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ABSTRPCE
We atamine the principal methods for measuring inpulse reqao‘nse in room acous-
tics. The first part of the paper is a synthesis of conventional techniques ;
the second discusses :1de methods. A theoretical and a practical approach is
presented for each method, together with the main advantages and disadvantages
of the technique. It is shown in the second part that all new techniques in our
signal processing are based on convolution and correlation theory.
INTRODUCING!
fie major difficulty ermurtered in the field of room acoustics measuranent is
due to the fact that there is no mathematical description (model) characteri—
zing the behaviour of the systems. The approach generally used byacousticians
is one of direct experiment on the system to determine its acoustic properties.
This experinentation usually leads to neasuxenent of the impulse responsemnich
is the time operator proper to the system. This function is determined by stu—
r‘ying the response of the system toparticular excitation signals. In this stu-
dy weshall see that the neasurenent techniques can be distinguished principally
by the nature of the test sinnal. This article also discusses themain advanta—
ges and disadvantages connected with the use of eachtechnique. The mathematical
approaches given here are based on the operatimal hypothesis of linear acous-
tics fou: the case of a one-dimensional stationary, ergodic variable.
I WIGNAL WIGUES

1.1 Mathematical form
All Eese conventional treasurement techniques are based on spectral analysis
uaeory. The impulse response H (t) of an acoustic channel (roan) in Fig.1.1 is
given by the integral expression :

Hm =[hlvpe’lflp‘dv ("
DUI)

or, mummy, H(t) é,-h( v)

(H,h) make up a Fourier pair. The integral formula (Urelates the two represen-
tations, tine and frequency, of the functional characteristics of a roan by
means of a Fmrier transforms, which 15 considered as the fundamental mathemati-
cal tool of frequemcy retrology. Certain two-channel analysers, such asthe
HP 5420, enable the hI-xpulse response to be measured directly fran a neasurement
of interaction spectral density (ISD) , camouly known asthe "interspectrwn".
If x( u) and yl v) are the frequency representations of the input,x(t ), and
output, Y(t) , signals respectively of the system tobe measured (roan) ,we obtain
the following spectral relationship :

y(D)=h(V)x(”) (2)

ogx*(u) y (u) =h(v) x'tu) x (v)
x (1)) being the com-Alex conjugate of x (v).
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net 512 (u) =n(u) 511

Since in practice we take
25(D) for u>0

9(1)) = 5(u) for 0:0
0 for IMO

we can also write 912! v) = h(v) 911(1)).

whencewefinde) =242fl—{— ' (3)
v

To take into account the additional noise N(t) on the output signal Ytt). equa-
tion (3) must be corrected as follows :

g'uw) = “1:1va nun]

(v)

where MD) is the frequency representan of the nOise Ntt) .

Finally. we obtain :

.
EM: 9‘2"” 913‘”)= h u o

9M”) t ) snip)

  

(a)

The noise contribution is represented here by the term (313/? . this term gene-

rally beino made very small by misast the number of realiggtions used in the

averaging operation.

1.2 Practical asnects of the remodel?

1.2.1 Analxsis with an wise source %ct,gistol shot) -

This is the most direct approach for me practical measurement of the imgmlse

response of a room. It consists of exciting the room with an impulse source of

this type and directly observing the response. To this simplicity of ilrplememta—

tion of neasurenm’fl: Trust hmewer be added two disadvantages :

1— irregular energy distribution at all usefull frequencies,

2- mediocre dynamics and reproducibility of the results.

1.2.2 Analysis with a source of white noise
In practice the interpretation of equation (4) is based on the Fourier pair mm)

which permits us to write :

. l) .

H‘h) = [H(v)e’j"“dv={[hw) ‘ —::3—:v:~]ezmmdv

Dun Du» ‘

,__ 911(U’e2j1wtdu .I91glv)enjxuldv (5,
only) sum)

00:) Du") -
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As the input signal x(t) isa microscopic correlation process and thus a constant
power spectral density (PSD) process, i.e. here g“ (p) =12-No , equation (5)
becomes :

H'”, = 3 9.21%?!“th . a fazlvm’JMVAu (6)
N0 ow; o D( ‘)

And, if we consider the cross_correlations and interspectra, (612,912) and
(€13,913) constitute two Fourier pairs.

