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Timbrai aspects of reproduced sound in small rooms. I 
S•ren Bech a) 
The Acoustics Laboratory, Building 352, Technical University of Denmarl• DK-2800 Lyngby, Denmark 

(Received 11 November 1992; revised 31 May 1994; accepted 2 October 1994) 

This paper reports some of the influences of individual reflections on the timbre of reproduced 
sound. A single loudspeaker with frequency-independent directivity characteristics, positioned in a 
listening room of normal size with frequency-independent absorption coefficients of the room 
surfaces, has been simulated using an electroacoustic setup. The model included the direct sound, 17 
individual reflections, and the reverberant field. The threshold of detection and just-noticeable 
differences for an increase in level were measured for individual reflections using eight subjects for 
noise and speech. The results have shown that the first-order floor and ceiling reflections are likely 
to individually contribute to the timbre of' reproduced speech. For a noise signal, additional 
reflections from the left sidewall will contribute individually. The level of the reve[berant field has 
been found to have an effect on the contribution of the individual reflections. An increase in the level 

of individual reflections are most likely to be audible for the first-order floor and ceiling reflections, 
and certain reflections from the sidewalls. 

PACS numbers: 43.55.Hy, 43.55.Jz, 43.66.Jh 

INTRODUCTION 

Although the perception of sound in rooms has been of 

interest to loudspeaker mantu•acturers for many years, the 
interaction between a 1oudspbaker, the listening room, and 
the listener is still not well understood. Therefore, it is very 
difficult for a manufacturer to predict the quality of the 
sound produced by a loudspeaker in a specific environment. 

An obvious target for the design of an improved loud- 
speaker is one where reproduction is virtually independent of 
the listening room, and the position of the loudspeaker in the 
room. This could be possible through the application of so- 
phisticated methods for control of the acoustic properties 
(e.g., directivity and frequency response) of loudspeakers, if 
the perception of reproduced sound was better understood. 
With this purpose in mind, a five-year research project, 
"Archimedes," was started in 1987 as a joint project among 
Bang and Olufsen A/S (DK), KEF Audio Ltd. (GB), and The 
Acoustics Laboratory of the Technical University of Den- 
mark. The project has been financed under the European re- 
search program, EUREKA. 
• It was decided to concentrate experimental investiga- 
tions on the timbre of reproduced sound as perceived by a 
listener in a typical room. ToXprevent confusion caused by 
simultaneous perception of timbre and localization, it was 
decided to investigate a monophonic reproduction system, 
represented by the right-hand loudspeaker of a stereophonic 
setup. 

Two basic questions have been investigated: 

(1) Which early reflections are sufficiently strong to contrib- 
ute individually to overall timbre, and which only con- 
tribute collectively? 

(2) How much must the level of an individual reflection 

a)Present address: Bang and Olufsen A/S, Peter Bangs Vej 15, DK-7600 
Struer, Denmark. 

change to produce a change in the overall timbre of the 
sound field? 

Both questions are related to the directivity of a loud- 
speaker. The first is related to the basic design of a loud- 
speaker with fixect directivity, and the second to a loud- 
speaker that allows control of the directivity. 

The influence of individual single reflections on the tim- 
bre of the sound field has been investigated previously. Atal 
etal. (1962), Sommerville etal. (1966), Bilsen (1968), 
Zurek (1979), Olive and Toole (1989), and Bech (1989) have 
all established threshold values for single reflections in com- 
bination with the direct sound as a function of the delay of a 
reflection. However, only Olive and Toole (1989) used a total 
sound field that included more than the direct sound, the 
investigated reflection, and perhaps one or two additional 
reflections. Olive and Took: (1989) investigated the threshold 
for a single lateral reflection in combination with the direct 
sound in a real room, including its reflections. The present 
investigation examines sew:ral individual reflections with the 
correct relationship between angle of incidence and time de- 
lay relative to the direct sound, in the presence of multiple 
other controllable reflections and a reverberant field. 

The paper is organized as follows: Sees. I-IV contain a 
description of the setup, stimuli, subjects, and the general 
procedure. Sectiou V contains the results and discussion, 
Sec. VIa general discussion, and Sec. VII a summary of the 
findings. 

I. EXPERIMENTAL SETUP 

An examination of the influence of individual parts of 
the sound field (e.g., reflections) necessitates the use of a 
simulation technique. Several techniques were examined and 
it was decided that electroacoustic simulation offered the 

best possibilities. 
Electroacoustic simulation of a sound field requires a 

listener surrounded by loudspeakers in an anechoic chamber. 
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Reichardt and Lehmann (1978) have shown that a simulated 
sound field should include (1) the direct sound, (2) discrete 
early reflections, and (3) a subjectively diffuse sound field in 
order to convey a sufficient degree of room impression to the 
listener. 

The direct sound and early reflections are usually repre- 
sented individually by single loudspeakers, and the feverher- 
ant field by a group of loudspeakers. For practical and acous- 
tical reasons (to keep the room anechoic) the number of 
loudspeakers in the setup must be limited. The direct sound 
requires one loudspeaker, and experience has shown that the 
subjectively diffuse field requires a minimum of four to six 
loudspeakers. The total number of loudspeakers is thus de- 
termined by the number of individual reflections that need to 
be modeled. Therefore a choice has to be made as to the time 

of the impulse response at which discrete reflections give 
way to a subjectively diffuse sound field. 

