highest Q factors of dominant poles.
This means that the new replacement poles correspond to
desired Q factors, Q = Q/I.

4.1. Synthetic impulse response

We first considered a simple synthetic impulse response. This
was obtained by successive convolution of six known ze-
ros sequences somewhat isolated in the complex z plane
(Figure 1) and with at least one placed outside the unit circle,
which make the impulse response a non-minimum-phase
one. These are defined as ( f. = 8 kHz):

lal =0.99 at f, = 200Hz,
lal =0.99 at f, = 1000 Hz,
la| = 0.85 at f, = 1500 Hz,
(25)
lal = 0.70 at fp = 2000 Hz,
la| = 1.5 at f, = 2500 Hz,
lal =0.95 at f, = 3000 Hz.

Figure 2 shows the inverse frequency response Gpp(k)
from which the two (P = 2) most dominant poles are es-

30 F

20t -

Magnitude (dB)

—20 F

730 -

1 1 1 1 L L 1 |

0 0.5 1 1.5 2 2.5 3 3.5 4
Frequency (kHz)

,,,,,, Standard, L = 1
—-—- Modified, = 2
—— Standard, L =2

F1GURE 2: Inverse frequency response Gmy(k) calculated using dif-

ferent methods.

timated and corresponding to

lai| = 0.9947
laz| = 0.9915

at f; = 200 Hz,

(26)
at f, = 1000 Hz.

These two (P = 2) poles are selectively replaced by two
new poles of smaller radius corresponding to Q;/I and Q,/I
factors, respectively, with a significant value of [, (I = 2)
(Figure 1). In Figure 2, even with some error in the estima-
tion of poles, we still can observe a decrease in the Q fac-
tors depending on the position of the new poles. This cor-
responds to a reduction of gn,(n) length when compared to
gmp(n). When using the standard method and considering
the same significant value of L (L = | = 2), we can see in
Figure 2 that all the poles have been pushed together towards
the origin of the unit circle too, resulting also in the reduc-
tion of the gmp () length, but this is considerably shorter than
that of gnp(1).

The evaluation of the objective error criterion for this ex-
ample is not considered because of its little practical interest.

4.2. Practical impulse response

A real impulse response was measured for the car interior
at a sampling frequency of 8 kHz. A record of 1024 samples
was zero padded up to N = 2048. This impulse response is
shown in Figure 3. In Figure 4 an unstable direct inverse im-
pulse response is shown, demonstrating its non-minimum-
phase character.

Figure 5 shows the inverse minimum-phase frequency re-
sponse Gup (k). It was calculated using the standard method
(L = 1). The most dominant pole can be clearly seen there.
The search was limited to a single pole, that is, P = 1, such
that |a;| = 0.9993 at fi = 70.38 Hz that caused the inverse
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FIGURE 3: Impulse response measured in the car interior.

minimum-phase impulse response gyp(n) to be of a very
long duration (Figure 7).

When using the standard version for a significant value
of L, (L = 2), (Figure 6) we observed that all the poles of
Gmp (k) were pushed together towards the origin of the unit
circle too, resulting in an inverse minimum-phase impulse
response gmp (1) (Figure 7) to be reduced in time too.

When using a modified version, in order to gradually re-
duce the length of the inverse minimum-phase impulse re-
sponse gmp(7), only the most dominant pole needed to be
replaced by a new pole with smaller radius. This pole corre-
sponded to a Q/I factor with the same value of [, (I = L = 2),
but at the same frequency. In Figure 5 we can see the inverse
minimum-phase frequency response of émp(k), where only
the most dominant pole appears to be pushed towards the
origin, with [ = 2.

Figure 7 also shows the corresponding inverse mini-
mum-phase impulse response of g (). Interestingly, its du-
ration is not reduced here too. This may correspond to a
desired magnitude equalization (Figure 8), if the system im-
pulse response was minimum phase (no phase distortion ef-
fects). This is because the magnitude spectrum of the second
case (modified method, [ = 2, A(dB) = 0.7) is flatter than
that of the first case (standard method, L = 2, A(dB) = 2.4).
This means less magnitude distortion of the system.

