AUDIO Audio Engineering Society

ﬂ .
- | Convention Paper

® Presented at the 120th Convention
2006 May 20-23 Paris, France

This convention paper has been reproduced from the autldvsnce manuscript, without editing, corrections, or ¢desation
by the Review Board. The AES takes no responsibility fordhteats. Additional papers may be obtained by sending stcarel
remittance to Audio Engineering Society, 60 Ea§’(d48treet, New York, New York 10165-2520, USA,; alsorsew.aes.org. All
rights reserved. Reproduction of this paper, or any portieareof, is not permitted without direct permission frora dournal of
the Audio Engineering Society

Room impulse responses measurement
using a moving microphone

Thibaut Ajdlert, Luciano Sbaiz, Martin Vetterli'»2
1Ecole Polytechnique Fédérale de Lausanne (EPFL), Latooyeof Audiovisual Communications, 1015 Lausanne, Svidizé
2Department of EECS, University of California at Berkelegrigley CA 94720, USA

Correspondence should be addressed to Thibaut Ajdreéri§aut . aj dl er @pfl . ch)

ABSTRACT

In this paper, we present a technique to record a large set of room impulse responses using a microphone
moving along a trajectory. The technique processes the signal recorded by the microphone to reconstruct
the signals that would have been recorded at all possible spatial positions along the array. The speed of
movement of the microphone is shown to be the key factor for the reconstruction. This fast method of
recording spatial impulse responses can also be applied for the recording of head-related transfer functions.

1. INTRODUCTION greatly the characteristics of the room and the tempera-
) i i o _ ture field inside of the room. In this paper we introduce a
For different spatial audio applications (e.g. Wave Fieldpqye| technique to easily achieve the recording of a large
Synthesis[1, 2], beamforming) one would like to mea- nmper of RIRs. We consider a setup with a fixed loud-
sure room impulse responses (RIRs) at a large numbe&geaker and a moving microphone. The microphone is
of positions in space. In most of the applications, pre-mqying along a trajectory (e.g. circular trajectory) with
cision and performance of the algorithms increase wheRgnstant speed. Also, the acquisition of the data is not
using a larger number of RIRs. Therefore, one wouldgone position per position but happens without interrup-
like to find a way to easily and rapidly measure largetion at any specific spatial position. The movement of
sets of RIRs. The usual technique is to use a single Migye microphone is uniform and does not stop during the
crophone or a microphone array. Nevertheless, t0 capscquisition. Thanks to this, one avoid problems linked
ture hundreds of RIRs, even the array of microphonesyith abrupt stops of the microphone leading to oscilla-
would have to be displaced and the measurement couliyns of the position and waiting time for the microphone

not happen fast. Furthermore, the intrusion of a persof, haye obtained its position. From the one dimensional
to modify the setup (e.g. displace the array) changes
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signal gathered by the moving microphone, the two di-2. SPATIAL IMPULSE RESPONSES

mensional dataset (spatial and temporal) containing the

RIRs at all the different spatial positions along the tra- In this section, we recall results obtained on the study
jectory is reconstructed. In this paper, an analysis is peref the 2-dimensional Fourier transforn2D-FT) of the
formed to study the influence of the different parametersound field along different geometries. First, the sound
to be chosen to achieve the reconstruction of the RIRgield along a line in the room will be presented in Sec-
(e.g. size and period of the excitation signal, frequen-+ion 2.1 followed by the sound field along a circle in Sec-
cies contained in the excitation signal, speed of movetion 2.2.

ment of the microphone, temporal and spatial frequen- ) .
cies of the reconstructed dataset). The paper presen%s',l' Sound field along a line

the trade off existing between the speed of movement , sider the sound pressure field studied along a line in

of the microphone and the spacing between the frequen- ) .
) . . o ? room. As a first example, consider a plane wave of
cies contained in the excitation signal. The presente
emporal frequencyy

theory is shown together with simulations and real mea-
surements. These real measurements are obtained using
a precision moving camera holder that achieves a pre-
cision of a few hundredths of a degree when rotatingwith £, = <2 andc the speed of sound propagation as
in the median plane. An interesting application of this shown in Fig. 1. Th@D-FT of (1) is [1]