The early part of the sound field is characterized by an 
increase in impulse density as a function of time. However, it 
is well known that the human hearing system, shortly after 
onset of a continuous sound, perceives the sound field as a 
continuous whole. This suggests that the hearing system only 
follows changes in impulse density to a certain point, and 
thereafter the sound field is perceived as continuous, irre- 
spective of a continuing increase in impulse density. 

Schreiber (1960) investigated this hypothesis and found 
that subjects (50%) cannot detect an increase in impulse den- 
sity if the mean impulse density is higher than 2000 s -•. This 
applies for low-pass filtered signals, with cutoff frequencies 
of 2 or 4 kHz. Thus it can be assumed that a sound field will 

be perceived as continuous if the mean impulse density is 
higher than 2000 s -•. 

The mean impulse density as a function of time for a 
rectangular room with reflecting walls can be approximated 
by 

AN 4,rrc 3 
-----t 2 (s-l), (1) At V 

where c is the speed of Sound (340 m/s), V is the volume of 
the room in m 3, and t is elapsed time in seconds after arrival 
of the direct sound at the receiver position. 

Using Schreiber's result for the maximum mean impulse 
density and the volume of the room, Eq. (1) can be used to 
calculate the time of onset of the subjectively diffuse part of 
the sound field. Note that this assumes that a subjectively 
diffuse sound field is equivalent to a subjectively continuous 
sound field. 

The dimensions and acoustic properties of the listening 
room of The Acoustics Laboratory was used as basis for the 
simulation. This room is built in accordance with IEC 268-13 

(1985) and is therefore believed to be generally representa- 
tive of a domestic listening room. The dimensions of the 
room and the positions of the loudspeaker and listener which 
have been modeled are shown in Fig. 1. 

The room has a volume of 112.8 m 3, which together 
with a mean impulse density of 2000 s-1 is used to solve Eq. 
(1). This results in an onset time of 21.4 ms relative to the 
direct sound for the subjectively diffuse part of the sound 
field. 

7.52 

2.22 

• 2.20 m 2.38 rn 
1.20 rn 

FIG. 1. Plan view of the listening room that defined the input parameters to 
the image model. The height of the room is 3.16 m with a suspended ceiling 
at 2.8 m. The center of the loudspeaker and the head of the listener are both 
1 m above the floor. The loudspeaker was aimed towards the listener and the 
distance between the listener and the loudspeaker was 3.1 m. 

The sound field, produced by the arrangement shown in 
Fig. 1, can then be divided into three components: 

(1) the direct sound, 
(2) individual reflections arriving earlier than about 21-22 

ms, relative to arrival of the direct sound, and 
(3) the reverberant field or reflections arriving later than 

21-22 ms, relative to arrival of the direct sound. 

The total number of reflections with delays in the range 
0-22 ms is too large for a practical implementation if each 
reflection is to be represented by an individual loudspeaker 
in the anechoic chamber. To reduce the number of loud- 

speakers the following procedure was employed: (1) Only 
reflections with a level above -20 dB, re: the direct sound 
were modeled and (2) several reflections were represented by 
the same loudspeaker if their angles of incidence were not 
subjectively different. 

The minimum level of -20 dB was based on threshold 

values for a single reflection in combination with the direct 
sound (no other reflections or a reverberant field are present). 
This situation was assumed to represent the most sensitive 
situation and tO result in threshold values below those ex- 

posed for the present situ,ation. 
Blauert (1983) provides information on the necessary 

separation between sound sources to ensure perception as 
spatially separated, used to represent several reflections by 
one loudspeaker. Detailed information on the process of re- 
ducing the number of loudspeakers is given in Beth (1990). 

Thus the implemented simulation included the direct 
sound, 17 individual reflections, and the reverberant field. 
The following sections discuss the practical implementation 
of the three parts of the setup. 

A. Implementation of the direct sound and individual 
reflections 

Delay and attenuation due to distance of the direct sound 
and individual reflections are calculated using the image 
source theory, implemented as a computer program by KEF 
Audio Ltd. The directivity characteristics of the original 
loudspeaker were modeled as a cardioid, independent of fre- 
quency. The absorption coefficients of the room surfaces 
were modeled as independent of frequency with the follow- 
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ing values: ceiling=0.05, floor=0.3, and walls=0.44. These 
values result in a calculated reverberation time of 0.4 s, in- 
dependent of frequency. 

The calculated levels of the individual reflections are 

hereafter referred to as the natural levels, as they represent 
the levels that the reflections would have in a real room with 

specified properties. 
For a general discussion of the image source principle, 

see, e.g., Cremer and Miiller (1982) and Berman (1975) for 
use in a rectangular room. 

The loudspeakers employed for the simulation setup 
consisted of a 110-mm, two-way coincident-source drive 
unit, mounted in a rigid plastic sphere of 280-mm diameter. 
All loudspeakers were individually calibrated to have a fre- 
quency response of 200 Hz-13 kHz+_0.5 dB, and matched in 
sensitivity (200 Hz-13 kHz) within +_0.25 dB. The loud- 
speaker system is described in detail in Fincham et al. 
(1989). The setup was positioned in the large (1000 m 3) 
artechole chamber of The Acoustics Laboratory, and all loud- 
speakers were located, with correct azimuth and elevation, 
on the surface of an imaginary sphere of 3-m radius centered 
on the listening position. The supporting structures for the 
loudspeakers and the subject were treated with sound absorb- 
ing mineral wool to reduce the residual reflections to a level 
of at least 21 dB below the direct sound, for the frequency 
range 80 Hz-20 kHz. 

