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Spatial aspects of reproduced sound in small rooms

Séren Bech?
Department of Acoustic Technology, Technical University of Denmark, DK-2800 Lyngby, Denmark

(Received 9 April 1996; accepted for publication 8 October 1997

This paper reports on the influence of individual reflections on the auditory spatial aspects of
reproduced sound. The sound field produced by a single loudspeaker positioned in a normal
listening room has been simulated using an electroacoustical synthesis of the direct sound, 17
individual reflections and the reverberant field. The threshold of detection was measured using the
method of adjustment for five reflections using three subjects for noise and speech. The thresholds
have been measured for two simulated situatidnsa loudspeaker with a frequency independent
directivity characteristics and frequency independent absorption coefficients of the room surfaces
and (2) a loudspeaker with directivity similar to a standard two-way system and absorption
coefficients according to measurements of real materials. The results have shown that subjects can
reliably distinguish between timbre and spatial aspect of the sound field, that the spectral energy
above 2 kHz of the individual reflection determines the importance of the reflection for the spatial
aspects, and that only the first order floor reflection will contribute to the spatial aspectk99&
Acoustical Society of AmericfS0001-496€28)05701-4

PACS numbers: 43.55.Hy, 43.55.Jz, 43.55.Lb, 43.66.J9%0Q)]

INTRODUCTION frequency-independent absorption characteristics. This situa-
L . ] ] ~_ tion is termed “unfiltered” in the following.

This is a report on the third experimental investigation  The other, termed filtered, simulates the sound field
of perception of reproduced sound in small rooms. The firsom a loudspeaker with directivity characteristics like a
two investigations(Bech' referenced below as.Paper'I and standard two-way loudspeaker system, positioned in a room
Becl? referenced as Papei Were concerned with the influ- \yhere the surfaces have realistic absorption characteristics.
ence of individual reflections on the timbre of the sound field The results from the unfiltered situation provide a link
produced by a single loudspeaker positioned in a room thg;ith previous research in this area, which almost exclusively
size of a normal living room. This report is concerned with ha5 heen based on conditions similar to the unfiltered situa-
the influence of individual reflections on the spatial aspect§ion Furthermore, the unfiltered situation is better suited to

of reproduced sound. _ . examine the importance of different regions in the spectrum
The overall purpose of the experiments reported in Pays the reflections.

pers | and Il and the present is to examine the importance of  The filtlered situation is expected to provide results
individual earl)_/ reflections on th_e perceived sound quality.yhich are more in agreement with the conditions in a real
The results might form the basis for development of néwioom, By comparing results from the unfiltered and filtered
loudspeaker systems which in some way can accommodalgations it is expected to provide further information on the

the acoustics of the room in which they are placed. Theregg|ative importance of different frequency regions.
fore, the experiments have been designed to illuminate ques-

tions of relevance for the design of such new loudspeaker
systems. In this report the following question has been adl— EXPERIMENTAL SETUP
dressed: '

Which of the early reflections are sufficiently strong to The sound field produced by the right hand loudspeaker
contribute individually to the auditory spatial aspects of re-of a stereophonic setup positioned in a domestic listening
produced sound, and which only contribute collectively?  room was electroacoustically simulated. The listening room

This question is primarily related to the design of thewhich has formed the basis for the simulation was built in
directivity characteristics of the loudspeaker. accordance with the IEC 268-18ecommendation, whereby

To facilitate the investigations, the sound field from athe room should be representative of a domestic listening
single loudspeaker in a listening room has been simulategbom.
using an electroacoustic setup. Two situations have been Two different versions of the sound field have been used
simulated using the same room dimensions and positions @br the investigations. The first, the “unfiltered” version
the listener and loudspeaker. modeled the directivity characteristics of the loudspeaker as

One simulates the sound field from an idealized loud-a cardioid, independent of frequency. The absorption coeffi-
speaker with a frequency-independent cardioid directivitycients of the room surfaces were also modeled as being in-
positioned in a room where the surfaces have idealizedependent of frequency.

The “filtered” version was modeled as a two-way loud-

present address: Bang and Olufsen A/S, Peter Bangs Vej 15, DK-7608P€aker system with directivity characteristics according to
Struer, Denmark. the measurements of a selected loudspe@k&F 103.3.
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TABLE I. Positions of loudspeakers and delay and attenuation of the signals to the loudspeakers for primary
loudspeaker, images and reverberation channels included in the setup. The attenuation values are given for the
unfiltered situation(Att. I) and the filtered situatiofAtt. Il). The last wall of the reflection path is also given.

All angles and wall references are relative to the listening position and the left-hand side of the subject defines
positive angles.

Delay Att. | Att. 1l Azimuth Elevation Reflection  Last surface
[ms] [dB] [dB] [degree$ [degree$ number of reflection
0 0 0 —-22 0 primary Isp
1.64 3.6 1.36 -25 —28 1 floor
4.16 9.2 31 -50 -2 2 right wall
4.48 5 3.28 -25 48.2 3 ceiling
5.36 11.6 3.81 -53 -28 4 floor
7.6 11.8 5.01 —-50 48 5 ceiling
9.2 10 5.78 —-25 48.2 6 ceiling
9.2 10 5.78 -25 —56 7 floor
9.94 9.7 6.11 65 0 8 left wall

10.8 11.8 6.48 65 -14 9 left wall

11.64 155 6.83 —53 —56 10 floor

11.64 155 6.83 -50 48 11 ceiling

125 115 7.17 65 30 12 left wall

12.7 9.9 7.25 —170 0 13 backwall

13.46 11.9 7.54 —170 -15 14 back wall

14.42 143 7.9 —-25 -56 15 floor

14.8 14.6 8.03 —154 0 16 back wall

14.98 11.3 8.09 -170 33 17 back wall

22 0.5 6 71 0 rev. syst.

22 0.5 6 =71 0 rev. syst.

22 7.5 6 127 0 rev. syst.

22 7.5 6 —-127 0 rev. syst.