. whence finally :

iv (t)= fiofegu . sum] m

Equations (6) and (7) show tun ways ofperforming the measurement of an impulse
response.
Firstly : by measuring the interspectrum, i.e. the energy interspectral density
(BID) , to which a Fourier transform is applied. This procedure is the oldest and
the Host widespread in Signal processing spectral analysers.
Secondly : by measuring the crosscorrelation function. There are two main advan-
tages to the use of microscopic correlation sources 7 suitable dynamics and the
possibility of ensuring a uniform energy distritxition With time (use of an omni-
directionally emitting loud speaker). On the other hand, experience shows that
the main drawback in this approach is that a fairly large number of averages (50
upwards) are needed before a measurement result can be validated (random excita-
tionl.

II-D’DDERN WIQJES

11—1 Mathematical omeeptualizaticm

The various modern metrological approaches to impulse response measurement are
at present essentially based on two signal processmg operators, convolution
and correlation. If we start by assuming that the noise, N(t) , does not act m
the room (Fig.2.1), the response of the roan is givai bywe fornula, as
follows :

Y'(t) = (HkX) (t) (3)

where the symboln represents the convolution product.
If we accept the influence of noise Mt) in the room, its contribution to the
output can also be deduced :

Y" (t) = (Hm) (t) (9)
Taking account of the linearity hypothesis putforward in the introduction, we
obtain the overall response of the room by additivity :
‘1(t) = Y' (t) + Y" (t)

= |H*X) (t) + (HIN) (t) 30

Whence the convolution integral : vm =f[x(t—0) . N1:-9I]H(0)d0 (10)
o
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anther-more, considering the second order statistics of the signals X(t) and

Y(t) in correlation, we can also write :

$21M=Iim gimme“.
("I

T—-:n 0

Y.

5"”) = 'im.1fLX(t)XH-r)dl m)

T—o:

Introducing into (11] the expression for Ytt) given by the convolution integral

yields the follwing develth :

.a; T

52.1” =J“m %-I[Xl(-0)+N(l -9)]Xfl—r)H(9)dld0
o 0 .
T_. 30

Taking the hypothesis of statistical decorrelation between the signals X(t) and

Mt), we have ‘ '

T
- 1 _sun-a)- um,r Emu—aixu—rm —o

T—oou

whence, finally

I)

smuulsuu-mmomo (‘3)

we observe in fact that the concept of a "convolution and correlation" time dou-

blet is made explicit here by the relationship between the autocorrelation func—

tion of the input signal and the crosscorrelation function of the input and out—

put signals of the system analysed.

521 = 511*H
Fig. 2.2 shows the'impulse response (cross-correlogram)
It should be painted out that equation (13) is a general integral expression for

the neasurarent of an impulse response. The distinction between modern methods

depends mainly on two aspects, the nature of the source of excitation used and

the operational approach for the calculation of the impulse response frcm this
expression.
11.2 Ely of test siflls and grational apgoaches

v The brief description of the test signals given here is the one which makes it

possible to solve the convolution integral (13) in order to extract the impulse
response. Microscopic correlation sources are also in cannon use in modern acous-

tic metrology. This is justified above all by the impulse nature of their auto-
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correlation function.

5"”) = Enos")

In this case, equation (13) beocrnes
ou

521”) = yoga—9mm)”

Lets (r) =‘5Non (14)
21

Thus we see that, to within 1/2. No, the crossoorrelation function is equal to
the impulse response sought. Pseudo-rancid“ binary sequences are also used as
modern sources of excitation. A PRES, also camme Imam as a length
sequence" or "hi-sequence" is a source mace from an nth degree primitive polyno-
mial p (x) configuration (with N = 2n —1, the sequence length) which makes it
possibile to specify the required loops of a binary shift register [12].
The autocorrelation function of such a sequence havmg a naxirmm time duration.

