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ABSTRACT distance between the sound source and the micrephon
The reflective signal contains the information abthe
A large number of transmission audio channels areacoustics characteristics of a room. The distance
necessary for reproduction of a sound field based o information and the characteristics information are
Huygens principle. A method is proposed for spatial contained in the room impulse response from a sound
compression of the multi-channel audio signals. The source to a receiving point in a room. The soundgrc®
signals are compressed by convolving them with thesignals are extracted by convolving the channehadsy
inverse filter of the room impulse response to cedthe with the inverse filter of the room impulse resporghen
number of transmission channels to the number ofceo  the room impulse responses are given. The conwvaoluti
signals. Then the source signals are transmitted tomethod is used to reduce the number of channelzeto
reproduce the sound field by convolving them witle t  transmitted.
impulse response. The compression method is eealuat In this paper the proposed compression method is
using the signal-to-noise ratio and a subjectisessment.  explained first. Then the procedure used for sygishef
Experimental results show that SNR between a sourcemulti-channel audio signals is presented. Finally
signal and an extracted signal is more than 40dBthat experimental procedures and objective and subgectiv
there is no significant difference of the direcbn evaluation of the compression method are shown.
perception due to compression.
2. SPATIAL COMPRESSION METHOD
1. INTRODUCTION
2.1. Compression
The sound field reproduction system is important in ~ We consider a sound field reproduction system
development of auditory virtual reality techniquddhe consisting ofN loudspeakers an#l microphones. We

Huygens principle is used to construct the systehich assume thall is less thaiM. Let S(w) be the source signal
requires a large number of channels [1] to exhibit from thei™ loudspeakeri€1...N) andXj(o) be the channel
localized, spatial and surrounded perception. signal for thg™ microphonejE1...M). The room impulse
The data size for transmission of the system is response from thé' source to th¢" channel is denoted by
proportional to the number of channels. Therefirés Gijj(w). LetHji(w) be the inverse filter from thé channel

necessary to compress the channel signals. The audito thei™ source. The extracted signal of ifesource is

compression methods such as AC-3 [2] or MPEG2 AAC given by Si(w). The block diagram of the compression

[3] mainly remove inner-channel redundancy. Thditghi  system using the proposed method is given in Fifjure

of the methods to remove inter-channel redundadlf$][ The room impulse response matr® is an NxM

is not high. complex matrix withGj(o) as its element. The inverse
In many applications of the sound field reproduttio filter matrix H is anMxN complex matrix withH;(®) as

systems such as piano sonata at a concert haluthber its element. The relationship betwe& and H is as

of sound sources is less than the number of channel follows:

Therefore, transmission of the extracted sound csour

signals is more efficient than transmission of thannel GH=D @
signals.

For a particular sound source signal, the charigeats Here, D is an NxN diagonal matrix with complex
are composed of the direct signal and the reflectignal. elements. Theé" diagonal component db is given by:

The direct signal contains the information aboué th
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Figure 1: Compression systems

Di(w) = S} (w)/S () @)

WhenN<M, there are several solutions for the Equation
(1). We consider a solution using the Moore-Penrose
pseudo inverse matrix [6]. From the singular value
decomposition o6, we have the following:

G=Usv" ®))

Here,U is anNxN unitary matrix. The columns df
are the eigenvectors @G", whereG" is a conjugate
transpose ofs. The columns of th&#1xM unitary matrixV
are the eigenvectors &'G. If the NxM diagonal matrixs
has a rankd, then thed diagonal entries d® are non-zero.
The matrixS’ is defined by transposing the matfxand
then replacing its non-zero entries with their peocals.
The inverse filter matri¥d is now obtained as:

H=VS'U"D (4)

The M channel signals are compressed by convolving
them with the inverse filter of the room impulsaspgense
to obtain theN extracted source signals.

2.2. Reconstruction

Reconstruction of the channel signals is achiewed b
convolving the extracted source signals with thenmro
impulse response, as shown in Figure 2.

3. SYNTHESISOF MULTI-CHANNEL AUDIO
SIGNALS

Multi-channel audio signals are synthesized by
convolving “dry source signals,” or the direct sajfrom
sound source, with the room impulse response.

3.1. Measurement of Room I mpulse Response

The variable reverberation room at Nagoya Universit
is used in the experiments. The reverberation tfnthe
room can be changed from 151ms to 303ms by adgustin
the absorption rate of the wall. The shape of anothe
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Figure 2: Reconstructgystems

positions of a loudspeaker and the microphonesh@ t
arrangement to be used in an experiment are shown i

Figure 3.
Room Height : 2.7m

0.5m
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Figure 3: Position of a loudspeaker and microphones

24 microphones are placed on a circle of 0.5-meter
radius, with an interval of 15 degrees. A microphas
also placed at the center of the circle. The measent
conditions are given in Table 1. The room impulse
response is measured for the reverberation timditon
of 151ms and 303ms, respectively.