22 8.5 6 180 0 rev. syst.

22 0.5 6 0 0 rev. syst.

The absorption coefficients of the room surfaces were mod- Delay and attenuation due to path lengths of the direct
eled as a function of frequency. sound and individual reflections were calculated using the

The electroacoustic setup models the direct sound, limage source theory, implemented as a computer program by
individual reflections arriving less than 22 ms after the ar-KEF Audio Ltd. The calculated levels of the individual re-
rival of the direct sound, and the reverberant part of thelections are hereafter referred to as the natural levels, as they
sound field or reflections arriving more than 22 ms after therepresent the levels that the reflections would have in a real
arrival of the direct sound. The setup was positioned in theoom with the specified properties.
large (1000 ) anechoic chamber of the Department of For a general discussion of the image source principle,
Acoustic Technology, and all loudspeakers were locatedsee, e.g., Cremer and Mer* and Bermanfor use in a rect-
with correct azimuth and elevation, on the surface of arangular room.
imaginary sphere of 3-m radius centered at the listening po-
sition. The ppsmons Of. all the Ioudspe_ake_rs, .a.nd th(_e dela)é_ Implementation of the direct sound and individual
and attenuatlon of all signals reprgsent!ng individual iMmagesqfections for the filtered situation
and reverberation channels, are given in Table I. In the fol-
lowing, individual reflections will be identified either by the The modeled loudspeaker was a two-way sys(iiaF
delay relative to the direct sound, or by the number given int03.2 with an 8-in. woofer and a 1-in. tweeter, and a cross-
Table I. General considerations on electroacoustical simulgever frequency of 2.5 kHz. They were mounted in a closed
tion of sound fields are given in Paper | and a detailed disbox of dimensiongw*h*d*) 264501240 mm. The free-
cussion of the setup used for the present experiments is givéigld frequency response of the loudspeaker was measured in
in Paper II. directions corresponding to the position of the images given
in Table | at a distance of 3 m, with the fabric grille re-
moved. The geometrical center of the baffle was defined as
the center of the loudspeaker.

The directivity characteristics of the loudspeaker were  The frequency-dependent absorption of the room sur-
modeled as a cardioid, independent of frequency. The alfaces was modeled according to measurements of the diffuse
sorption coefficients of the room surfaces were modeled infield absorption coefficient and the cosine lésge, e.g., Cre-
dependent of frequency with the following values: ceilingmer & Miuiller?) in the following way:
=0.05, floor=0.3, and walls- 0.44. These values resulted in The absorption material used on the walls in the mod-
a calculated reverberation time of 0.4 s, independent of freeled listening room was distributed in such a way that the
qguency. same mean absorption coefficient could be used for all four

A. Implementation of the direct sound and individual
reflections for the unfiltered situation
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TABLE II. Diffuse field absorption coefficients for the various room sur- different, so that a total of six uncorrelated signals were pro-
faces as a function of one-third octave frequencies. duced. A block diagram of the complete setup is shown in

Absorption Absorption Absorption Fig. 2.
One-third oct. coefficient coefficient coefficient The level of the reverberant field, relative to the level of
frequency[Hz] for walls for floor for ceiling the direct sound and individual early reflections was calcu-

50 0.05 0.05 0.15 Igted for the unfiltered situation, assum_ing a reverberation

63 0.17 0.06 0.13 time of 0.4 s at 1 kHz, and an exponential decay.

80 0.28 0.07 0.11 For the filtered situation, the ratio was adjusted to be
100 0.45 0.08 01 equal to the ratio measured in the real room at 1 kHz. The
125 0.46 0.09 0.09 ratio as a function of frequency is shown in Table Il for the
;gg g:gi 8:12 8‘82 setup and the real room.

250 0.41 0.14 0.07

315 0.37 0.16 0.07 D. Subject positioning and calibration procedures

400 0.4 0.19 0.07

500 0.41 0.24 0.06 The listener’s ears were moved to the specified listening

630 0.33 0.28 0.06 position using a motorized adjustment mechanism built into
lggg gé‘z (())'.33:35, %.gg the chair supporting the subject, and a fixed video camera. A
1.250 0.31 0.33 0.05 curtain prevented the listener from seeing the simulation
1,600 0.15 0.31 0.05 setup, while a single LED was used to define the front angu-
2,000 0.16 0.28 0.04 lar reference. Listeners were free to move their heads, but
2,500 0.18 0.25 0.04 were instructed to focus their attention on the LED. The
i'égg 8:12 8:22 8:8; performance and calibration of the entire setup was checked
5.000 0.18 0.18 0.03 on a daily basis using a PC-controlled measuring system. For
6,300 0.18 0.16 0.03 further details see Paper |.
8,000 0.19 0.14 0.02

Il. STIMULI

walls, and was estimated using diffuse field measurements of Th_e signgls used were continuous brqadtiaamHz—ZO

the individual components. The absorption coefficients fokH2) pink noise, and a repeated 1.45-min segment of con-
the floor and the ceiling were also based on diffuse fieldinuous male speech. The spoken text was a recording of an
measurements. excerpt of the text used for the standardized Danish speech

The absorption coefficients for the walls, the floor, andMaterial for audiometric purposes, made in the large
the ceiling are given in Table Il. The absorption coefficient@n€choic chamber of the Department of Acoustic Technol-
as a function of angle was found by setting the diffuse field®dY- The time structure and spectrum of the chosen speech
coefficient equal to the absorption at an angle-of-incidenc§aMple are representative of average Danish speech. High
of 45 degrees, and then applying the cosine law for othefnd low pass filtered24 dB/octavé pink noise, with cross-
angles. Rindél discusses the derivation of an angle- OVer frequencies at 500 Hz and 2 kHz, respectively, were

dependent absorption coefficient based on diffuse field!Sed for the experiments reported in Sec. VA3.
measurements For a further description of the speech recordings see