T= (2"- 1). AT isgivenby:

_ _ 1 for r = o
SPRBS(r)_S11(r)_ i-1/rfor15 r 5 2“-1
with AT = 1/F where Fis the register—operatic) clock-frequency.
The form of this autocorrelation function is similar to that of the physical
approach of the Dirac distribution, which allows itto be expressed in distribu-
tion form as tollows :

‘ ~5"") = (1 o ?)Sm-vl- - Sup;-

In the case where the excitation is a PRES, equation (13] beccres :

:3

5,1") =L5¢r-amxomo - “few

or finally

521(r) = Hm-H,“W

where H is the continuous canponent of the impulse response, generally trade
small flood ajustment of the measurement system.

II. 3 Numerical grocessing

Given that, in both of the cases mentioned above (microscopic correlation and
PRBS excitation), the final solutions of the convolution integral (13) qiven by
(14) and (15) dormstrate U1e|proportiorna1 character of the crosscorrelation
function and the impulse response, the numerical processing performed consrsted
globally of evaluating the discrete time estimator of correlation 521 given by

N-1 \
" — i _)5m“) .. N £Y1k))((kl

k=0
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For an analysis withmicroscopic correlation ancitation, the practical procedu-
re is me acquisition then storage in files of the input and output signals
sampled, X11) and Yti). The operations involved in this processing, namely the
piloting of the analog—to—digital cmverter, acquisition, storage, calculation
proper of the estimator, and the averaging were performed using anHP 9000 con—
puter. The main drawback of this experimmtal metrological approach is the
relatively long time taken for the estimator caculaticm. With a PRES, the calcu-
lation of the impulse response by correlation is described in terms of natrix
nultiplioatim by the relationship :

A 1 x

521 ' N NYN
where is a signal represented by a matrix (dinension = 2n-1) made up of
element obtained by (right) circular shifting of the sequence, made synmetri-
cal by assigning the values 1 1 to the two binary states (1 set to -'1, and 0 to
1). file case where a roan is excited by a process of this type has particular
practical importance as it makes it possible to minimize the operations requi—
red for correlation estimator evaluation by using Hadamard's fast transform al-

gorithm. It isnwmh recalling here that Hadanard's matrix is a square matrix
of dimension 2 , of which the elements are +1 or —1, and the rows (or columns)

are mutually orthogonal. To carry out theprocessing relative to this part, we
referred in particular to the works givenin references [Sland [10].
Four program‘lnodules were thus created :

- Nodule for acquisition of the response, Yli) , of the room ;
— Sequence generation nodule
- Module for calculating permutation transme
- Modules for calculating Hadamard's fast transform itself

For the module calculating the perrmtatim transforms (P1 and P2), our approach
is no longer based on a matrix expression of the sequence as put forward in
[5] and I10] but on a "series-sequential" one, which allows us to store simply

a vector of length N = 2“—1 instea f a table of dinmsicms (N m). This pos—
sibility of reducing the matrix to e dimension is due to the deterministic
character of the pseudo-randan binary sequence.

CONCLUSION

This overview has shown the range of operational possibilities available to

acwsticians for measuring an mpulse response. All methods of measurement in
this field stem frcm frequency metrology or time metrology. Honewer, it can be

observed at present that the theoretical concepts underlying these techniques
are essentially based on time expressions, which partly explains the development
of time metrology in acoustics. In present-day roan acoustics, the impulse res—

ponse, function proper to the channel, can be considered as me starting pomt

for any study leading to the characterization ofsuch systens. It is for this
reason that acousticians have fixed their attention on this operator and that
it is usua—ly recamended to take special care when determining it. But the

problem is that most of the theoretical models which form the basis of these

measurement techniques are either too idealized or too simplified, and this na-

turally poses the problem of the "sensitivity of representativity“ of this ope-

rator. In this respect the methodological approach suggested by Berkhout, de
Vries and Boone 7 appears to be of great interest as it enaoles a "filtered"
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impulse response to be obtained.
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Fig 1.1 Representatim of an acoustic
channel (roam):
1— mutation signal X(t) ,
2— output: signal Y (t)
3- added noise N (t)
4— acoustic channel Htt)

 

Fig 2.1 Block diagram of impulse
response measurement by correlation:
1— excitation signal
2- room response
3- added noise
4- cha'nnel (room)
5— correlator
6— impulse response
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Fig 2.2 lupilse response lcross—correlog'ram)
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