setup can be found in the measurement of Head-Related
Transfer Functions (HRTFs). These measurements are
typically done in anechoic chambers to measure the in-
fluence of our body on the sound perceived by our brain.
HRTFs are filters that model the shape of our head, pin-
nae and shoulders. In that case, the impulse responses
to be measured are typically very short (on the order of
a few milliseconds) since no room reflections needs to
be captured. This allows to record the whole dataset of
azimuthal angles in a very fast manner. The outline of
the paper is as follows. In Section 2, the sound field is
studied along different geometries (line and circle array) ) o ]
The2-dimensional spectrum of the sound field is studied Fig. 1: Projection of the sound field.
for those geometries. In Section 3, we consider that a

microphone is moving along the studied trajectories at a ) Wo COS Qv
certain speed. In this scenario the Doppler effect needs to p(¢,w) = 4m"6(w — wo)d (¢ - ) ;
be considered. This Doppler effect is briefly reviewed in )

Section 3.1 and it is shown in Section 3.2 that using the/ith ¢ andw the spatial and temporal frequency respec-
2-dimensional spectrum representation of the sound fieldively-

along a line, the Doppler effect can be put in evidence considering a plane wave emitting all possible frequen-
The signal recorded by a moving microphone along a cirgjes, (1) becomes

cle is then studied in Section 3.3. Using the knowledge

p(x,t) _ elj(wot-ﬁ—kow cos a)’ (1)

)

c

presented in Section 2 and 3, the main novelty of the pa- pla,t) =8 (t I xcoso‘) . 3)
per is presented in Section 4. It is shown how from the

gathered signal by the moving microphone along a cir-The 2D-FT of (3) is then

cle, it is possible to reconstruct the sound field or RIRs ‘

at all possible angular positions. The technique is pre- p(o,w) = 2716 (¢ — wczw‘) ) (4)

sented in Section 4.1. Some further remarks are given

in Section 4.2. Flnally the theory is Compared with realThis 2-dimensional spectrum is shown in F|g 2(a)

measurements in Section 5. When plane waves arrive from all possible angles, the
support of the spectrum is represented in Fig. 2(b).
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(@

(b)

Fig. 2: 2-dimensional spectrum of the sound field. (a) In
case of a single plane wave. (b) In case of plane waves
arriving from all possible angles.

(b)

o
=
g 50,
0
Further work has been done when considering not only %-50«,‘
the plane wave assumption but the real solution of the §
wave equation. More details can be found in [3, 4]. i
5 0.5\
2.2. Sound field along a circle X1 A

For the study of the sound field along a circle, consider

the scheme presented in Fig. 3(a). Consider a circular mi- @ N

crophone array of radius The coordinates of the differ- —

ent microphones arén,, m,, m.), with m, = r cos#,

m, = rsinf andm, constant. We assume the sound

source to have coordinatés,, s,, s,). The time of ar-

rival from the source to the receiver is given by the fol- Fig. 3: Sound field along a circle. (a) Schematic view of

lowing expression the setup. (b) Support of ti¥-FT of the sound field an-

V(82 —1c080)2 + (sy — rsin€)2 + (s, — m.)? ) alyzed on a circle. (QD-FT of room impulse responses
c ' measured on a circle.

The free field pressure recorded on the circle of micro-

phones due to the emission of a Dirac by the source is

given by [5]

©

h(0) =

3. MOVING MICROPHONE SIGNAL
5(t — h(9))

dmch(0) ©)

p(0:t) = In Section 2, the sound field has been studied at different

spatial position. Using this knowledge, we would like to
study the sound that is recorded by a microphone when
it is moving along a trajectory. First, the Doppler effect

Remark thap(0, t) is 2w-periodic with respect t6. The
2D-FT of (6) denoted ap(ls, w) has been studied in [6,

7]. Note thatly is the index of the Fourier series with
respect to th@-axis. As shown in Fig. 3(b), most of the

will be reviewed in Section 3.1. Further, the moving mi-
crophone signal will be studied when the microphone is

energy of the spectrum is located into a bow-tie regionmoved along a line in Section 3.2 and along a circle in

spectrum satisfying

(7)

T
llo| < |wl--
C

Section 3.3.