The frequency responses of the signal paths for inditiansenand Munchior the CD coverBang and Olufsen CD

vidual loudspeakers in the simulation setup were calculated01: rack 9. The signals were turned off and on using 1.5 s
taking into account the directivity characteristics and absorpS0Siné-squared ramps. .
tion coefficients as discussed above, and were implemented. 1he reproduction level was 60 dB SPL for the noise
as digital filters. The digital signal processing system haStmuli and approximately 50 dB SRtime weighting Fast
been described by Fincham and Snidirookeset al® and for the speech. The level of thq speech stimulus was set to
Christenseri® correspond to normal conversational level at 3-m distance in
The implemented transfer function for selected reflec-2 Iving room. The background noise level with the simula-
tions are shown in Fig. 1. Note that the transfer functiondion System switched on was 27 dB SRiime weighting
have been adjusted to include the attenuation due to distancedS}- The one-third octave band level of the background

as given in Table . noise is constant- 2 dB for the frequency range 20 Hz-20
kHz.
C. Implementation of the reverberant field Ill. SUBJECTS

The reverberant field was created by six loudspeakers Three subjects participated in the experiments. They had
positioned in the equatorial plane of the imaginary spherall participated in the experiments reported in Papers | and Il
described above. Signals for the six loudspeakers were basadd must therefore be considered highly trained subjects.
on the outputs from three commercially available reverberaThey furthermore participated in training experiments before
tion units(Lexicon PCM 70. Each unit produces two uncor- the main experiments. The subjects were paid an hourly rate
related outputs and the settings of the units were slightlyfor their services.

436  J. Acoust. Soc. Am., Vol. 103, No. 1, January 1998 Séren Bech: Spatial aspects of reproduced sound 436

Downloaded 28 Jun 2010 to 192.38.67.112. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



MAGNITUDE RESPONSE [dB]
. s

MAGNITUDE RESPONSE [dB]

. S a A b A
T T T T T T T T T

T T T T T T T T T

— DIRECT SOUND — REFLECTION 1

315 126 500 2 8k 31,5 125 500 2k 8k
63 250 1k 4k 16k 63 250 1k 4k 16k
ONE-THIRD OCTAVE FREQUENCY [Hz) ONE-THIRD OCTAVE FREQUENCY [Hz]

MAGNITUDE RESPONSE [dB]
. O LA b A
T T T T T T T T T T T T
MAGNITUDE RESPONSE [dB]
s

S
T T T T T T T T

— REFLECTION § — REFLECTION 9
24 24
O S O S A U
315 125 315 125 500 2%
63 250 1k 4K 16k 63 250 1K
ONE-THIRD OCTAVE FREQUENCY [Hz] ONE-THIRD OCTAVE FREQUENCY [Hz]

N
=]
T T T T 7 T T T

MAGNITUDE RESPONSE [dB]
SRR L asa
T T T T T T T T T T T T
MAGNITUDE RESPONSE [dB]
N

— REFLECTION 13 — REFLECTION 17

31,5 125 500 2k 8k 315 126 500 2k 8k
63 250 1k 4K 16k 63 250 1k 4k
ONE-THIRD OCTAVE FREQUENCY [Hz] ONE-THIRD OCTAVE FREQUENCY [Hz]

FIG. 1. Magnitude response of the filter functions implemented for the direct sound and individual reflections for the filtered situation. The dashed line
represents the frequency-independent attenuation used for the unfiltered situation. Note that transfer functions are only given for the investigated reflections.
The reflection number refers to Table I.

IV. GENERAL PROCEDURE size of the direct sound source and the spaciousness of the
A. Subject's task overall sound for a situation where the direct sound and the

] . reflections were equally loud.
The purpose of the experiments was to establish thresh- | ochner and Burgéf note that the effects of the reflec-

old values for changes in the auditory spatial aspects of ré;, \as distinctly noticeable long before it was perceived as
produced sound. In contrast to the timbral thresholds dlsé separate sound sourt@-10 ms delay

cussed in Papers | and Il, the spatial aspects could include a Olive and Tool&® note an image shift or spreadiride-

number of different attributes that all could be potential can- . . .
didates for a definition of a threshold. lay less than 10 n)s spaciousness and image spreading

Haas!? Meyer and Schoddé?. Lochner and Burge¥ (10—40 ms for levels of the reflection well above the abso-
and OIivé and Toof® have all in\,/estigated the spatial,ef— Iqte threshold which corresponds to a detection of any au-
fects of combining a direct sound with a single reflection.dlble chaneges. , ) .
They have reported a number of spatial attributes, depending TOO"?l has an excellent review of the different spatial
on the signal, the time delay, and level of the reflection, thafTeCts discussed above. The experience thus indicates that
are all potential cues for a threshold definition. great care should be taken in defining the auditory cue when

Haas!? for the same level of the direct sound and themeasuring spatial aspects of reproduced sound. The literature
reflection, noted changes in the position of the virtual soundeviewed above suggests three distinctly different thresholds
source(0—1 ms delay of the reflectiopan increase in “live- based on(1) equal loudness of the direct sound and the re-
liness,” “body,” spaciousnesg“pseudostereophonic” ef- flection as used by HadéMeyer and Schoddeér,and Loch-
fect) of the sound, and an increase in the overall loudnesser and Burget! (2) the reflection can be identified as a
(0—-30 ms. separate sound source as used by Meyer and ScHddaer

Meyer and Schodd&tfound an increase in the apparent Lochner and Burge¥; and (3) a just discernible shift in the
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source. A pilot experiment was conducted to gain more ex-
perience and the results showed quite clearly that the only
well defined spatial cue was based on the appearance of a
second sound source. By a secondary sound source it is
meant that, in addition to the principal sound source, a sec-
ond source with a distinct spatial position different from the
principal source appeared in the sound field. The subjects all
agreed on the existence of this cue and its definition. The
: ‘ subjects were thus instructed to use this cue for the main
experiments.
2rms U -y : Note that in the following part of the paper the threshold

: +127 related to the appearance of a second sound source will be
: referred to as the threshold for spatial aspects of the sound
0 : field. This is justified by the existence of only three distinctly
' different thresholds in the simulated sound field: timbre, ap-
pearance of a second sound source, and loudness. Of these
only one was related to changes in the spatial aspects of the
sound field.

input
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B. Method

HORIZONTAL POSITION [DEG.]