B. Implementation of the reverberant field 

The creation of a subjectively diffuse sound field in an 
anechoic chamber has been studied by Meyer et al. (1965), 
Damaske (1967/68), Wageher (1971), Damaske and Ando 
(1972), and Ando and Kurihara (1986). The general conclu- 
sion is that a number of loudspeakers fed with uncorrelated 
signals, and positioned in the horizontal plane of an imagi- 
nary sphere, will provide a listener at the center of the sphere 
with a subjectively diffuse sound field. The number of loud- 
speakers necessary depends on the characteristics of the 
sound field being simulated. 

A series of pilot experiments (see Bech, 1990) showed 
that the present simulation required six loudspeakers, posi- 
tioned in the equatorial plane of the imaginary sphere de- 
scribed above. Signals for the reverberant field were based 
on a commercially available reverberation unit (Lexicon 
PCM70) which provides two sufficiently uncorrelated 
outputs. • The reverberation time measured in the setup was 
in the range 0.4-0.5 s for the frequency range 125 Hz-5000 
Hz. The level of the reverberant part of the sound field, rela- 
tive to the direct sound and early reflections, was calculated 
assuming a reverberation time of 0.4 s at 1 kHz, and an 
exponential decay. The system was calibrated using broad- 
band pink noise. 

A block diagram of the complete system is shown in Fig. 
2. The positions of all the loudspeakers, and the delay and 
attenuation of all signals representing individual images and 
reverberation channels, are given in Table I. In the following, 
individual reflections will be identified either by delay, re: 
the direct sound, or the number given in Table I. 

The design criteria and implementation of the reverber- 
ant field is further discussed in Bech (1990). 

INDPJIDUAL REFLECTIONS 
INPUT 

0 

+71 • 

¸ 

180 

REVEI{BERA?ION SYSTEM 

FIG. 2. Block diagram of the complete experimental setup. Note that the 
reflection loudspeakers can represent more than one image, cf. Table I. Note 
that 0 ø corresponds to the front angular reference for the subject and positive 
angles are to the left-hand side. 

C. Subject positioning a•d calibration procedures 

The listener's ears must be located close to the specified 
listening position. A motorized adjustment mechanism was 
built into the chair supporting the subject to position the 
listener's ears in the correct position, as observed through a 
fixed video camera. An additional video camera was used for 

monitoring and recording the listener's head movements dur- 
ing listening. A curtain prevented the listener from seeing the 
simulation setup, while a single red LED was used to define 
the front angular reference. ]Listeners were free to move their 
heads, but were instructed to focus attention on the LED. 

A computer-co.ntrolled calibration system was built to 
ensure that the system functioned to specifications. The fre- 
quency response of every image was measured each day and 
checked against a reference, before and after measurements. 
All loudspeakers were checkled for obvious audible distortion 
by means of a sinusoidal sweep. 

The reproduction level, measured at the listening posi- 
tion with a single microphone, was 66 dB SPL for the noise 
stimulus, and approximately 50 dB SPL (time weighting fast) 
for the speech stimulus. The level of the speech stimulus was 
set to correspond lo normal conversational level at a 3-m 
distance in a listening rooat. The overall background noise 
level for all elements of the system was 27 dB SPL (time 
weighting fast). The one-third octave background noise level 
was constant, at _+2 dB for the frequency range 20 Hz-20 
kHz. 
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TABLE I. Position of loudspeakers and delay and attenuation of the signals 
to the loudspeakers for primary loudspeaker, images, and reverberation 
channels included in the simulation setup. The last surface of the reflection 
path is also given. All angles and wall references are relative to the listening 
position. The left-hand side of the subject defines positive angles. 

Delay Att. Reflection 
(ms) (dB) Azimuth Elevation No. Surface 

0.00 0.0 -22 ø 0 ø -.- primary lsp 
1.64 3.6 -25 ø -28 ø 1 floor 

4.16 9.2 -50 ø -2 ø 2 right wall 
4.48 5.0 -25 ø 48.2 ø 3 ceiling 
5.36 11.6 -53 ø -28 ø 4 floor 

7.60 11.8 -50 ø 48 ø 5 ceiling 
9.20 10.0 -25 ø 48.2 ø 6 ceiling 
9.20 10.0 -25 ø -56 ø 7 floor 

9.94 9.7 65 ø 0 ø 8 left wall 

10.80 11.8 65 ø - 14 ø 9 left wall 

11.64 15.5 -53 ø -56 ø 10 floor 

11.64 15.5 -50 ø 48 ø 11 ceiling 
12.50 11.5 65 ø 30 ø 12 left wall 
12.70 9.9 - 170 ø 0 ø 13 back wall 
13.46 11.9 -170 ø -15 ø 14 back wall 

14.42 14.3 -25 ø -56 ø 15 floor 

14.80 14.6 - 154 ø 0 ø 16 back wall 
14.98 11.3 - 170 ø 33 ø 17 back wall 

22.00 0.5 71 ø 0 ø '" rev. syst. 
22.00 0.5 -71 ø 0 ø --- rev. syst. 
23.00 7.5 127 ø 0 ø --' rev. syst. 
24.00 7.5 -127 ø 0 ø --' rev. syst. 
25.00 8.5 180 ø 0 ø --- re v. syst. 
26.00 0.5 0 ø 0 ø --. rev. syst. 