4.3. Performance testing

The experiment was performed by developing models in
Matlab and Simulink and carrying out listening tests using
headphones. A reproduced speech signal of few seconds in
duration was generated by filtering a clean speech (male and
female measured in anechoic chamber) by the measured im-
pulse response of the car interior (Figure 3). In order to avoid
undesirable convolution effects, we considered a sufficient
large number N = 8192 for DFT computations. The repro-
duced speech signal was then filtered using equalizing filters
calculated by the standard method with L = 1 and L = 2

Amplitude

0 50 100 150 200 250 300

Time (ms)
FIGURE 4: Direct inverse impulse response.
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,,,,,, Standard, L = 1
—— Modified, I =2

F1GURE 5: Inverse minimum-phase frequency response G, (k) cal-
culated by the different methods.

(Figure 7) and the modified version (P = 1), respectively. For
the latter case, the inverse impulse responses corresponded to
each error criterion, function of the parameter / such as that
of Figure 7 with [ = 2, for example. Test signals were played to
ten untrained listeners with normal hearing at a comfortable
listening level. The qualitative assessment of the test signals
was based on subjective judgment of three listening sessions
per each recording scheduled on six consecutive days.

The first signal was always chosen to be clean speech,
while the reproduced unequalized and partially equalized
speech signals were played in random order. The reproduced
speech signals corresponded to the objective error criteria of
5dB (unequalized signal for [ = 0), 0 dB (magnitude equal-
ized signal for /=1), and 0.3 < A(dB) < 3 (partially equalized
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FIGURE 6: Inverse minimum-phase frequency response G, (k) cal-
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FIGURE 7: Inverse minimum-phase impulse responses gm, (1) calcu-
lated by the different methods.

signals for I > 1), respectively. The quantification of sub-
jective judgments was performed according to the following
scale [4]:
(i) 7, 8: good;
(ii) 5, 6: fair;
(iii) 3, 4: poor;
(iv) 1, 2: bad.

Number 8 denotes a sound quality equivalent to the clean

Magnitude (dB)

-25 t
-30 |
735 ) 1 1 1 1 1 1 1 ]
0 0.5 1 1.5 2 2.5 3 3.5 4
Frequency (kHz)
<<<<<< Original response
—— Equalized response (standard method, L = 2)
--- Equalized response (modified method, I = 2)
F1GURE 8: Magnitude response equalization.
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6 4
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- and corresponding to objective |
erfor of 2.4 (dB)

Subjective score
I

0 ; ; ; ; ; ; ; ; ; ;
0 05 1 15 2 25 3 35 4 45 5 55

Parameter [

FIGURE 9: Subjective scores of the sound quality as a function of the
parameter [. Each circle represents the average of 180 observations:
18 for each 10 listeners.

speech. The final result was calculated as a mean of the indi-
vidual listening results (18 each) for each of 10 subjects. The
results are shown in Figure 9 as a function of parameter I,
ranging from I = 0 (unequalized signal) to | = 5 (partially
equalized signal).

The results confirmed those reported in [4] with higher
accuracy. The highest score corresponds to the optimal qual-
ity of speech. That means no perception of phase distortion
(like a bell chime sounded at the background, when I < 3),
no echo and less magnitude distortion caused by the system.

The results also show the sensitivity of the listener’s ear
to small gradual response variations (a variation of less than
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0.5 dB of objective error corresponds to a significant varia-
tion of subjective score of the sound quality); although the
participants in the experiment were nonexpert listeners.

5. CONCLUSIONS

In this paper a modified version of the standard homomor-
phic method for minimum-phase inverse filter design for
non-minimum-phase impulse responses equalization is pre-
sented. This version is useful in cases of partial magnitude
equalization, where the dominant zeros density of the sys-
tem is not very high. Although it is used in this work as
an additional optimizing tool for the psychoacoustic qual-
ity measurement of speech, this alternative approach is ad-
vantageous in case of the direct inverse filtering (minimum-
phase system) when perfect equalization of a small reverber-
ant room is not desired.