The threshold of detection of the reflection under inves-
tigation was determined using the method of adjustment pro-
! cedure. The subject could switch between the standard and a
127 comparison sound field by means of two push buttons at any
,,,,,,,,,, —_— time during the experiment.

The standard and the comparison stimuli are defined as
follows:

FIG. 2. Block diagram of the complete experimental setup. The DSP unit The standardis the complete sound field simulating a
implemented the transfer functions shown in Fig. 1 and the delay and atsingle loudspeaker in the listening room, except that the re-
tenuation due to distance, here shown separately for sake of clarity. Notflection under investigation is missing-50 dB re: direct

that the reflection loudspeakers can represent more than one image, cf. Ta%%und The comparisonstimulus is formed by adding, at a
| and that O degrees corresponds to the front angular reference for the su . ’

ject and positive angles are to the left-hand side.

REVERBERATION SYSTEM

variable level, the reflection under investigation to the stan-
dard sound field.

. . o : : The level of the reflection was controlled by the subject
location or size of the principal auditory image as used byb h hb ) Idi he level and
Olive and Toold® a/twc;] ot der pus uhttolns, (l)qe wou T((:)r%azgtAef_fet\ée anh

The threshold values corresponding to the definitiont € other decrease the level in steps of 0. - AT pus

. . utton allowed the subject at any time to switch to the initial
(1)—~(3) are each separated by approximately 10 dB in Iech?omparison field with the reflection at it's initial level. This

of the reflection and definition 3 leads, according to OIive]c I d th bi “refresh’” the initial ch
and Toole® to the lowest threshold approximately 7 dB eature allowed the subject to “refresh” the initial character
’ J the change in the sound field. Note that the sound was

above the absolute threshold based on timbre. The thresho? ; . .
switched on and allowed to reach the maximum reproduction

definitions according t42) and (3) were thus judged to be Igvel before the subject could start to adjust the level of the

the most relevant for the present series of experiments an .
reflection.

the subjects were instructed to base their detection on either The subjects were instructed to stop the experiment with

the appearance .Of a s_econd ano_l separate sogno_l SOurce 2 reflection at a level where they could just discriminate
change in perceived size or position of the principal soun

etween the standard and the comparison stimulus, and such
that a 1 step reduction in levétqual to 0.5 dB caused the
TABLE Ill. The level of the direct sound and the early reflections relative to di ;
ifference to disappear.
the level of the diffuse part of the sound field as measured in the real room PP

and in the simulation setup, The chosen step size was a compromise between reso-

lution of the procedure and ease of use, as a smaller step size

One octave Ratio for Ration for caused difficulties for the subjects at the threshold. They
frequency{Hz] real room[dB] simulation[dB] found it difficult to adjust the level such that one step down
125 08 22 caused the difference to disappear.
250 0.4 5 The initial level of the reflection was set to either 0 dB
500 4.6 5.2 or +5 dB re the direct sound, depending on the experiment.
1000 53 53 This ensured that there was a definite difference between the
2000 6.4 5.4 . )
4000 44 o1 standard and the comparison stimulus.
8000 6.5 117 Each subject participated in eight experiments as shown
in Table IV and in each experiment threshold values were
438  J. Acoust. Soc. Am., Vol. 103, No. 1, January 1998 Séren Bech: Spatial aspects of reproduced sound 438
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TABLE IV. Experimental conditions examined in the paper. The abbrevia- Cardozd® noted that one of the principal applications of
tion HP500 means high-pass filtered with cross-over frequency at 500 Hfhe MOA is in cases where the stimuli differ for one or more
and LP2k means low-pass filtered with cross-over frequency at 2 kHz. . . .
P duency attributes at the same time. It is well know@ardozo®
. 19 .
Exp. number  Attribute Stimulus  Filtering  Results in Fig. Wier et al,™ and Hess®), however, that results obtained
with adjustment procedures, where the subject actively

1 spatial aspects noise no 3,4,5 . . .

5 spatial aspects noise no 4 changes .the stimuli under test, are different from those_ ob-
HP, 500 Hz tained with forced choice procedures, where the subjects

3 spatial aspects noise no 4 have to choose one of two or more alternative presentations.

_ LP, 500 Hz The main criticism of the MOA is caused by the fact that the
4 spatial aspects hp gok'ie no 4 influence of variables like the step size, the number of
, z . . . .

5 spatial aspects Hoise no 4 _StImL']|I presentations L_lsed_ for the evaluat|on,_ gnd _the sub-
LP, 2 kHz jects’ strategy for termination cannot be quantified like they

6 timbre noise no 3,8 can for the forced choice procedures. The MOA procedure,

7 spatial aspects ~ noise yes 5,6 however, has been show@ardozo'® Hessé’ to possess a

8 spatial aspects speech yes 6,7

number of advantages compared to forced choice procedures.
These include the ability to focus on a specific attribute of
) i several possibilities, that the subject can optimize the stimu-
measured for five reflection®os. 1, 5, 9, 13, and 17The ;5 presentation to suit his needs, that it has a significantly
individual thresholds are defined as the mean of four repetipigher efficiency, and that the intra-individual reproducibility
tions and the reported threshold is the mean across SUbJeCE-higher.
The mean threshold is reported relative to the level of the  The advantages of the MOA procedure, as discussed
direct sound. S _ above, were found to outweigh the disadvantages in the
The subject's participation was organized so that tWOyresent situation and it was decided to test the method in a
subjects participated at the same time. While one subject Wagyries of training experiments. The results showed that the
running one block of four repetitions, that is measuring thesubjects were quite comfortable with the method and that
threshold for one reflection, the other subject was restingthey had no problems in separating the two auditory cues. It
The four repetitions were separated by small breaks of 2-g a5 thus decided to use the method in the main experiments.
min. while the subjec_t remained |n_the setup and re_sted. One  However, to be able to link the current set of results to
block lasted approximately 15 min. After completing one ose reported in Papers | and Il it was decided to measure
block the two subjects interchanged and the other subject rafye gifferences between timbral thresholds obtained with the
a block. A pair of subjects would work for approximately \joa and 2AFC procedures. It was thus implicitly assumed

two hours equal to running five blocks each, before they haghat similar differences would be found for spatial aspects.
a break of 2—4 h. No subject would participate in more thanrhe results are further discussed in Sec. VI C.