II. STIMULI 

Previously published results have shown that the type of 
signal has a strong influence on the threshold of detection for 
a single reflection in combination with the direct sound [see 
Olive and Toole (1989) for a review]. Two types of sound 
have typically been used, discontinuous sound like clicks, 
castanets and speech, and continuous sounds like noise (pink 
or white) or music recorded under fairly reverberant condi- 
tions. It was decided to use pink noise and speech as repre- 
sentatives of the continuous and discontinuous sounds, re- 
spectively. 

The noise signal was a 1-s sample of broadband (20 
Hz-20 kHz) pink noise, and the speech signal was a 3.8-s 
sample of male speech. The spoken text was a recording, 
made in the large anechoic chamber of The Acoustics Labo- 
ratory, of an excerpt of the text used for the standardized 
Danish speech material for audiometric purposes (Elberling 
et al., 1989). The time structure and spectrum of the chosen 
speech sample resemble average Danish speech. 

The noise and speech samples were transferred to a hard 
disk based editing system (Ariel DSP-16 SDI system) and 
played back via 16-bit D/A at a sampling rate of 50 kHz with 
low-pass filtering at 20 kHz. The rise and fall time of the 
envelope of the noise signals is 5 ms following a linear func- 
tion. The same sample of the noise and speech signal was 
used in all presentations. For further details of the recordings 
made for the project, see Hansen an&Munch (1991). 

TABLE II. Overview of the experiments which are discussed in this paper. 
The reflection numbers refer to Table I. Note that the abbreviation ISI stands 
for interstimulus interval. 

Exp. Description of No. of Results 
No. experiment Signal subjects in Fig. 

I measurement of TD 

for reflections Nos. 

* 1 - 17 noise 8 3 
* 1,2,3,6,7,8,13,17 speech 4 3 

II measurement of TD 

without the 

reverberant field 

for reflections Nos. 

*•l,2,8,11, and 16 noise 8 4 
III measurement of TD 

for ref. Nos. 1 and 17 not 

with a 10-rib noise 8 shown 
decrease in total 

SPL 

IV measurement of TD 

for ref. 1 with ISI noise 8 not 

increased by 0.5 shown 
tols. 

V measurement of jnd 
for reflections Nos. 

* 1-17 noise 8 5 

* 1,2,3,6,7,8,13,17 speech 8 5 

III. SUBJECTS 

Eight subjects (five male and three female) participated 
in the experiments. All had hearing thresholds within 5 
(male) and 15 dB (female), re: ISO 389 (1985) at all audio- 
metric frequencies. The number of subjects participating in 
each experiment is given in Table II. The subjects were se- 
lected from students at the laboratory, on the condition they 
were available for the full project period (five years). They 
were paid an hourly rate for participating in the experiment s . 
None of the students had any previous experience in psy- 
choacoustic experiments. 

Each subject received a minimum of 5000 trials (noise) 
and 1200 trials (speec h) as a part of a training program con- 
ducted before the main experiments. A general discussion of 
training and an examination of the learning process in the 
present series of experiments are given in Bech (1993a). 

GENERALPROCEDURE 

The subject's task in all experiments was to detect a 
change in timbre' of a pink noise stimulus or a speech stimu- 
lus. The interpretation of timbre [see, e.g., ANSI SI.1 
(1960)] was discussed with the subjects during the training 
period and whenever they wished to doso during the experi- 
mental period. See the detailed instruction in Bech (1994b). 

For each reflection in the groupS'of 17 early reflections, 
two psychoacoustic quantities were determined: (a) threshold 
of detection and (b) just-noticeable difference corresponding 
to questions (1) and (2), respectively, as asked in the intro- 
duction. An adaptive (staircase) two-alternative forced- 
choice procedure was used? The standard and the compari- 
son stimuli for the two situations are defined as follows: 
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(1) Threshold of detection (TD)•The standard is the com- 
plete sound field simulating a loudspeaker in the listening 
room, except that the reflection under investigation is ab- 
sent (i.e., attenuated 100 dB, re: direct sound). The com- 
parison stimulus was formed by adding a variable level 
of the reflection under investigation to the standard. 

(2) Just-noticeable difference (jnd) The standard was the 
complete sound field simulating a loudspeaker in the lis- 
tening room. The comparison stimulus is derived from 
the standard by a variable increase in the level of the 
reflection under investigation. 

In the TD experiments, the initial level of the reflection 
under investigation was equal to the level of the direct sound. 
For the jnd experiments, the initial level was a 10-rib in- 
crease of the level of the reflection in the standard. 

The level of the reflection under investigation was var- 
ied adaptively (two down/one up) to estimate that level, 
which would produce 70.7% correct responses (Levitt, 
1971). The step size initially 4 riB, was reduced to 2 (TD 
experiments) or 1 dB (jnd experiments) after three reversals. 
Typically, 10-15 reversals would occur during each 50-trial 
block. For each block, the threshold was estimated as the 
average of the levels at the midpoints of runs 4, 6, 8, etc. The 
reported TD or jnd are averages across subjects for eight 
(noise) or six (speech) 50-trial block estimates per subject. 

The comparison stimulus was present either in the first 
or second observation period with equal probability. The 
other period contained the standard. The two observation pe- 
riods were separated by an interstimulus interval of 0.5 s. 

The subject responded (to indicate the comparison 
stimulus) by pressing a button on a small keyboard placed at 
the subject's right-hand arm rest. This keyboard included a 
small screen on which events within a trial and feedback 

(right/wrong response) were displayed. A feedback was also 
given acoustically after each response (two or four beeps). 