APPENDIX

Proof for the relation (13).
The real part of the complex cepstrum of h(n) in (6) is
defined as the inverse DFT of the function
H(k) =log |H(k)|. (A.1)
Applying the direct DFT on the real cepstrum of the

minimum-phase hyp(n) in the relation (7) for L = 1 leads
to

Hup(k) = log | Hmp(K) |. (A.2)
For L # 1, the relation (A.2) becomes
~ 1
Fmp(k) = | log | Hinp(k)|. (A3)

Using the relation (3), the minimum-phase part Hp, (k) of
the relation (9) can be expressed as follows:

Hpp(k) = exp (%log |Hmp(k)|) = exp (%log |H(k)|).

(A4)
Therefore, the inverse of Hyp(k), Gmp (k) is given by
Gunp(k) = exp ( - %log |H(K)| ) (A.5)
or
10g | Gup(K) | = —% log [H(K)|. (A.6)
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ABSTRACT

This paper presents a room equalization method based on
iterative simple complex smoothing of measured acoustic
impulse responses. This is useful in cases of long
duration impulse responses. Corresponding time reduced
impulse responses are derived which conform to
perceptual principles. The smoothed impulse responses
are then used to design equalization filters. Results from
an audio-conferencing reverberant room using objective
and subjective tests show that we can improve the
measured and perceived quality of audio reproduction.

1. INTRODUCTION

Direct equalization of room acoustics based on inverse
filtering of measured mixed-phase impulse responses
introduces a number of theoretical and practical problems
(ideal digital equalization). Particularly, the required
extremely long lengths of the inverse filters (magnitude
and phase equalization) and their sensitivity to possible
changes in the listener position inside the room [1], [2].
When the smoothed room impulse response was used for
the design of “inverse filters™ for audio or acoustic digital
equalization applications, it was found that the effect of
smoothing was desirable since it was allowing the design
of filters with lower sensitivity — from the perceptual
point of view - to possible changes in the listener position
inside the room [3], [4], [5]. The work presented here is
based on the concept of complex smoothing performed
by the simple case of constant bandwidth filters for
“inverse filter” design for acoustic impulse responses
equalization. This concept is adopted because modified
impulse response functions could be derived, which
would present functions of reduced complexity and also
be in agreement with the perceptual principles. The work
presented in this paper is organized as follows: Section 2
presents the theory of the simple complex smoothing [3].
In Section 3 an equalization filter design method is
proposed, which is based on iterative simple complex
smoothing. Section 4 shows the magnitude equalization
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performance results achieved using this proposed method
in the context of a real audio-conferencing room (cnet-
LANNION-FRANCE).

2. SIMPLE COMPLEX SMOOTHING

Let wus consider a discrete-time room impulse
response h(n) and its discrete-frequency response H (k),
where0<n<N-1, 0<k <N-landN is the number of
samples, representing the impulse response length. Then
the complex smoothing operation for the simple case of
constant bandwidth filter can be described as a circular
convolution [3]:

Hcs(k): H(k)®wsm(k) 1)
Where ® denotes the operation of circular convolution
and W, (k) is a spectral smoothing function having the

general form of a low-pass filter.
This is equivalent in the time domain to:

hes (n) = h(n)NWsm (n) )
where W, (n) being the inverse DFTsequence of Wy, (k ).

To consider this spectral smoothing function in a half-
window sense for both parts of the symmetric spectrum

W (k) must be written as:
b—(b-1)cos(zk/m) K=01..m
2b(m+1)-1
i)« 2= RSl M), - -2
0 k=m+1..,N—(m+1)
@)

Where m (samples) is defined as the smoothing index
corresponding to the length of the half window.
Whenb =1, this function represents an ideal low-pass
filter (rectangular frequency smoothing function),

1
Wem(k)={2m+1’
0 ke{m+l .....
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In this case the corresponding time window function
which is represented with a sinc function wg,(n) can be

evaluated easily as:

Wy, (n)= 5
on(1) N m(2m+1)/N ©)
Given that H(k)is a complex function; in general
W, (k) should be a complex function. However, the

preceding expressions represent it as a real function,
assuming it to be a zero-phase function. This assumption
was adopted because of physical considerations, since
with smoothing it is required to avoid imposition of any
unwanted effects on the phase of the original function
and it is also desirable to maintain the half-window time
profile appropriate for capturing transient data of the
acoustic impulse response that are significant to the
listener (direct signal and first reflections).

