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Abstract

This paper presents a method to obtain room trans-
fer functions for applications in the design of intelli-
gent systems for video conferencing. In these applica-
tions the acoustical dynamics, for example, affects the
quality of the recorded speech signal and the ability
to achieve accurate source localization. The first part
of the paper gives results on the identification of pa-
rameterized room transfer functions. The second part
presents a method to extrapolate room transfer func-
tions from the identified models. The extrapolation is
achieved by getting a functional form of the transfer
function parameters which depends on the speaker and
the microphone locations.

1 Introduction

Room acoustics is a well researched phenomenon [6],
and there are several well-known methods to obtain
room acoustics, see for example [1,5,9]. These (nu-
merical) methods have been used mainly to study the
integral effects of sound, e.g., reverberation times and
acoustic energy distribution. Our interest is in the
transient response of the room acoustics. The meth-
ods used to study the integral acoustical effects do not
work well for obtaining the transient response. Active
noise control [7] and echo canceling [2] applications also
require a suitable model to determine the transient re-
sponse. In these applications the room transfer func-
tion is either obtained from the analytical solution of
the wave equation or a black-box dynamic model is
identified from the experimental data [7]. Our interest
in obtaining room transfer functions stems from the
desire to design intelligent systems for video conferenc-
ing, where the acoustical room transfer function, for
example, affects the quality of the recorded speech sig-
nal, and the ability to achieve accurate source localiza-
tion. For this type of application a few point-to-point
room transfer functions, used in control applications,
are not sufficient. For the ultimate aim of high fidelity
sound reproduction it is envisaged that hundreds of
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room transfer functions between several points in the
room will be needed. The use of the wave equation
to derive these transfer functions becomes impractical
when one realizes that even a modest room dynamics,
in the 20-500 Hz range, can only be modeled with sys-
tem orders around one thousand [8]. In practice one
also knows that there is an overcrowding of modes and
due to the damping provided by the absorbent room
surfaces, only a fraction of the modes are prominent.
This typically means that only %th or %th of the the-
oretically predicted modes need to be retained to cap-
ture the room acoustical dynamics with high fidelity.
With this observation in mind, one can see that a prac-
tical way of obtaining room transfer functions should
be based on an exchange of information between ex-
perimental data and the theoretical model. This paper
presents an approach to estimating room transfer func-
tions where the experimental data is gathered first and
then the estimated modes are used to extrapolate room
transfer functions at several locations in the room. The
extrapolating functions are suggested by the analytical
model.

A similar approach to estimate room transfer functions
has been proposed in [3]. The method in [3] is based on
the key observation that the zeros of the transfer func-
tion of the acoustical system depend on the speaker and
the microphone location, while the poles depend only
on the room geometry. See [4] for a detailed discussion
on these aspects. In [3] the common-pole acoustical
models are first derived from the experimental data.
These models are then used to interpolate and extrap-
olate the room transfer functions between the speaker
and an arbitrary microphone location. In this paper
we primarily take the findings in [3] one step further.
We investigate various identification procedures, and
then we extrapolate the estimated transfer functions,
not only in one dimension as in [3], but in two dimen-
sions. We also highlight a couple of the difficulties in
estimating these transfer functions.

The research presented in this paper is a part of a larger
research thrust that is being pursued in the Computer
Vision and Robotics Research Laboratory, University
of California, San Diego. The overall objective of the
research is to develop Intelligent Environments where
the system is able to extract and dynamically maintain
robust 3-D geometrical and compositional models of a



room and react to the activities in the room in an “in-

telligent” and efficient manner [10]. AVIARY (Audio
Video Interactive Appliances, Rooms, and sYstems) is
the main testbed built for this research project and it
utilizes a network of cameras and microphone arrays
for capturing the sensory information.

This paper is organized as follows. The next section
presents the derivation of the assumed modes model
from the three-dimensional wave equation. In Sec-
tion 3 the identification method for obtaining room
transfer functions from the experimental data is pre-
sented. Section 4 gives the method used in extrapo-
lating new room transfer functions from the identified
transfer functions. Section 5 lists the conclusions of
this work.