3.1. Doppler effect

Fig. 3(c) shows an example of tR®-FT of RIRs mea- When considering a moving source or microphone, a
sured on a circle. These measurements were taken evefequency shift is observed on the recorded signal. This
.36 deg along a circle of radiugs m. is known as the Doppler effect and can be expressed by
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the following formula: with a constant speadaway from the plane source in the
positivez direction. As seen in Section 3.1, the move-

w = wo ( ctuv ) : (8) ment leads to a frequency shift that lowers the perceived

¢+ s frequency at the microphone. The receiver signal can be

obtained by projection of(¢,w) along the directiorv.

with w the observed frequency, the emitted frequency, The component of(, «) at frequencyw is simply the

vs the speed of movement of the source arttie speed _point (—£2 ). The projection of this point on the
of movement of the receiver. In the sequel, we will . g

X X axis happens at
only consider the case of microphone movement. The
sign of the speed of the receiver is conS|der_ed as posi- W = wo (1 _ E) _ (12)
tive when the source and the receiver are coming towards c

each other. The sign is negative when source and receivethis is exactly the result obtained when considering the

are moving apart. Doppler effect (8) for a receiver moving away from the

3.2. Microphone moving along a line source at speed

Similarly to the previous case, Fig. 5(a) presents the situ-
The pressure recorded at all positions along a line trajecation where the receiver is moving towards the source
tory is denoted ag(z, t) as discussed in Section 2.1. The along the negativer direction. As can be seen in
2D-FT of this signal isp(¢,w). Consider a setup with  Fig. 5(b), the projection of the poir{t-<2,w) on the
a fixed source and a moving microphone with constant, axis is now
speedv. The sound recorded by the moving microphone v
is r(t) = p(vt,t). The spectrum of this recorded sound W =wo (1 + g) : (13)

can be calculated as follows: ) _
This corresponds to the Doppler effect for a receiver

/ (vt )e— Tk, ) moving towards the source.

—o0 3.3. Microphone moving along a circle

r(y) =

Also remark that . _ :
We consider a setup similar to the one presented in Sec-

tion 2.2. A source emits sound and a receiver is moving
along a circle. The pressure measured at the different
positions along the circle is given b6, ¢). The sound
recorded by the receiver moving with an angular speed
of v rad/s isr(t) = p(vt, t). Similarily to (11), it can be

1 o0 o0 .
pett) = 15 [ [ plow)d e dide. 10)

Using (10), Expression (9) can be rewritten as:

1 [ [ [ jtr—vé—w) derived that
=gz [ [ pewe s .
1o oo r(v) = > pls,—vlp+7). (14)
= = [ pewt - o - wydsa W
1 oo
= gz | PO vetn)ds. (1) 4 DYNAMIC RECONSTRUCTION OF ROOM

IMPULSE RESPONSES

For each frequencyy, the value of the spectrum of

the recorded signal is obtained by projection of the  Thjs section presents the main result of this paper. From
dimensional spectrum(¢,w) following the direction  {he recording of a moving microphone signal, the pur-
V= (ju«:—ﬁl on thew axis. This construction is presented pose is to recover the different RIRs at any position along
in Fig. 4 and 5 where the Doppler effect is also put inthe microphone trajectory. The different aspects related
evidence. Consider a plane source emitting a plane wavi® the presented technique are presented in Section 4.1.
arriving on one microphone line with angle = 0° as  The relation between the speed of movement of the mi-
shown in Fig. 4(a). Consider further a moving micro- crophone and the spacing between the frequency compo-

phone along an infinite line. The microphone is movingnents of the excitation signal is discussed. Section 4.2
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Fig. 4: Doppler effect with a receiver moving away from ®)

the source. (a) Schematic view of the situation. (b) Anal-

ysis of the situation in theD-FT domain. Fig. 5: Doppler effect with a receiver moving towards the

source. (a) Schematic view of the situation. (b) Analysis
of the situation in th&D-FT domain.

discusses different remarks related to the presented tech- L . .
. L : crophone is given by (14). Thedimensional spectrum
nigues. Application of the technique to HRTFs measure- ; : L ;
: : : . i projected following the directioti on thew axis. To be

ments is mentioned. Note that the technique is presente

. . : able to reconstruct the different RIRs, the emitted signal
forthe case of the microphone moving along a circle bu the source has to be such that all the lines contain-
can easily be done for the line case. y