two such 2 h sessions per day.
Threshold values have only been measured for reflec-
tions 1, 5, 9, 13, and 17 in the experiments. The limitationsy ResULTS
in number of reflections was caused by time constraints, and ] o
the selection of reflections was based on a wish to be able 3+ Results for the unfiltered situation

compare results with those of timbre, reported in Paper II. The purpose of these experimeritdos. 1-6 in Table
IV) was to measure the threshold of detecti®®) for indi-
C. Discussion of experimental method vidual reflections for different conditions, and to compare the

. o TD values with the natural level of the reflection as calcu-
When the level of the reflection was set to its initial level lated by an image model. However, the basic assumption that
there was a definite perceived difference between the stagge g hiect can discriminate between a change in the spatial

dard and the comparison stimulus. The difference consistegspectS of the reproduced sound and a timbral change, will
of a loudness difference, the appearance of a second :sourﬂpSt be examined

source, and a timbral difference. A decrease in the reflection

level caused the loudness difference to disappear, and a fur- . = = | .

ther decrease caused the differences related to the secohgP/Scrimination between thresholds for timbre and

source to disappear. The difference in timbre was the last t5° atial aspects

disappear, which means that the threshold of interest in the The experiments are based on the assumption that sub-
present series of experiments was reached while the timbrgcts can discriminate between a change in spatial aspects
differences still existed. This means that the chosen experand timbre of the sound field. The timbral threshold is as-
mental method should allow the subjects to discriminate besumed to represent the lowest threshold and changes in spa-
tween two coexisting cues. This proved difficult when thetial aspects are found for higher levels of the reflection. Be-
adaptive two alternative forced choice method as employetbw the lowest threshold there are no subjective differences
in Papers | and Il was used. Another method was thus needed all between the two sound fields.

and as other researchers in this afidaas'? Seraphint,’ and The threshold of detection for the two tasks were mea-
Olive and Toolé® had used the method of adjustmentsured and are shown in Fig. 3. The results show that the TD
(MOA) it was decided to examine this method further. values for timbre are always lower than the TD’s for spatial
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FIG. 3. Mean threshold values for a change in spatial aspects and in timbrelG. 4. Mean threshold values for a change in spatial aspects for the unfil-
for the unfiltered situation and the noise signal. The mean values are baseered situation as a function of band width of the noise signal. The mean
on three subjects and four repetitions for each subject. Confidence intervaislues are based on three subjects and four repetitions for each subject.
(95%) based on the within-subject variance atel.2 dB (spatia) and Confidence intervals(95% based on the within-subject variance are
+1.8 dB (timbre). The natural levels of the individual reflections based on *1.2 dB (broadbany =1.1 dB (LP500 H2, +1.8 dB (HP500, =1.1dB

an image model are also shown as are the individual reflection numberdP2K) and+ 1.8 dB(HP2K). The individual reflection numbers are shown
according to Table I. according to Table I.

aspects. This is in agreement with the reports of the subjectigwer or not significantly different from the natural levels.
who claimed that they always could hear a timbre differencelhis suggests that the first order reflection from the floor and
when they reached the spatial threshold. second order reflections from the ceiling and left-hand wall
The differences observed in Fig. 3 between the timbraktontribute on an individual basis to the auditory spatial as-
and spatial thresholds are approximately 3 dB for reflectionpects of the sound field.
1, 5,9, and 17 and 1.5 dB for reflection 13. Olive and The TD’s for timbre for reflections 1, 5, and 9 are all
Toole®™ found that their “image shift” thresholds were ap- seen to be significantly lower than the natural levels and
proximately 7 dB higher than the timbral thresholds. Accord-thereby contributing individually to the timbre of the sound
ing to the discussion in Sec. IV A it was, however, expectedield. This confirms the findings of Paper Il for reflections 1
that the “image shift” threshold would be some where be-and 9, although the present TD’s are lower than those found
tween the timbre thresholds and the threshold based on the Paper II. The discussion in Sec. VI C shows that the dif-
present “separate sound source” definition. It should, how-ferences in the TD’s are the result of using two different
ever, be remembered that it was not possible to detect amgxperimental procedures.
changes in the simulated sound field corresponding to the The results of Papers | and Il, and the present thus indi-
Olive and Toolé® definition. Thus care should be taken cate that the first order reflection from the floor and the sec-
when relating the threshold values based on the two definiend order reflections from the left hand wall will individually
tions. influence both timbral and spatial aspects of the sound field.
It should be noted that the TD’s for spatial aspect and
timbre are only significantly different for reflections 1, 5 and 3. Threshold of detection for individual reflections for
9 and that the 95% confidence interval of the timbre threshhigh- and low-pass filtered noise signals

old is nearly twice the value of the interval for the spatial The frequency bandwidth of the signal is known to have
threshold. This suggests that the psychometric functions fosn influence on the ability to localize a sound soufsee
spatial aspects are apparently steeper than those for timbr@|auert? for a review. Further, it would be of great interest
The results thus indicate that subjects are able to reliablyor the designers of |Oudspeakers to know how the different
discriminate between the two types of changes in the audirequency ranges influence the spatial aspects, as this would
tory impression. help in the definition of how loudspeaker directivity charac-
The use of loudness differences as cues were also exarristics should be designed as a function of frequency.
ined. Papers | and Il reported on measurements of SPL dif-  Thys, it was decided to conduct a series of experiments
ferences between the standard and the comparison stimulygth the purpose of examining the influence of frequency
with the reflection at TD values similar or hlgher than thoserange of the SignaL Threshold values were measured using
reported in this paper. As all the SPL differences corresponcdhigh- and low-pass filtered pink noise. The crossover points
ing to those TD's were lower than those required for dis-for the high- and low-pass filters were chosen to be repre-

crimination based on loudness differences, it is concludedentative of the crossover frequencies used in standard two
that loudness could not have been a cue in any of the presegf three-way loudspeaker systems.