The experiments were conducted in such a way that each 
subject participated in one session per day. A session con- 
cluded eight blocks of 50 trials (noise) or six blocks of 50 
trials (speech), taking about 2 h. One reflection was exam- 
ined per subject per session. Two subjects participated in 
each session, and while one ran two blocks in succession, the 

other rested. The two blocks, run in succession, were sepa- 
rated by a 5 to 10-min rest period. After two blocks, the 
subjects interchanged. The order of presentation of the re- 
flections was such that order effects were balanced in experi- 
ments I and V. A random order of presentation was used for 
the other experiments. An overview of all experiments is 
given in Table II. 

V. RESULTS AND DISCUSSION 

A. Threshold of detection for individual reflections 

The purpose of these experiments (Nos. I-IV in Table 
II) was to measure the threshold of detection for individual 
reflections under different conditions, and to compare the 
measured values with the natural level of the reflection in a 

standard listening room. The natural level was calculated us- 
ing the image model as described in Sec. I. The experiments 
are related to question one in the Introduction. Note that the 
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FIG. 3. Threshold of detection for individual reflections for the noise and 

speech stimulus (experiment [). The natural levels of the individual reflec- 
tions based on an image model are also shown as are the individual reflec- 
tion numbers according to Table I. Confidence (95%) intervals are _*0.8 
(noise) and _*1.1 dB (speech). The confidence intervals are based on the 
variance between blocks and the mean values are based on eight subjects 
and 400 (noise) or 300 trials (spec:ch) per subject. 

measured thresholds for reflections Nos. 6, 7, 10, and 11 are 
not discussed here or in any of the following sections, as 
they are treated separately •lnder the general discussion. 

1. Comparison of natura• • levels and measured 
thresholds of individual ,reflection 

The threshol&,; of detection for noise and speech signals 
are shown in Fig. :3, together with the natural levels. 

The general tendency L,; for the natural levels to be lower 
than the measured TDs. The only exceptions are for reflec- 
tions 1 (floor), 3 (ceiling), 8 (left wall), and 12 (left wall) for 
the noise signal, w]here the natural levels are either higher, or 
not statistically significantly lower, than the TDs. This sug- 
gests that only these reflections will contribute to the timbre 
on an individual basis. 

Generally, the use of the speech signal is seen to in- 
crease the threshold, most uotably for reflections 1 and 3, to 
such a degree that only reflections 1 and 3 have natural levels 
which are above or at the q?Ds. 

The increase in threshold values for the speech signal is 
probably a result o:f uncertainty introduced by the nonstation- 
ary character of the signal. Green (1988) has shown that any 
uncertainty in the signal parameters will cause detection per- 
formance to decrease. Differences between the threshold val- 

ues for the noise and speec. h signals in the present series of 
experiments are smaller than those found by, for example, 
Olive and Toole (1989). However, this could be explained by 
the fact that the same 3.8-s :speech segment has been used for 
all the speech experiments, leading to a lower degree of un- 
certainty than if different speech segments had been used. 
The same noise segment was also used in all the present 
noise experiments, so a similar reduction in uncertainty 
would be expected for tl•e noise signal. However, Buus 
(1990) has shown that the improvement in detection perfro'- 
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FIG. 4. Threshold of detection for individual reflections for the noise stimu- 

lus with (exp. I) and without (cxp. II) the reverberant field included in the 
total sound field. Confidence intervals (95%) are +-0.8 (exp. 1) and _+1 dB 
(exp. II). The confidence intervals are based on the variance between blocks 
and the mean are based on eight subjects and 400 trials per subject. The 
individual reflection numbers are shown according to Table I. 

mance by using a "frozen" noise signal (wideband) is neg- 
ligible compared with the use of random noise signal in ev- 
ery presentation. 

Thus these preliminary results suggest that only the first- 
order floor (reft No. 1) and ceiling (ref. No. 3) reflections 
will be potentially audible as individual reflections, in the 
total sound field produced by a speech program and a loud- 
speaker in a listening room. The results further indicate that 
if a signal with higher certainly than speech, such as broad- 
band noise, is used, other reflections in addition to the first- 
order floor and ceiling reflections might become audible. 

2. The influence of the reverberant field 

To examine the influence of the reverberant field, TD 
values were measured for selected reflections without the 

reverberant field. The results, shown in Fig. 4, show that 
removal of the reverberant field causes the threshold values 

to decrease by 2-5 dB. The tendency as well as the magni- 
tude of the change are in agreement with the results of Schu- 
bert (1969) and Olive and Toole (1989). 

These results suggest that the contribution of individual 
reflections to the timbre of the sound field will increase with 

decreasing level of the reverberant field. It follows that the 
level of individual reflections should be considered more 

carefully in, for example, control rooms which typically have 
lower reverberation times compared to domestic rooms. 

The reason for the decrease in threshold values when the 

reverberant field is absent can only be speculative at present. 
However, the following might throw some light on the pro- 
ceSS. 

It is generally agreed that the principal dimension in the 
timbre space is correlated with a physical parameter based on 
spectral information (Pols, 1970; Plomp, 1970; Bismark, 
1974a,b; Grey, 1975; de Bruijn, 1978). Plomp (1970) also 
showed that predictions of timbre from a model based on the 

spectral differences between two stimuli correspond to per- 
ceived differences in timbre. 