ing energy in the spectrup(ly, w) will not overlap once
4.1. Spatio-temporal reconstruction of room projected on thev axis. Consider that the maximal fre-
impulse responses quency emitted by the sourceds. In the2-dimensional
spectrum this frequency component corresponds to the
With the knowledge of the emitted sound, the purpose ofine w = w; or to the segmernjp,p»|. When projected
this paper is to reconstruct the different RIRs at any anon thew axis, new frequency components appear in the
gle from the recording of the moving microphone. Therangew; — 1/2Aw,, w1 + 1/2Aw,] due to the Doppler
speed of the moving microphone will be shown to be theshift. To avoid any overlapping in the projections, the
key factor in the possible reconstruction of the RIRs atnext frequency component emitted by the source has to
any possible angle. For this purpose, thdimensional be chosen carefully. We have to study where the projec-
Fourier representation will again be used. Fig. 6 showgion of the pointp, intersects the bow-tie spectrum. The
the spectrunp(ly,w) representing the spectrum of the intersection point is denoted asTo obtain the ordinate
different signals gathered at the different angular positi  of 4, denoted as», recall that the minimal slope of the
along the circle. To apply our algorithm of reconstruc- triangular spectrum is given by (15):
tion, we need to impose that not all temporal frequencies c
are present in the emitted signal. Energy is present only w=—lp. (15)
for the temporal frequencies shown as dashed lines in the
spectrunp(ly,w). The signal that is recorded by the mi- w, is obtained by solving a system representing the in-
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l@ temporal aliasing, the duration of the RIR to be recorded,
w w = — denoted ag’, has to be smaller than the sampling period
/' U TS, i.e.

/<l

IPQ T Tt (19)

Aw rUwl

‘N To record RIRs of lengtff’, the maximal speed at which
7 the rotation can be done is obtained using (19):

e A - —= e

_____ =S Umaz = rwi T —m)

(20)

l@ 4.2. Discussion

f To summarize, a description of the presented technique
/ is given here. An excitation signal is transmitted to a
loudspeaker. The emitted signal cannot contain every
/ frequency but has to be designed carefully as discussed
L in Section 4.1. This signal is recorded using a micro-
phone moving at a certain speed satisfying (20). After
recording, the Fourier transform of the microphone sig-
nal is taken. It correspondsidy) in (14). As discussed

in Section 4.1, this signal corresponds to a projection of
tersection between the segménti| and one side of the p(ls,w) on thew axis. This projection needs to be un-

Fig. 6: Projection of the sound field.

bow-tie: done to recreate th&-dimensional spectrum. This can
ol o be done at the condition that no overlapping was present
{ v Zlv otwr(l—=) (16) in Fig. 6. This is assured when (20) is satisfied. To ob-
W= rte tain the different RIRs, one simply needs to divide this

obtained spectrum by the spectrum of one period of the

excitation signal and take the inverse Fourier transform

Aw as the frequency spacing between the two consecyss the dataset to obtain the RIRs at the different spatial
tive temporal frequency components andw, emitted  |ocations. By interpolation in time and angular domain

The solution of this sytem is; = w; (t:;’). Defining

C

by the source, we find that [6], the RIRs at any angular position can finally be ob-
201 tained.
Aw = w1 ) a7 . o _
c+rv A numerical example is given. Using (20), to record

As can be seen in Fig. 6, the spacing allowed beRIRs 0f100 ms on a circular array of radius oM up to
tween successive temporal frequencies is diminishing fod frequency 020 kHz, the rotation needs to be achieved
smaller temporal frequencies. Therefore, the excitatiordt @ maximal speed of = 4.9 deg/s. The duration of
signal could be very dense at the low frequencies. It ca®ne full rotation is of approximatively4 s. Note that, in

be shown that the frequencies allowed to be emitted byrder to keep the periodic character of the excitation sig-

the sources satisfy nal, one will need to adapt the speed such that the time
; to make a full rotation corresponds to a multiple of the
C—TV eriod of the excitation signal.
Wit1 = W1 < ) . (18) P 9
c+rv

As was shown in Section 4.1, due to the Doppler effect,
Nevertheless, to ease the calculation and make the pradhe recorded sound can contain higher frequencies than
cessing simpler, we choose to work with a constant spacthe original emitted sound. Therefore, to avoid aliasing
ing Aw between the temporal frequencies of the excita-due to the creation of these new frequencies, one has
tion signal. It means that the excitation signal is a peri-to choose a temporal sampling frequency slightly higher
odic signal of period’s = %. Therefore, to avoid any than twice the largest emitted frequency component.
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4000

The presented technique is very suitable for the recording
of very short impulse responses as is the case for HRTFs.
A typical length of interest for HRTFs measurement is of
the order ofl0 ms. Furthermore, as was discussed in [6],
the support of the-dimensional spectrum has most of
its energy in the region satisfying