2 AVIARY Model

The wave equation for a three-dimensional acoustic sys-
tem is [6]:
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where p(r,t) is the acoustic pressure at location r =
{z,y, 2}, co is the speed of sound, py is the air density,
rs = {Zs,ys, 25} is the speaker location, iy, (t) is the
acceleration imparted to the medium by the speaker,
and d(-) is the Dirac delta function. AVIARY has rigid
boundary conditions:

Ip(r, 1) _ Op(r,t)
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where AVIARY has dimensions L, x Ly x L.

Let us assume that a solution to the wave equation (1)
can be written in the following form:
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i,j,k=0

k(2) qn(t). (3)

This is known as the assumed modes solution; ¢;(z),
¥;(y), and ¢ (z) are known as the mode shapes, g, (t)
are the generalized co-ordinates, and n is a unique num-
ber for each triplet {i,j,k}. For the boundary condi-
tions (2) using standard methods one can obtain [6]:

k
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Substituting the above expression (3) in the wave equa-
tion (1), multiplying by ¢:(x)¥; (y)¢r(2), and then in-
tegrating both sides as
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the following simplified relationship is obtained:
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Defining

bu(rs) = _C%P()(f)i(l'S)wj(yS)‘Pk(zs), and

cn(rm) = (bz(xm)% (Ym )k (2m),

where 7, = {Zm, Ym, 2m } is the microphone location,
equation (5) can be written as:

G + W2 qn = bn(rs)iy, (1), n=1...00. (6)

Let us define p,(rm,t) 2 cn(Tm)qn(t). Physically
speaking this means that p,(r,t) is the acoustic pres-
sure due to n** modal function. The acoustic pressure
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is the sum of all the modal contributions.

In any practical model all the infinite modes cannot be
included and only a finite number, say L, of modes are
included. The above information can also be expressed
as the transfer function between a speaker at location
rs and a microphone at location r,, as:

P(rm,s) bn(rs)en(Pm)
m - le::l s? + QCanS + UJTQL, (7)

s

where (,, is the damping of the nt* mode. The values of
these constants are arrived at from experimental data.

In a practical scenario, we of course have to work
with sampled data. Using an assumption on “impulse-
invariance”, the discrete-time transfer function corre-
sponding to (7) reads as

H(™rs,mm) =
Z bu(rs)en(rm)éne™ (8)

1 —2e=Ts cos(knTs)e™I¥ + e=2nTs g=2jw

n=1



where T denotes the sampling interval and

Sn = CaWwn (9)
Ky o= wi(l-G) (10)
¢, = T, sin(n,;Ts)e*C"Ts ‘ (11)

The terms b, (rs)cn(rm), n =1,...,L, are of special
interest. These terms depend only on the speaker and
the microphone location. It is this parameterization
which helps in extrapolating the available room trans-
fer functions to obtain room transfer functions at new
locations as shown in Section 4.

3 Identification

In this section we outline a procedure for estimating the
room transfer functions from the experimentally ob-
tained frequency response data. A sketch of the room
with the microphone arrangement is shown in Figure 1.
In our identification experiments we used a swept sinu-
soid input (0 — 500 Hz), with a sampling frequency of
F, = 16 kHz. The data are subsequently down-sampled
with a factor 12. Suppose that we have collected N
samples of the outputs of M microphones, denoted as

y(t) = [yl(t)7 7yM(t)]Tv t=0,---,N-1 (12)
The microphones are located at positions r} ,--- M.
Room configuration (3D & 2D view)
* % *

Figure 1: AVIARY (dimensions in ¢cm). + - microphones)

In principle, the identification can be performed by
minimizing the following least squares criterion,