The addition of a single reflection to the standard will 
introduce spectral changes corresponding to the effects of a 
comb filter. The magnitude of the changes depends on the 
relative level of the reflection. Howeveh changes will be 
smaller if energy, uncorrelated with the direct sound and the 
individual reflections, is added to the sound field in the form 
of a reverberant field. 3 

It is therefore suggested that the reverbemnt field will 
act as a musket, reducing the spectral differences between the 
two stimuli, and result in an increase of the detection thresh- 
old for the individual reflections. 

& Influence of reproduction level and Interstimulus 
interval 

As the removal of the rcverberant field (exp. II) lowers 
the overall reproduction level, it must be verified that the 
differences in threshold levels, shown in Fig. 4, are not due 
to the difference in reproduction levels. Parts of experiment I 
were therefore repeated with a 10-dB reduction in reproduc- 
tion level and the TDs were measured for reflections 1 and 

17. 

The results showed that the thresholds did not change 
significantly at the lower reproduction level. This agrees with 
results by Bilsen (1968) and Schubert (1969) who showed 
that the TD for a single reflection in combination with the 
direct sound is independent of reproduction level, if the ab- 
solute level of the reflection is above the hearing threshold. 

Thus it can be concluded that the dec,ease in reproduc- 
tion level, caused by removal of the reverberant field, is not 
likely to have influenced the threshold values obtained in 
experiment IL 

The influence of the length of the interstimulus interval 
(ISI) was examined because, with a reverberant time of 400 
ms, the possibility that the "tail" of the first stimulus of a 
pair could influence the second with an ISI of only 500 ms 
could not be excluded. The TD was thus measured for reflec- 

tion 1 using noise and an ISI of 1 s. The thresholds for ISis 
of 500 ms and 1 s were not significantly different, and it was 
concluded that the use of an ISI of 500 ms had not influenced 

the thresholds obtained. 

B. Just-noticeable difference in level for Individual 
reflections 

The purpose of these experiments was to measure the 
just-noticeable difference (jnd) in the level of individual re- 
flections in the complete sound field. This is related to ques- 
tion (2} in the Introduction. 

The changes in the level of individual reflections could, 
for example, be a result of changing the listening position 
relative to the loudspeaker. The results of the jnd experi- 
ments would thus provide information on which, and how 
much, individual reflections should be changed, in order to 
maintain a constant timbrai character of the reproduced 
sound. 

The detection thresholds which were discussed in the 

previous sections would seem to make the measurement of 
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FIG. 5. Just-noticeable difference for an increase in level for individual 

reflections for the noise and speech signal. Confidence intervals (95%) are 
---0.45 (noise) and ---0.7 db (speech). The confidence intervals are based on 
the variance between blocks and the mean values are based on four subjects 
and 400 (noise) or 300 trials per subject. The individual reflection numbers 
are shown according to Table I. 

jnd's superfluous: The majority of the TDs are above the 
natural level predicted by the image model. The apparent 
consequence is that the negative jnd's (a decrease in the natu- 
ral level) could not be measured and that the positive jnd's 
would be simply the difference between the natural level and 
the detection threshold. 

Pilot experiments with a few reflections showed that the 
negative jnd's could not be measured, as reflections could be 
attenuated by 100 dB without any subjective effects. How- 
ever, it was also found that the positive jnd's were signifi- 
cantly higher than the difference between the natural level 
and the detection threshold. It was therefore decided to mea- 

sure the positive jnd's for all reflections using the noise sig- 
nal, and for the eight strongest reflections using the speech 
signal. 

1. Results 

The positive jnd values for the noise and speech signal 
are shown in Fig. 5. The jnd's are seen to divide the reflec- 
tions into two groups: one group includes reflections 1, 2, 3, 
8, 9, and 12 and the other contains the remaining reflections. 
A similar grouping was found in experiment I where reflec- 
tions 1, 3, 8, and 12 have natural levels that are either higher 
or similar to the TDs and the remaining reflections have 
natural levels below the TDs. 

Thus both the TD and jnd results suggest that reflections 
from the floor (reft No. 1), the ceiling (No. 3), and the left 
wall (Nos. 8, 9, and 12) will influence the timbre of the 
sound field to a higher degree than any of the other reflec- 
tions investigated. 

Statistically, the jnd's for the two signals are not signifi- 
cantly different except for reflections Nos. 13 and 17. While 
this is the same tendency as observed for the TD results, the 
influence of signal type is generally smaller for the jnd re- 
sults than for the TD results. 

Vl. GENERAL DISCUSSION 

The general discussion will include the following points: 

(1) the detection cues for TD and jnd, 
(2) results for reflections 6, 7, 10, and 11, 
(3) training effects:. and 
(4) generality of the results. 

A. Detection cues at TD and jnd 

Throughout this paper it has been assumed that the sub- 
jects followed the instructions and used timbral differences 
to established the TD or jnd. However, at least three different 
attributes were available in •[he course of the adaptive TAFC 
procedure: At the initial level of the reflection in both TD 
and jnd experiments, the standard and the comparison stimuli 
could differ in auditory position of the main sound source, 
(image shift), loudness, and timbre. When the level of the: 
reflection was reduced, the image shift was the first cue to 
disappear. For a further red,ction in level, the loudness cue 
disappeared, and then finally at the threshold, the timbrai cue: 
disappeared. When the timbral cue disappeared, there was no 
perceptual difference between the two sound fields. 

The three cues. were di[scussed carefully with the sub- 
jects and none of them reported any difficulties in distin-. 
guishing between image shJ[fts and timbre differences. This 
has later been confirmed in another experiment where TDs 
were measured in separate experiments using timbre and im-. 
age shift as detection cues, respectively, for the same sub-. 
jects. The results st[owed that the two sets of TDs were sig-. 
nificantly different (see Bech, 1994a). Olive and Toole 
(1989) also showed that an. image shift based threshold is 
significantly different from one based on timbre detection. 