situations. The TD's for high- and low-pass filtered noise signals
. are shown in Fig. 4, together with the TD’s for a broadband
2. Comparison of natural levels and measured noise signal from Fig. 3. The results show that the TD’s

thresholds of individual reflections increase significantly for reflections 1, 5, 9, and 13 when the

The TD'’s for spatial aspects are shown in Fig. 3 for thesignal is low-pass filtered at 500 Hz and for reflections 1, 5,
noise signal, together with the natural levels. The TD’s forand 9 when the signal is low-pass filtered at 2 kHz. The
reflections 1(floor), 5 (ceiling), and 9(left wall) are either threshold values for the high-pass filtered signal are not sig-
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nificantly different from the broadband based thresholds.
Here, it is interesting to note that the results reported in paper
Il suggested that the spectral changes in the frequency range
500 Hz-2 kHz are most important for the threshold detection
of timbral differences.

A comparison between the natural levédse Fig. 3and
the TD’s shown in Fig. 4 shows that the TD’s for both high-
and low-pass filtered signals for reflection 1 are lower than
the natural levels. For reflections 5 and 9 only the high-pass L L ‘ s
filtered TD’s are lower than the natural levels. For reflections 01 2 8 4 5 6 7 8 9 1011 12 13 14 15 16
13 and 17 all the filtered TD’s are higher than the naturals DELAY re DIRECT SOUND [me]

levels. FIG. 5. Mean threshold values for a change in spatial aspects for the filtered
The results thus suggest that the spectral energy aboveadq unfiltered situations for the noise signal. The mean values are based on

kHz, for some of the individual reflections, determines thethree subjects and four repetitions for each subject. Confidence intervals

degree of influence the reflection will have on the spatial©5% based on the within-subject variance atel.1dB (filtered and

1.2 dB (unfiltered. The natural levels of the individual reflections based

aSp(?Cts of the reprOdI:JF:Ed sound. The results show that & an image model are also shown as are the individual reflection numbers

flections 1(floor), 5 (ceiling), and 9(left wall) are so strong  according to Table .

that they will contribute separately to the spatial aspects, if

their spectra contain sufficient energy in the frequency range = = Lo .

above 2 kHz. If the reflections only contain energy belowﬂefrt'on IS Ir']kely to.ble |nd|V|duaI]Jyhaud|bIe a?_dlso be able to

500 Hz, only the first-order floor reflection will contribute to INfluénce the spatial aspects of the sound field.

spatial aspects.

-16 | m WITHFILTER © NATURAL LEVEL
-18 |- & WITHOUT FILTER

THRESHOLD re DIRECT SOUND [dB]

B. Results for the filtered situation 2. The influence of signal type

The purpose of these experimefi®s. 7 and 8 in Table Previous resultgOlive and Toole's Papers | and )i

V) was to measure the thresh(_)ld of dete_c_t|0n for 'nd_'V'dualhave shown that the signal type can have an influence on TD
reflections, \_N'th _tr_ansfer funct!orjs modified according 10,5y,e5 for timbre so it was decided to test this for the spatial
measured directivity characteristics of a real loudspeaker,gnects a5 well. Two classes were identified: continuous and

and absorption as a function of frequency for the room Surgiscontinuous sounds represented in this experiments by
faces. The measured thresholds will be compared with thOSﬁoise and speech, respectively

for the unfiltered situation to assess the effect of the filtering, The thresholds of detection for the noise and speech
and also compared with the “natural” level of the reflection signals are shown in Fig. 6. The threshold values for the
as calculated by an image model. Note that the use of thgjeech signal are seen to be significantly higher than those
natural levels is a compromise to describe the transfer funq—or the noise signal for all reflections. This has the conse-

tions shown in Fig._ 1 by a single number. It is seen to be Ehuence that the thresholds for the speech signal are all higher
reasonable approximation for reflections 1, 13, and 17. Th@ 4 the natural levelésee Fig. 5 except for reflection 1.

threshold values for the filtered situation are assumed 10 beps 5 gqests that only reflection 1 will individually influ-
more in accordance with the conditions of a real room. Theence the spatial aspects for signals like speech

thresholds have also been measured using speech in order to A comparison between threshold values based on noise,

assess the importance of signal type. low-pass filtered at 500 Hz and the speech signal, respec-

tively shows that the thresholds are not significantly different

except for reflections 5 and 9. The similarity between the
The measured threshold values for the filtered situation

are compared to those of the unfiltered situation and the

1. The influence of filtering

natural levels, in Fig. 5. s

The thresholds for the filtered situation are significantly % ? i
higher for all reflections except reflection 17, and especially @ a4l D
large changes are seen for reflections 5 and 9. A visual in- & 3| 51 v .
spection of the transfer functions for the individual reflec- g S5r " - .
tions shown in Fig. 1 shows that the filtering mainly attenu- 9 ; L. 5 a 3 17
ates energy in the middle and high frequency regions. This is % _1_1 [ mNOISE .
especially the case for reflections 5 and 9. These two reflec- § 13| £ SPEECH
tions also have the largest changes in their TD's. The © -5

01 2 3 4 5 6 7 8 ¢ 10 11 12 13 14 15 16

changes in threshold level caused by the introduced filtering DELAY re DIRECT SOUND [ms]
are thus in agreement with the results based on the high- and
low-pass filtered signals, shown in Fig. 4. FIG. 6. Mean threshold values for a change in spatial aspects for the filtered

Staping _situation and speech and noise. The mean values are based on three subjects
The effect of the fllterlng is also that all thresholds ex and four repetitions for each subject. Confidence inter(@886 based on

cept that for reﬂe.Ction 1 are now SignifiFantly above thegp,e within-subject variance are 1.1 dB(noise and = 0.8 dB(speech The
natural levels. This means that only the first-order floor re-individual reflection numbers are shown according to Table I.
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B 6 tions and it is argued in Paper | that this also applies to the
g uf 558 A M simulated sound field.