1 N-—1 H(q;'r‘s,r%n)
~ 2 lv® : u(t)]|*  (13)
=0 H(g;rs,mM)

with respect to

0=[w1---wLCr--CLu}---u%]T, (14)

where H(q;rs,7%) are the transfer functions defined
in (8), pk = &bn(rs)en(rt,), and u(t) denote the
known input signal (i.e. the swept sinusoid). Since the
source location and the microphone location are known,
we could also parameterize the transfer functions using
the assumed modes. However, at this stage we be-
lieve that such precise modeling complicates the mat-
ter. Therefore, the “unstructured” parameters pk are
introduced. Note that the least squares criterion (13)
includes M experimentally observed responses. The
transfer functions chosen to match these M responses
are so parameterized that they all have common poles.
It should be emphasized that this method is different
from fitting a transfer function to each response sepa-
rately. There are several pole-zero cancellations for a
given location of the speaker and the microphone. This
means that only one experimentally observed response
is incapable of capturing the room acoustical dynamics.
The method suggested in this paper overcomes this dif-
ficulty by firstly choosing a suitable parameterization
and secondly using data from several responses.

3.1 Initialization

Since the criterion (13) is non-linear in the parameters
of interest, we have to deal with non-linear optimiza-
tion, and it becomes important to obtain an accurate
“guesstimate” to initialize the non-linear optimization.
For that purpose, we first assume the following “black-
box” model structure:

-+ asny(t —2L) =

-+ Boru(t —2L) + E(t),
(15)
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where By, € RM*! and ap € R'. The parameters
O =[a1 ---asr, BY - Byr]T can then be estimated
as the minimizing argument of

Vio (Ors) = — Z IE®). (16)

The advantage with the model structure (15) is that
this criterion is linear in @p;,. The initial estimate of w,,
and (,, can then be computed from

. 1
h = —F—— (17)
2
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where the nt* root of (1 +a127" + -+ asr272F) =0
is denoted as p,, = 7n,e/?*. The so obtained values
of én and w,, are then used as an initial guess when
optimizing the criterion (13). To further simplify the
problem, note that (13) is linear in the parameters uk .
The cost-function V(@) can hence be concentrated with



respect to puk, n=1,--- L, k=1,--- M, leaving us
with the problem of minimizing V(@) with respect to
06 = [wl cee Wy CICL]

3.2 Model Order

Let us now investigate how to choose the model order
L. For that purpose, we used the first 2000 samples of
the data to estimate 6y,. We then use the next 2000
samples for validation. To determine the model order,
we compute the simulated output as

yi(t) + a1y®(t — 1) + - - + dany®(t — 2N)

for various model orders. To decide on the model order
. M
we compute the quantity > =, €, where

?i%%oo(ym(t) —yp(1)? -

€m = 3999
t=2000 (ym(t))?

The outcome of this experiment is illustrated in Fig-
ure 2. Based on Figure 2 we conclude that L should be
chosen from the interval {70,90}.
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Figure 2: Evaluation of (20) for different values of L.

3.3 Experimental Data

The experiments were performed in the AVIARY
shown in Figure 1. The dimensions of the AVIARY,
ie., Ly x Ly x L,, are 6.6m x 3.3m x 2.9m. The
loudspeaker is located at rs = {1.7m,1.6m,1.0m},
and is facing the microphones on the left wall in the
{y, z} plane. There are eight microphones in the room
(marked by pluses) but only the four on the left hand
side of the room are used for these experiments. The
response was recorded between the speaker and these
four microphones. In the work in this paper it’s as-
sumed that the transfer function of the microphone can
be modeled by a constant gain in the frequency range of
interest. In Figure 3 we illustrate the estimated trans-
fer functions for L = 70, where the estimated transfer

functions are obtained by minimizing (13), using @y
as the starting point. Clearly, we obtain quite a good
fit between the experimental data and the identified
model.

Due to the non-linear nature of the optimization prob-
lem the identification process is a bit tedious. With
the knowledge of the physics of the problem and our
initialization method we were able to get a very good
match but this is only the first step. The second and
the crucial step is the ability of our identified model
in extrapolating room transfer functions for locations
at which no experimental data is available. The next
section discusses the extrapolation problem.