3000

2000

Magnitude

1000

d
o] <[] 2’ (21) D18 1020 1022 024 1026
C Frequency (Hz])

with d being the diameter of the head (typically of the (@
order of18 cm). With this modification, (20) becomes 2500

2mc 2000

Umaz = m (22)

The maximal speed to reconstruct the HRTFs up to '

20 kHz is therefore 0642 deg/s. In only.66 s, the mea-

surement of HRTFs for all angles in the median plane 500
can be achieved.

i
19066 1.106&1: 1.107 1072 1.1074
requency (Hz x10°

Magnitude
. J
o (4,
o o
o o

5. EXPERIMENTS

Experiments have been carried out in a sound insu-
lated room. A loudspeaker (GenelBi29 A) was used to
generate an excitation signal, recorded by a microphon
Beyerdynamic/ C' — 740. Rotation of the microphone
was performed using a Pan/Tilt UMT'U — D46 — 70.
This device allows to rotate the microphone with a pre-
cision of .03 deg and with a maximal rotation speed of The obtained reconstructeddimensional spectrum is
60 deg/s. The room where the measurements were peshown in Fig. 8. This spectrum is then further divided
formed was so that the RIRs have very small energy afteby the spectrum of one period of the excitation signal.
250 ms. The excitation signal was made of the sum ofTaking the2-dimensional inverse Fourier transform of
sinusoids spaced with Hz. Each sinusoid component the result leads to the RIRs at the different angular po-
was given a random phase. The frequencies covered tsitions. A typical room impulse response obtained by
the excitation signal ranged frof® Hz to 22 kHz. The  the algorithm is shown in Fig. 9. The RIR is not ex-
period of the excitation signal was of length0 ms. To  actly zero at its beginning because of time aliasing due
reconstruct the signal up &2 kHz on a circular array of to the fact that the RIR is not exactly zero afg&0 ms
radius60 cm, the maximal rotation speed is ®fdeg/s, but still contains little energy. Estimating the correct-
as follows from (20). We chose to apply a rotation of ness of the reconstructed RIRs is not a straightforward
1.8 deg/s. Therefore, the full rotation was achieved intask. This is mainly due to different limitations related
200 s. The Fourier transform of the recorded signal (into the setup of the experiment. First of all, the hardware
blue full lines) and of the emitted signal (in black dot- used did not allow a perfect synchronization between the
ted lines) are shown for the low frequencies in Fig. 7(a)moving motor and the emitted sound. Another limita-
and for the high frequencies in Fig. 7(b). As discussed irtion of the material was due to the noise emitted by the
Section 4.1, it can be observed that for the low frequenmotor when the Pan/Tilt unit moves. Adaptively remov-
cies, the projection of the triangular spectrum is verying the noise or putting around the motor some sound
narrow while it becomes wider for larger frequencies.absorbing material could be considered to attenuate this
From the spectrum of the recorded signal, the originahoise source. Nevertheless, the reconstructed RIRs were
2-dimensional spectrum needs to be reconstructed. Thisompared with statically measured RIRs and the mean
is achieved by undoing the effect of the projection ap-squared error (MSE) between them was of the order of
pearing because of the movement of the microphone-10 to —15 dB. Note that the measurement conditions

(b)

Fig. 7: Spectrum of the moving microphone signal(a) at
E)w frequencies (betweer18 and1026 Hz).(b) at high
frequencies (between 066 and11074 Hz).
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Magnitude (dB)

6. CONCLUSION

In this paper, a technique was presented to record large
sets of room impulse responses using a microphone mov-
ing along a trajectory. The paper first studied the
dimensional spectra of the recordings obtained by a mi-
crophone moving along a line or a circular trajectory. Us-
ing these results, the technique to reconstruct the room
impulse responses at any angular position along a circu-
lar array was presented. The speed of movement of the
microphone has been shown to be the key factor for the
reconstruction. The theoretical aspects of the presented
algorithm have been compared with experimental results.

Fig. 8: 2D-FT transform of the recorded data obtained af-
ter undoing the effect of the projection due to the record-7. REFERENCES

ing by the moving microphone.

0.15f

0.1r

0.05f

0.05 0.1 0.15 0.2 0.25
time (s)

Fig. 9: Reconstructed room impulse response.
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