3 3 \0\. * 0T eLi8 Olive and Toole'$® results, obtained in a listening room

& g F T similar to the present, are shown in Fig. 7. They are seen to
£ ‘s A/A———————‘ be significantly lower than the present TD’s for short delay
2 of — 5 times (<10 ms) and similar for longer delays. The lower
2 2F 4 . *‘D/D/ thresholds could be explained by the difference between the
g oef . /*/ “image shift” and “separate sound source” definitions as
F _;g E o discussed in Sec. IV A. However, as discussed in Sec. VA 1,

01 23 4DESLAY6re SIRE%TgodﬁDE;s]w 13 14 15 16 it might not be possi_ble to compare _the two _situ_ations as the
Olive and Toolé® defined threshold did not exist in the simu-
FIG. 7. Results from Meyer and SchodtfetM&S) (anechoig, Lochner lated sound field.
and Burgel* (L&B) (anechoit, Olive and Tool&® (O&T) (IEC room), and The hypothesis that the reverberant field increases the
the TD’s from Fig. 6(SB) plotted fo_r comparatiye reasons. The signgl was gudibility of individual reflections is not completely sup-
tshp:((ej(;rt];(\),\:ee:!} %e;)stz;:(r;.d the note in brackets indicate in which enwronmelﬁ.o.rted by the results of Olive and To&l%‘.l’hey found insig-
nificant differences between threshold values for short delays
(<8 mg in the three tested environments. For longer delays
thresholds could be explained by the fact that the spectrum0_20 ms they found larger difference@p to 6 dB, but
of the speech signal has its main part of the energy in thgniy partly supporting the hypothesis. Two factors should be
frequency range 70-500 Hz. considered in this context. The first is that the loudspeaker
used to simulate the investigated reflection, had the same full
bandwidth as the loudspeaker producing the direct sound.
This means that there must have been a spectral difference
A. Comparison with the literature between the natural reflection, present when the test reflec-
tion was switched off, and the test reflection. Freyman

This investigation is, to the knowledge of the author, the

24 H 25
first to measure the threshold of detection of several indi-.et al”" and Cliftonet al™ have shown that sudden changes

vidual reflections for a change in the spatial aspects of dn the spectral content of the reflection causes the precedence
ffect to break down. The second factor is the “plausibility

reproduced sound field. No other results are therefore avaif

able to directly compare with, however, a humber of resultseffeCt” suggested by Rakerd and HartmafiThey showed

have been published for situations that are closely related stgﬁt |fche delay, :he lspegérlumor tr:et_angtle ?; |ntc:|dtence_of the
these will be examined in the following. reflection are not “plausible” in relation to the test environ-

Olive and Toold® measured the “image shift” threshold ment it will cause the precedence effect to break down. Both

for a single controlled reflection using speech in an anechoi8f these factors could have had an influence on the thresh-

chamber, a semianechoic room and a standard Iistenin%JdS obtained by Olive and Toole.

room. Their “image shift” threshold criterion was, as dis-
cussed in Sec. IV A, however, different from the present.
Meyer and Schodd&tand Lochner and Burg¥rmeasured The precedence effect is the effect that the auditory
the threshold for a single reflection in an anechoic chambeevent appears in a single direction determined by the direc-
using speech for a number of threshold definitions includingion of the first arriving wavefront. Later arriving wave-
one similar to the present. For comparisons, the results dfonts, for example reflections from walls close to the sound
Olive and Toole®> Meyer and Schoddéf, Lochner and source emitting the first wavefront, does not influence the
Burger* and the TD’s for speech from Fig. 6 are shown in directional impression.
Fig. 7. Experiments on this phenomena requires a definition of
The difference between the Meyer and Schotftland  the threshold and as the discussion in Sec. IV A indicated,
Lochner and Burger’ results are at least partly due to the several definition have been used by the researchers in this
difference between the threshold definition “echo barely in-field. The reader is referred to Blau@rt(sections 3.1.2,
audible” as defined by Meyer and Schodtfeand “echo  4.4.2, and 5. for further discussions of threshold defini-
clearly audible” as used by Lochner and Burd&rThe tions.
present TD’s are based on a threshold definition that is most  The definition used by Blauéttis the so-called “echo”
similar to that used by Lochner and Burlfeso the differ-  threshold where “echo” refers to the impression of a second
ence between their results and the present suggest that thaditory event in addition to the primary event generated by
presence of other individual reflections and a reverberanthe first wave front. Note that “echo” includes more than the
field increases the audibility of individual reflection quite traditional definition of an echo, that is a replication of an
significantly. This would be supported by results of Leakeyauditory event, separated in time from the first. Blauerts
and Cherr§? and Chiang and Freym&hwho showed that “echo” threshold definition is that introduced by Lochner
addition of noise uncorrelated both spatially and electricallyand Burget* where the “echo is clearly audible.” This defi-
with the main signal increased the audibility of a delayednition is quite close to the definition used by the author for
signal significantly. Cremer and Mar* has shown that the the present series of experiments as the subjects were in-
reverberant field is uncorrelated with the individual reflec-structed to stop the experiment when they could just dis-