4 Extrapolation

Even if we obtained a good fit in Figure 3, it is impor-
tant to remember that the involved model orders are
quite high, and the minimization of the criterion (13)
can easily end up in a local minimum. Primarily as a
means for validating the estimated model, but also for
validation of the theoretical model (8), we will next at-
tempt to extrapolate the estimated transfer functions.

4.1 Fitting a function to pf

Based on the assumed modes solution we can assume
that for every mode w, and a fixed z-coordinate, the
terms p can be written as:

= C cos(Bnys) cos(Ynzs) X

cos(Bnyl,) cos(vnzl,)
: (21)

co8(Bnym ) cos(ynzpm )

Here C, 8, and 7, are unknown constants. Note that
we have only included the first M — 1 microphones in
the above relationship (21) since our aim is to extrap-
olate these terms for the microphone M. In a practical
scenario, we have an estimate ﬂi{M ~! from the iden-
tification step in the previous section, at our disposal,
but the values 3, and 7, are generally unknown. We
next propose to estimate these quantities as

~L:M—1

An,An = arg min
{BnsAn} gﬁm%llun A

TR e &

(22)
where

B, =ty (Br 1n) = c08(Bnys) cos(vnzs) X
cos(Bnyt,) cos(ynzl,)
: (23)

co8(Bnym ) cos(ynzp )
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Figure 3: Magnitude of estimated transfer functions. Solid line: model based estimate. Dash-dot: Fourier-based estimate.

The above minimization is performed subject to 3, =
T and s
Z- an -
L, T I,
Hence, in practice we have to perform a grid-search
over a set of feasible integers ¢ and j. The scalar C' can

subsequently be estimated as

i (B An) iy~

, where ¢ and j are positive integers.

C =

(24)

Now, if the estimated transfer functions are accurate,
we should be able to use the above findings for extrap-
olating the transfer function at a position /. More
precisely, let

ﬂnM = C’cos(Bnys) cos(Ynzs) cos(Bny%) cos(%z%).
(25)

4.2 Experimental Data

To illustrate the extrapolation procedure we consider
Figure 4, which shows the microphone arrangement on
the left wall ({y,z} plane) of the AVIARY shown in
Figure 1. Here, yo = 1.65, 29 = 1.55, and Ay = Az =
0.25 (all measures are in meters). Our task is now to
apply the above procedure for extrapolating the fre-
quency response of the upper right microphone, using
the estimated responses at the remaining three posi-
tions.

,,,,,,,,,,,,,,,, .,.
D T Q- )
- Ay ’
Yo

Figure 4: Microphone arrangement.

In the first set of experiments it was difficult to get
good extrapolations with the data obtained from only
three microphones.

Right now we can only speculate about the sources for
errors. A likely problem is that the chosen model or-
der (L = 70) is not sufficient to give a good fit for all
frequencies. Even if the model order is not correct, we
can still get a good match in the frequency domain, but
the individual parameters cannot be given the proper
physical interpretation. A second pitfall is that our
optimization procedure got stuck in a local minimum.
However, the most probable explanation is that the
ideal conditions assumed to obtain the analytical solu-



tion to the wave equation are not completely true. For
instance, when we performed our experiments, a table
along with some standard office equipment was present
in the room. The wave equation solution assumes a
perfectly rectangular room, with no obstructing ob-
jects. Continuing from the very encouraging results
of this paper, our research is presently concentrating
on improving the proposed method in view of the afore
mentioned limitations.

5 Conclusions

Applications in need of acoustical modeling is increas-
ing. The theoretical treatment given in this paper
serves as a framework for designing new powerful sig-
nal processing methods. Of special interest in this con-
tribution was the problem of identifying the transfer
function from a single source to multiple microphones.

The main contribution of this paper is the pro-
posed procedure for simultaneous estimation of mul-
tiple acoustical transfer functions. Using real data
recordings, we unfortunately had limited success with
the extrapolation method. The reason for the failure is
probably the large order of the involved transfer func-
tion, and also the fact that the geometry of the studied
room does not match the ideal conditions assumed in
the analysis.
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