1 sin(zn(2m+1)/N)

3. EQUALIZATION FILTER DESIGN BASED
ON ITERATIVE SIMPLE COMPLEX

SMOOTHING

In order to overcome the known problems of direct
equalization as stated in the introduction, we propose in
this section an equalization method based on iterative
simple complex smoothing of room impulse responses. In
this method the original room impulse response h(n)is
assumed to be the result of smoothing operation in the
time domain of an initial one (its length was2N ) by a
half smoothing window wg, (n)of N samples. Then in the

first iteration h(n)will be halved in length after the
application of a half smoothing

windowwsm(n)of%samples. As a result a reduced-

length complex smoothed impulse response hcs(n)will be

produced and a minimum-phase inverse impulse
response gcs’mp(n)for smoothed response magnitude

equalization will be evaluated by using the homomorphic
method [6], since the smoothed response may present a
mixed-phase character. This minimum-phase inverse
impulse response g mp(n)WiII be the ‘“equalization

filter’, employed on the original acoustic impulse
response h(n) according to the following expression:
heq (n)= h(n)® Ocs, mp (n) (6)
The iteration process is repeated only if the result of the
smoothing operation will be meaningful, that is, the early
time components (direct signal and first reflections) of
the already smoothed impulse response hcs(n)must be
preserved when halving it again with a half smoothing
window wqy, (n). The procedure may be stated as follows:
1. Set the iteration index i to 0 and choose the
parameters b and m .

2. Compute the spectral smoothing window
. N
Wi, (k) using (3) fork = 0,1,2,....,?.
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3. Compute the corresponding time smoothing
window Wy, (n)by using the IDFT and apply it
forn=012,...., N .

2I+1

4. Compute the smoothed impulse

response hg,, ! (n) as:
hcsHl(n): hcsI (n)?wsm (n) ()
where h,.°(n)=h(n).

5. Evaluate the corresponding minimum-phase
inverse impulse response gcsymp“l(n) using the
homomorphic method

6. Compute the equalized room impulse response
heg(n)as:

heq (n)= h(n)® O, mpi+1(n) (8)

7. Incrementi,i=i+1.

4. RESULTS

The proposed method was applied to a measured acoustic
impulse response of an audio-conferencing room at a
sampling frequency of 16 kHz and recorded to N = 8192
(Figure 1) [8]. In this example three iterations (i =0,1,2)
of the smoothing process using an initial half smoothing
window (Figure 2 - b=0.5andm=3) was needed to
preserve the initial transient portion of the acoustic
impulse response. A reduced-length of the smoothed

response hcsz(n) (Figure 3) was produced and then used
to construct the appropriate minimum-phase inverse
impulse response gcslmpe’(n)by using an iterative version
of the homomorphic method [7] with an optimum number
of iterationsL=8. This means thatge mp (n)is

constructed by 8 successive convolutions of partially
calculated minimum-phase inverse impulse responses

Ges.mp (n) (Figure 4). The particular choice of this

iterative version over the standard method is because of
reduced time domain aliasing given a fixed number N for
DFT computation.

In order to assess the performance of our algorithm, we
used an objective frequency domain error criterion, which
estimates the standard deviation of the magnitude
response from a constant level [2]. The error criterion
A(dB) is given as follows:

1 N-1 1/2
A= WZ:(lologm|H(k)|—Hm)2 ©)
k=0
where:
1 N-1
H,, =W21OI0910|H(k)| (10)
k=0

and evaluated for both the original and equalized
responses. This error criterion was also evaluated for both



a second acoustic impulse response which is different to
the initial one, and its corresponding equalized response
using the same inverse filter used to equalize the initial
one; assessing in this way potential robustness of the
proposed method to possible changes in the listener
position inside the room.