To examine the possible use of loudness differences as 
cues, the SPL differences between the standard and the com- 

parison stimulus w/ith the reflection at TD for noise (exp. I) 
were measured. The measuring procedure ensured that objec-. 
tive measuring errors would[ not influence results. The mea-. 
sured SPL differences were below 0.25 dB for reflections 

with delays smaller than 13 ms, and in the range of 0.3-0.55 
dB for longer delays. Miller (1947), Zwicker and Feldtkeller 
(1967), Houtsma et al. (1980), and Schorer (1989) have 
shown that the jnd :for a level difference between two broad- 
band noise signals is in the range 0.5-0.65 dB. The objective 
measurements thus confirm that loudness was not been used 

as a detection cue at the threshold, for reflections with delays 
less than 13 ms. However, they also indicate that loudness 
based detection could have: been used, as part or as sole 
criterion, for refleclions with delays above 13 ms. 

B. Results for reflections 6, 7, 10, and 11 

The results (TD and jnd) for reflections 6,7, 10, and 11 
have not been discussed previously because they deviate 
from the results for the other reflections. The general trend 
for reflections 6, 7, 10, and 11 are summarized in Fig. 6•. 
which shows the results for TD and jnd+ for all reflections 
and the noise signal. The jnd+ results are the natural levels; 
increased by the positive jnd values shown in Fig. 5. 

The TD values for reflections 6 and 7 and 10 and 11.. 
respectively, are hiigher than the TDs for reflections with 
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similar delay times, that is, reflections 5 and 8 and 9 and 12, 
respectively. The two groups of reflections are special, as 
both reflections in the group have the same delay times rela- 
tive to the direct sound. To test if this has any influence on 
the threshold values for individual reflections, the TDs were 
measured for reflections 6 and 7 individually, without the 
other reflection present. The results showed that the TDs de- 
creased by 4.3 and 3.5 dB for reflections 6 and 7, respec- 
tively, when the other reflection was not present. This 
strongly suggests that the presence of multiple reflections 
with similar delay times results in a masking effect for indi- 
vidual reflections. 

This masking effect could also be the reason for the 
general difference between the TD and jnd+ results, because 
the standard in the jnd experiment includes the reflection of 
interest at the natural level, and at an increased level in the 
comparison stimulus. This is similar to the original TD ex- 
periment for reflections 6 and 7, as the standard includes one 
reflection and the comparison stimulus contains the other. 
The observed differences between the TD and jnd+ results 
are also of similar magnitude to the differences between the 
TDs for reflections 6 and 7, with and without the other re- 
flection present. 

A simple explanation of this masking effect could be the 
following: The spectrum of the standard will contain comb 
filter characteristics that are determined by the relative levels 
and delays of the individual reflections present in the stan- 
dard. In the TD experiments, spectral differences between 
the standard and the comparison stimuli will be those new 
comb filter characteristics that are generated by adding the 
investigated reflection to the standard. However, in the jnd 
experiments the spectral differences will be a change of an 
already existing comb filter pattern, as the investigated re- 
flection is present in both stimuli. Thus to produce the same 
spectral difference between the two stimuli, the relative level 
of the reflection needs to be higher in the jnd experiment. 
Note that it is assumed that the timbral difference between 

the two stimuli is generated by the spectral difference be- 
tween the two. This assumption is also used for the discus- 
sion of the influence of the reverberant field (see Sec. V A 2). 

C. Effects of training 

The subjects were exposed to an extensive training pro- 
gram before they participated in the main experiments (see 
Bech, 1993a). This initial training was to ensure that their 
thresholds had reached an asymptotic level. The initial train- 
ing experiments were repeated at regular intervals through- 
out the period of experimentation to ensure that the subjects 
maintained their performance. 

D. Generality of the results 

The generality of the results which have been presented 
in this paper depend on a large number of factors. The most 
important of these will be discussed in the following. 

The first factor is the ability of the simulation setup to 
convey an impression to the subjects perceptually similar to 
that of a real room. 
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FIG. 6. Comparison of threshold of detection values from experiment I and 
jnd+ values from experiment V for the noise signal. Note that the jnd+ 
values are the levels calculated by the image model and increased by ind. 
The individual reflection numbers are shown according to Table I. 

The electroacoustic simulation principle has been used 
most noticeably in the area of concert hall acoustics where it 
is generally accepted that the realism of the simulation, if 
done properly, can be very high [see Cremer and Milllet 
(1982) for a review]. The main problem with any simulation 
technique is to verify the degree of realism of the simulation. 
The present setup has been evaluated on an informal basis by 
inviting researchers with experience in electroacoustic simu- 
lation to listen to the setup and evaluate quality. It has been 
the general impression of the visitors that the setup so far 
represents the most accurate simulation of the conditions in a 
listening room. This means that the generality of the results 
should be as good and possibly better than has previously 
been obtained with simulation setups. 

A second factor is the accuracy of the parameters used to 
define the simulation. The main parameters are the acoustic 
characteristics of the room and the loudspeaker, and the po- 
sitions of the listener and the loudspeaker. 