VI. DISCUSSION

B. Comparison with results on the precedence effect
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criminate between the standard and the comparison stimuluthat the anomalies observed at low frequencies using click
It was therefore found worthwhile to compare the obtainedstimuli would not be present if a continuous signal was used.
results to some of those reported in the literature on the pradowever, the results in Fig. 4 shows that the TD’s also de-
cedence effect. Blauéfthas an excellent review of the re- pends on the frequency content for a stationary signal, for
sults on the precedence effect, so only results in direct relaeflections with delays similar to the length—-2 mg of the
tion to the present investigation will be examined. fluctuations in the IACCF, and for reflections with delays so
long that the IACCF should have stabilized. This suggests
that the difference in threshold values for the high- and low-
Rakerd and Hartmaif found that vertical reflections pass filtered signal, as shown in Fig. 4, cannot be explained
have a smaller influence on the precedence effect comparesy fluctuations in the IACCF for the low-pass filtered sig-
to horizontal reflections. This applies to delay times in thengls.
range 0.6 to 2.3 ms. However, Gu&kiound that adding Another factor should be considered for an explanation
reflective surfaces on the floor and ceiling in an otherwisef the dependency of frequency range for the precedenee
anechoic environment had a larger influence on localizatiorffect. This is a subject’s ability to localize low-pass filtered
accuracy compared to adding surfaces in the horizontal plansignals. Hartmanii noted that it is very difficult to localize
(walls). The reported results are in agreements with the retow frequency pure tones in a room. He noted that subjects
sults of Gusk?’ as only the floor reflection is likely to have in that case adopt a strategy with a high consistency, but that
a significant influence on the spatial aspects of the sounghe strategy depends strongly on the subject. The same ten-

1. The effect of angle of incidence of the reflection

field. dency has been observed in the present experiments. The
between-subject variance was four to ten times higher for the
2. The effect of signal bandwidth low-pass filtered signals compared to the broadband and

The influence of signal bandwidth on the effectiveneséﬂgh'paSS filtered signals. However, the within-subject vari-

of the precedence effect has been examined by Blauert a@ce(consistencywas similar for a.‘”.the 3?9”?" types. Sub-
CobberR® using a standard stereophonic arrangement an cts also reported that they had difficulty in finding a cue for

narrow-band(one-third octavg pulses with center frequen- the low-pass filtered signals.

cies 0.5, 1, and 2 kHz. They found that the horizontal angle

of the sound image as a function of delay of the right loud-C- Influence of experimental procedure

speaker signal was similar for the broadband signal and the 2 The method of adjustmeMOA) has been used for the
kHz signal. The mean values for the 1 and 0.5 kHz signalgyperiments reported in this paper for reasons discussed in
deviated from the broadband results, and varied strongly asgec. |v C. However, the results presented in Papers | and I
function of the delay of the signal. This leads to the conclu-g, the detection of timbral differences are based on an adap-
sion that the precedence effect shows anomalies for low frejye two alternative forced choioc® AFC) procedure, and in
quency narrow-band signals. The results in Fig. 4 also sugsrder to be able to compare the two sets of results, the
gest that the localization mechanism works differently forihreshold of detection for timbre is shown for the two pro-
high- and low-pass filtered signals. The broadband noisgequres in Fig. 8. The thresholds of detection, based on the
thresholds are similar to those for the 0.5 and 2 kHz high\oA procedure, are seen to between 3-5 dB lower than
pass filtered noise, and significantly different from thosehgse hased on the 2 AFC procedure. This range of differ-
based on low-pass filtered noise at 0.5 and 2 kHz. Thesgnces is in agreement with that observed by Bbébr ex-

results are further supported by Blauert and®who found  periments on a single reflection in combination with the di-
that the echo thresholds in a precedence effect paradighact sound.

were similar for broadband impulses, 2.5 kHz bandpass, and

2.7-3.4 kHz bandpass impulses. Low-pass filtered impuls

at 1 kHz, 1.5 kHz, and 270 Hz-340 Hz bandpass filtere?j\?”' SUMMARY OF FINDINGS

impulses had significantly higher echo threshold values. This section contains a summary of the major findings.

Freymanet al?* also found evidence that the echo suppres-The validity and generality of these depend among other

sion is influenced differently for high- and low-pass filtered things on the accuracy of the electroacoustic simulation of

signals. the sound field. This subject has been discussed in some
Blauert and Cobbéf attributed the anomalies in the detail in Papers | and Il and readers are referred to those

precedence effect at lower frequencies to the fluctuation ipapers. The validity of the findings also depends on the gen-

position of the absolute maximum of the interaural crosserality of the characteristics of the modeled loudspeaker and

correlation function(JACCF). They speculate that the posi- the room.

tion of the maximum corresponding to the first sound will The loudspeaker was a standard two-way system both in

fluctuate for several milliseconds and this will interact with terms of size, electrical, and acoustic characteristics. It is still

the maximum corresponding to the delayed sound. If thidelieved to be representative of a large portion of today’s

assumption is correct it follows thét) the precedence effect available loudspeaker systems.

should return to normal for delays longer than the time of  The dimensions of the modeled room and its reverbera-

fluctuation and(2) that the use of a stationary signal would tion time are within the requirements of the IEC 268-13 rec-

enable the subject to delay the decision on the position of themmendation, whereby the room should be representative of

sound source until the IACCF had stabilized. This suggesta domestic listening room. The modeled absorption charac-
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(1) Subjects can reliably discriminate between spatial and

= MoA timbre cues.

B 24FC (2) The spectral energy above 2 kHz of individual reflec-

tions determines the degree of influence the reflection

9 will have on the spatial aspects of the reproduced sound

O field.

- (3) Under conditions as in the simulated room, with a stan-

NOISE 5 dard two-way loudspeaker system reproducing broad-

oY S ‘ . = band noise or speech, only the first order floor reflection
01 2 3 45 6 7 8 9 1011 12 13 14 15 16 is so strong that it will contribute separately to the spatial

DELAY re DIRECT SOUND {rme] aspects of the sound field.

0 o
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FIG. 8. Mean threshold values for a change in timbre for the unfiltered
situation and the noise signal obtained by Method of Adjustnist®A)
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