The results for magnitude equalization are tabulated
below in the form of the objective error criterion
evaluated for both original and equalized responses. The
magnitude responses of the two cases (initial and second)
for both original and equalized are shown in Figure 5.

Table 1. Objective error criterion (dB) evaluated for both
original and equalized responses.

Acoustic Original Equalized
Response Response (dB) Response (dB)
Initial 8.31 3.54
Second 7.46 5.26

These results indicate a significant reduction of the
objective error criterion as it can be seen as spectral
magnitude deviation from flatness for both cases (Figure
5). The subjective testing was also evaluated by listening
tests through headphones using Matlab’s Audio Tools
and a reverberated anechoic speech as the original signal
test. The subjective results indicated a significant
perceptual preference for the equalized signal over the
original. These results can be considered as promising for
the case of possible changes in the listener position inside
the room.

Impulse Response

Amplitude

Time (ms)

Figure 1. Measured acoustic impulse response
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Figure 5 — 1. Deviation of magnitude response from flatness
() Initial original response, b) Equalized response

5. CONCLUSIONS

Equalization filters design based on iterative simple
complex smoothing has been proposed for room
equalization. The algorithm can be useful in cases of long
duration acoustic impulse responses since it results in
impulse responses of reduced complexity which preserve
the initial transient data that are significant to the listener.
The algorithm also gives the possibility of stopping the
smoothing process when the corresponding equalization
filter produces some pre-determined equalized magnitude
response.
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Abstract - In this paper, a technique for dereverberation systems
design based on partial equalization for room acoustics is
presented. In thistechnique, an iterative simple smoothing process
is applied to the original impulse response of a large room before
its inversion. Corresponding time reduced impulse responses are
derived which conform to perceptual principles. The smoothed
impulse responses are then used to design equalization filters
using the Homomorphic method. Equalization results for a
reverberant audio-conferencing room have been validated by
listening tests after implementation of a reduced complexity FIR
inversefilter on Texas|nstruments DSP board.

I. INTRODUCTION

Reverberation phenomenon is caused by the room effect
where the useful source is placed. This is because of acoustic
wave reflections. Hands-free or/and loud-speaker systems are
very sensitive to reverberation in communications and, in
general, when a sound recording is taken in an enclosure
without a particular acoustical treatment. When reverberation is
relatively significant, the source seems to be subjectively far
away and then the speech intelligibility is degraded.

Dereverberation is to make the desired signal completely or
partially clean of the room effect. A perfect dereverberation
would leave only the wave coming directly from the source and
would produce the same effect than a sound recording taken in
an anechoic chamber. This is not required in room acoustics
because a moderate room effect can make the speech to sound
natural.

A first approach of dereverberation is an inversion of the
acoustic channel represented by its measured impulse response,
which provides the room effect between the source and the
microphone installed in the room. This approach is not realistic
because the frequency response of the room has many zeros
which rapidly vary with the microphone position in the room.
Therefore, it is required to use methods taking into account the
temporal and spatial aspects of the reverberation phenomenon

[1].

Some methods based on direct inversion of the acoustic
channel have been proposed by some authors [2], [3], [4], but
they still need modifications to be adapted to corresponding
contexts, to better respond to the desired speech quality. In this
paper, we present an equalization technique (inversion method)

of the acoustic channel, recommended in the context of a large
room, such as audio-conferencing and video-conferencing
rooms.

The goal is to design stable equalizers Finite Impulse
Responses (FIR) digital filters (FIR inverse filters) taking into
account temporal and spatial aspects of the reverberation
phenomenon.

This technique which is based on the application of an
iterative simple smoothing process to the original acoustic
impulse response before its inversion, allows reducing
simultaneously the rebeverberation effect and the complexity
of the designed FIR inverse filters for implementation [5].

The work presented in this paper is organized as follows:

Section 2 presents the theory of the simple complex smoothing
[6]. In Section 3 an equalization filter design method is
proposed, which is based on iterative simple complex
smoothing. Section 4 shows the magnitude equalization
performance results achieved using this proposed method in the
context of a real audio-conferencing room (CNET-LANNION-
FRANCE). Section 5 discusses the listening tests results
obtained for a large audio-conferencing room, after
implementation of an equalization filter example on Texas
Instruments DSP board.