Table 1: Measurement conditions

Room temperature 21°C

Noise level 19.6dB(A)
Sampling frequency 48kHz
Reference signal TSP (1.37sec)
The number of repetitions 8

FIR filter order 16384 (0.34sec)

3.2. Synthesis of Multi-channel Audio Signals

Two types of dry sources considered in our
experiments are: a white noise and a female sp&deh.
duration of the source signals is 3 seconds. The\iath
of the source signals is from 50Hz to 5kHz. Thenalg
are sampled at the rate of 12kHz in case of repmtomiu
From Table 1, it may be noted that the samplingdemcy
used in measuring the room impulse response is A28kH
Therefore, the reverberation time will be multigliby a
factor of 4 and the reverberation time of the seusignals
is 0.6sec and 1.2sec.



loudspeakers is about 1.2m from the floor. Thedadahe

4. EXPERIMENTAL STUDIES subject is at the same height. The loudspeakerplaced
at an angle interval of 15 degrees, as shown inr€id.
4.1. Experiment of Compression The sound signals are played from the 12 loudspsake

In our experiments, the channel signals from 25 shown in gray color in Figure 5.
microphones shown in Figure 1 are compressed tiroht

single extracted source signal. The room impulspaese Bﬂﬁ
measured from each channel signal is transformédtive ©$ 0° Q@
frequency domain using a 16384-point FHD,(w) is \ ; 4
obtained by computing the 16384-point FFT on thR FI Q7 i W
band-pass filter with a delay of 8192 points and a LU W
bandwidth from 50Hz to 5kHz. The inverse filter maH 1] 90° -2 b ------ -90°[n
is then computed using Equation (3) and (4). Therse A : h7
filter in the time domain is obtained by computitite & 5 Zb
16384-point IFFT on the matrii. & ; Q
Pl 4l
4.2. Evaluation of Extraction | Y =
The method for extraction of the sound source is Figure 5: Position of loudspeakers
evaluated by computing the signal-to-noise ratbiR)
between the source signal and the extracted ssignal. The experimental conditions are given in Table 2.
AR between a source sigma(n) and an extracted signal
s'4(n) is as follows: Table 2 Experimented conditions
Subjects 13 (8 males and 5 females)
Z{sl(n)}2 Sound pressure levell  About 70dB(A) at center| of
SNR =10log,,, L - ®) circle
2{si(n) s, (n+8192} Sessions 4 = 2(dry sources)
" x2(reverberation times)
The S\R obtained for the two types of dry source Trials 96 = 12(presen.ted directions
signals (white noise and female speech) and for two x2(compr§55|on or not)
x4(repetitions)

reverberation times (0.6 seconds and 1.2 seconsls),
shown in Figure 4.

2 The order of sessions is random for each subjdw. T

60 — order of trials is also random in each session.
50 The experimental procedure is as follows: The
@40 ] direction of the head of the subject is set at §reles at
g 30 start of a trial. When the sound signal is playbd,subject
Zh is asked to locate the direction of th d imh

o is asked to locate the direction of the sound imbhge

0 reporting the index indicated on a loudspeaker. The

subject is allowed to rotate the head during locathe
direction of the sound image.

The number of the front-back errors is very snfad,
the front-back errors are corrected in the caloutadf the
directional perception error. A histogram of thegegtion
errors, the mean and the standard deviation areuwimuh
for each presented direction of the sound imageaich
session. The results for the four sessions are rshHow
Figure 6 to 9, where a positive perception erralidates

4.3. Subjective Assessment . that the perception error is counterclockwise hiafigures,
The compression method is evaluated by a subjectivey,o gray circles indicate the means for the non-

assessment because an objective evaluation meshtmt i . mpression condition. The white circles indicate t
yet established. We study the effect of compressiothe  eans for the compression condition. The error bars

directional perception. _ , indicate the standard deviation values.
The experiment for subjective assessment is caotgd

in a low-reverberation room. 24 loudspeakers aeequ
on a circle with 2-meters radius. The height of

WN FS WN FS
RT=0.6sec RT=1.2sec
Figure 4:9N\R of extraction

It may be noted that theNR is more than 40dB for all
the four cases. The higi\NR indicates that compression is
‘strict’.
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Figure 6: White noise, Reverberation time 0.6sec
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Figure 7: Female speech, Reverberation time 0.6sec
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Figure 8: White noise, Reverberation time 1.2sec
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Figure 9: Female speech, Reverberation time 1.2sec

presented angle and the type of dry source. Theltres
indicates that there was no significant differerndethe
main effect and the interaction about the compoessi
condition. Therefore, the directional perception nist
affected by the compression method.

5. CONCLUSION

In this paper, a new method for compression of imult
channel audio signals using the spatial informatisn
proposed. The compression method is based on niegsur
the room impulse response and then convolving the
channel signals with the inverse filter of the romnpulse
response. The signal-to-noise ratio of the extthstaurce
signals indicates that the waveform is not distbtig the
compression. The subjective assessment of the
compression method indicates that the directional
perception is preserved by the compression.

The future work involves investigation of the otligve
of spatial impression such as the distance, revatibe,
spaciousness, and surroundedness. It is also aegdes
study the case of multiple sources and moving ssurc
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The means for the compression condition are almost
the same as the means for the non-compressionticondi
An ANOVA of 3 factors is applied for each reverht@a
time. The three factors are the compression camgithe