II. SIMPLE COMPLEX SMOOTHING

Direct equalization of room acoustics based on inverse
filtering of measured mixed-phase impulse responses
introduces a number of theoretical and practical problems
(ideal digital equalization). Particularly, the required extremely
long lengths of the inverse filters (magnitude and phase
equalization) and their sensitivity to possible changes in the
listener position inside the room [3], [7]. When the smoothed
room impulse response was used for the design of ‘inverse
filters for audio or acoustic digital equalization applications, it
was found that the effect of smoothing was desirable since it
was allowing the design of filters with lower sensitivity — from
the perceptual point of view - to possible changes in the
listener position inside the room [8], [9], [10]. The work
presented here is based on the concept of complex smoothing
performed by the simple case of constant bandwidth filters for
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‘inverse filter’ design for acoustic impulse responses
equalization. This concept is adopted because modified
impulse response functions could be derived, which would
present functions of reduced complexity and also be in
agreement with the perceptual principles.

Let us consider a discrete-time room impulse response h(n)

and its discrete-frequency response H (k),

where0ENEN-1,0EKEN-1and N 1is the number of
samples, representing the impulse response length. Then the
complex smoothing operation for the simple case of constant
bandwidth filter can be described as a circular convolution [8]:

Hes(k) = H (k) AW (k) (1)
Where A denotes the operation of circular convolution and
Wsm(k) is a spectral smoothing function having the general
form of a low-pass filter.

This is equivalent in the time domain to:

hes () = h(n)Nwi, (n) @
where W (n) being the inverse DFT sequence ostm(k).

To consider this spectral smoothing function in a half~-window
sense for both parts of the symmetric spectrum Wsm(k) must be
written as:

h s k=0,1,.,m
N 2bim+li- 1

ib- (b- l)cos(pk/m)

|
|
_jb- (b- l)cos(p(k- N)/m) N . i

Wsm(k)__: ol 1)1 , k=N-mN-(m-1),.,N-1

i0 k=m+1,..,N- (m+1)

I

1

A3)

Where m(samples) is defined as the smoothing index

corresponding to the length of the half window. Whenb =1,
this function represents an ideal low-pass filter (rectangular
frequency smoothing function),

- ki
Wen(k)= i 2m+1°
ki

fo

{od.,mpE{N- mN- (m-1)..,N-1}

{m+1,..,N- (m+1}

)

In this case the corresponding time window function which is
represented with a sinc function Wsm(n) can be evaluated easily
as:

()= 1 sin(pn(2m+1)/N)

W,
N pn2m+1)/N

sm

)

Given that H (k) is a complex function; in general Wsm(k)
should be a complex function. However, the preceding
expressions represent it as a real function, assuming it to be a
zero-phase function. This assumption was adopted because of
physical considerations, since with smoothing it is required to
avoid imposition of any unwanted effects on the phase of the
original function and it is also desirable to maintain the half-
window time profile appropriate for capturing transient data of
the acoustic impulse response that are significant to the listener
(direct signal and first reflections).

III. EQUALIZATION FILTER DESIGN BASED ON
ITERATIVE SIMPLE COMPLEX SMOOTHING

In order to overcome the known problems of direct
equalization as stated in the previous section, we propose in
this section an equalization method based on iterative simple
complex smoothing of room impulse responses. In this method

the original room impulse response h(n)is assumed to be the

result of a smoothing operation in the time domain of an initial
one (its length was2N) by a half smoothing
window Wsm(n) of N samples. Then in the first

iteration h(n) will be halved in length after the application of a

. N
half smoothing WlndOWWsm(n) of7 samples. As a result a

reduced-length complex smoothed impulse response hcs(n) will
impulse
magnitude

be produced and a minimum-phase inverse
response g, mp(n) for  smoothed  response

equalization will be evaluated by using the homomorphic
method [2], since the smoothed response may present a mixed-
phase character. This minimum-phase inverse impulse
response Qe mp(n) will be the “equalization filter’, employed

on the original acoustic impulse response h(n) according to the
following expression:

heq () = h(n) A g mp () (6)

The iteration process is repeated only if the result of the
smoothing operation will be meaningful, that is, the early time
components (direct signal and first reflections) of the already
smoothed impulse response hcs(n)must be preserved when
halving it again with a half smoothing window Wsm(n). The
procedure may be stated as follows:

1. Set the iteration index i to 0 and choose the
parameters b and m.
2. Compute the spectral smoothing window Wsm(k)

using (3) fork = 0,1,2,....,;.
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3. Compute the corresponding time smoothing
Windowwsm(n)by using the IDFT and apply it
N
forn=0,1,2,.. ’2|+1'

4. Compute the smoothed impulse response hsni” (n) as:
. ) N
=) o
where h,.’(n) = h(n).

5. Evaluate the corresponding minimum-phase inverse

impulse  response gcs’mpi”(n) using  the

Homomorphic method.
6. Compute the equalized room

heq(n) as:
heg(n) =

impulse response

h(n)A gesmp ' (M) ®)

7. Incrementi ,i =i +1and go to step 2.
IV. SIMULATION RESULTS

The proposed method was applied to a measured acoustic
impulse response of an audio-conferencing room at a sampling
frequency of 16 kHz and recorded to N =8192 (Figure 1) [11].
In this example three iterations (i =0,1,2) of the smoothing
process using an initial half smoothing window (Figure 2 -
b=0.5andm=3) was needed to preserve only the initial
transient portion of the acoustic impulse response. A reduced-
length of the smoothed response hcs3 (n) (Figure 3) was
produced and then used to construct the appropriate minimum-

phase inverse impulse response gcs’mp3(n) by using an

iterative version of the homomorphic method [12] with an
optimum number of iterationsL=8. This means

that geg mp3 (n)is constructed by 8 successive convolutions of
partially calculated minimum-phase inverse impulse responses
Ocs, mp” 8(n) (Figure 4). The particular choice of this iterative

version over the standard method is because of reduced time
domain aliasing given a fixed number N for DFT computation.

In order to assess the performance of our algorithm, we used
an objective frequency domain error criterion, which estimates
the standard deviation of the magnitude response from a
constant level [7]. The error criterion D(dB) is given as

follows:
61y 201/2
D=é-3 (1010g, [H(K)|- Hof 9)
8" k=0 o]
where:

N- 1
[¢}
:%a 101og;o|H (k) (10)
and evaluated for both the original and equalized responses.
This error criterion was also evaluated for both a second
acoustic impulse response which is different to the initial one,
and its corresponding equalized response using the same
inverse filter used to equalize the initial one; assessing in this
way potential robustness of the proposed method to possible
changes in the listener position inside the room.

The results for magnitude equalization are tabulated below in
the form of the objective error criterion evaluated for both
original and equalized responses. The magnitude responses of
the two cases (initial and second) for both original and
equalized are shown in Figure 5.

TABLE 1
Objective error criterion (dB) evaluated for both original and
equalized responses.

Acoustic Original Equalized

Response Response (dB) Response (dB)
Initial 8.31 3.54
Second 7.46 5.26

These results indicate a significant reduction of the objective
error criterion as it can be seen as spectral magnitude deviation
from flatness for both cases (Figure 5). The subjective testing
was also evaluated by listening tests through a headphone
using Matlab’s Audio Tools and a reverberated anechoic
speech as the original signal test. The subjective results
indicated a significant perceptual preference for the equalized
signal over the original. These results can be considered as
promising for the case of possible changes in the listener
position inside the room.
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Fig 1 Measured acoustic impulse response
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Fig 5 -1 Deviation of magnitude response from flatness

(a) Initial original response, b) Equalized response
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Fig 5-2 Deviation of magnitude response from flatness
a)  Second original response, b) Equalized response

V. IMPLEMENTATION OF AN EQUALIZATION FILTER
ON TMS320VC5510 DSK DSP PLATFORM

An equalization filter representing the example of Section 4
(Figure 7) with reduced complexity (significantly about 1000
samples rather than more than 10000 required in a complete
equalization — perfect dereverberation) has been implemented
on TMS320VC5510 DSK kit (Figure 8). We used a version 2
of Code Composer Studio to load on the DSP platform the C
source coefficients (coded 16 bits integer — int16) of the filter
generated by MATLAB and execute the C source program of
an FIR filter implementation. The test signals (wave files coded
16 bits at 16 kHz) transmitted from PC used in this application

PDF created with pdfFactory Pro trial version www.pdffactory.com



http://www.pdffactory.com

for listening evaluations were the same used in Section 4, but
passed trough AIC23 Codec of the DSP kit (for processing
from the line input (LINE IN) to the line output (LINE OUT)).
If DIP switch 3 is high no filtering of audio Data, but if DIP
switch 3 is down audio Data are filtered by the FIR coefficients
before playing the results from LINE OUT of AIC23 Codec.

The first signal is a reverberated speech, obtained after
convolution of an anechoic speech with an initial acoustic
impulse response of an audio-conferencing room (Fig 1 and
corresponding to magnitude response of Figure 5-1- (a). The
second signal is also a reverberated speech, but obtained after
convolution of the same anechoic speech with a second
acoustic impulse response which is different than the initial one
(corresponding to magnitude response of Figure 5-2 — (a),
representing in this way possible changes in the listener
position inside the room. The third and fourth signal are
respectively the equalized (filtered) first and second signal
(first and second signal passed trough DSP module for filtering
by FIR coefficients - when DIP switch 3 is down - before
playing the results from the output (LINE OUT) of AIC23
Codec.

These four test signals recorded by MATLAB’s Audio Tools
from LINE OUT of AIC23 Codec were presented binaurally in
randomly order to young listeners (about 25 graduation
students in a quiet listening class room) with normal hearing
through a headphone (Logitech — Premium Stereo Headset) at a
comfortable level. The listening tests evaluation indicates in
Figure 9 as it was expected in Section 4, a significant
perceptual preference for the equalized signals over the original
signals (reverberated speech) for both cases, the first and
second signal (that is, respectively the third and fourth signal).
These results can be confirmed in an anechoic chamber by
transmitting the recorded wave files trough an adapted
loudspeaker to some listeners placed inside.

Equalizer
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Fig 7: Impulse response of the equalization filter obtained after 8 successive
convolutions of partial minimum-phase inverse impulse response of the
example shown in the Figure 4, section 4.
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Fig 8: Block diagram VC5510 DSK

Key Features:

* A Texas Instruments 5510 DSP operating at 200MHz

* An AIC23 stereo codec

* 8 Mbytes of synchronous DRAM

* 512 Kbytes of non-volatile Flash memory

* 4 user accessible LEDs and DIP switches

* Software board configuration through registers implemented

in CPLD

* Jumper selectable boot options

» Standard expansion connectors for daughter card use

* JTAG emulation through on-board JTAG emulator with USB
host interface or external emulator

* Single voltage power supply (+5V)

6oz oo o =g

o= oo wn
IS

Second signal ~ Equalized second  First signal
signal — 4th signal

Equalized first
signal — 3rd signal

Preference Score 1: the most preferred signal.

Fig 9: Listening tests evaluation

VI. CONCLUSIONS

A technique for dereverberation systems design based on
partial equalization for room acoustics is presented. In this
technique, a modification of the corresponding long duration
measured acoustic impulse response is produced by applying
an iterative simple smoothing process. Corresponding impulse
responses of reduced complexity are then produced, but
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preserve the initial transient data that are significant to the
listener (direct signal and first reflections). The algorithm also
gives the possibility of stopping the smoothing process when a
corresponding designed equalization filter (inverse filter)
produces some pre-determined equalized magnitude response.
Equalization results have been validated in the context of an
audio-conferencing room for a reduced complexity
equalization filter (FIR inverse filter) using listening test with a
headphone, MATLAB audio tools and implementation on
Texas Instruments DSP board
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