The listening room which has formed the basis for the 
simulation is designed according to the IEC 268-13 (1985) 
recommendation. This ensures that the room dimensions and 

reverberation time as a function frequency are representative 
of the listening rooms of average listeners. The modeled ab- 
sorption coefficients of the room surfaces have not included 
any frequency dependence, and the directivity of the loud- 
speaker has been modeled as a cardioid independent of fre- 
quency..This must be assumed to limit the realism of the 
simulation. The effect of including frequency-dependent ab- 
sorption and the directivity characteristics of a real loud- 
speaker will be discussed in a forthcoming paper. 

A third factor is the loudspeaker position which is 
known to have an influence on the perceived sound quality. 
As the degree of influence was not known at the start of the 
experiments, it was decided to conduct a series of listening 
tests in real rooms to examine this effect further. The result 

of this investigation is reported in Bech (1993b). 
The above discussion thus suggests that care should be 

taken when generalizating from the results presented in this 
paper. 
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VII. SUMMARY OF FINDINGS 

This section contains a summary of the main findings. 
They are all based on an electroacoustic simulation of the 
right-hand loudspeaker of a stereophonic setup, positioned in 
a small room. The validity of the results is discussed in Sec. 
VID. 

A. Threshold of detection experiments 

The results show that only the first-order ceiling and 
floor reflections are likely to contribute individually to the 
timbre of a speech signal. For a noise signal additional re- 
flections, from the wall to the left of the listener, will indi- 
vidually contribute to the timbre. 

The threshold of detection for all reflections depends on 
the level of the reverberant field. If the reverberant field is 

removed, thresholds will decrease by 2-5 dB. 

B. Just-noticeable•:liffarance experiments 

The results show that an increase in the level of indi- 

vidual reflections is most likely to be audible for the first- 
order floor and ceiling reflections, and for reflections from 
the wall to the left of the listener. This applies to both the 
speech and noise signal. 

C. General 

The results show that the TD and jnd values for indi- 
vidual reflections in a group will be higher ff multiple reflec- 
tions in the group have the same delay relative to the direct 
sound. 
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•The discussion in Bech (1990) shows that it is the maximum absolute value 
of the normalized cross-correlation function of the two ear-input signals, 
within a correlator time shift (r) window of -+1 ms, that is important for the 
perceived diffuseness of the sound field. A value of approximately 0.15 was 
found to be sufficient and the present reverberation system results in a 
value of 0.17. 

•his section attempts to explain the adaptive two-alternative forced-choice 
(TAFC) procedure that was employed for the experiments. The explanation 
will closely follow that of Levitt (1978). An adaptive procedure is charac- 
terized by a stimulus level in any one trial that is determined by the re- 
sponsc and stimulus levels used in the preceding trials. 

One trial includes two observation intervals separated by an interstimulus 
interval. After the second observation interval follows an answering period. 
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In one of the observation intervals (random choice) the standard is pre- 
sented and the other contains the comparison slimulus. The subject's task is 
to indicate (during the answer periodl which of the two observation inter- 
vals contained the comparison stimulus. After the answer interval a feed- 
back (right/wrong response) is given. 

The standard stimulus is constant throughout a block of trials, whereas 
the comparison stimulus contains the parameter that is varied. A classical 
example of a standard stimulus is a noise bursl and the corresponding 
comparison slimulus could be a noise burst plus a tone. The level of the 
tone is varied according to the rules of the adaptive procedure and the 
subject's task is to detect the presence of a tone in the noise. The level of 
the parameter (e.g., the tone) of interest is termed the stimulus level. 

The threshold value is based on a series of trials and the stimulus [eve[ in 

the flint trial is termed the initial value. This value is often chosen well 

(10-15 dB) above the expected threshold level. The next stimulus value 
depends on the response, the adaFtive rule, and the step size. The adaptive 
rule prescribes how many consecutive positive (i.e., the subject correctly 
identifies the comparison stimulu'0 or negative responses that are needed 
before the stimulus level is decreased or increased, respectively. An often 
used rule is the so-called up-down where a single positive or negative 
response leads to a decrease or increase, respectively, in the stimulus level. 
The up-down rule results in a threshold level which on the average leads to 
50% positive responses. The rule used for the present experiments is the 
so-called two-down/one-up where two positive responses lead to a decrease 
in the stimulus level and one negative leads to an increase. This rule pro- 
duces a threshold level that on Ihe average will produce 70.7% correct 
responses. The stimulus level changes in steps determined by the chosen 
step size. The step size is often changed from a high to a low value (typi- 
cally from 4 to 2 dB) ',ffter a cert:,in number of trials. 

Other terms often used for describing the procedure are "run," "rever- 
sal," and "midpoint." One run is defined as a sequence of trials where the 
changes in stimulus level were all in one direction. A reversal is the point 
{the trial) where a change is mad(: in the direction of stimulus adjustment. 
A midpoint level is the mean vah,e of the levels at two succeeding rever- 
sals. The threshold level is often calculated as the average of a number of 
midpoint levels (e.g., lbr runs 2, 4, 6, 8, etc.). Only every second run is 
used as a certain degree of correlation exists between succeeding runs. A 
reliable threshold estimate must b• based on a certain number of midpoint 
levels which requires a certain number of trials, and a typical value is 50 
trials. 

aThe reverberant field v, ill generally be uncorrelated with individual refiec• 
rions in a real second field produo',d by a noise signal [for a further discus- 
sion of this see Sec. IV 1 3 5 in Cremer and Malllet 0982)]. However, in 
the simulation setup the reverbenmt field was produced by a commercial 
reverberation unit that had time varying elements in the algorithm and the 
specific details of the process were not available. Thus it is difficult to 
estimate the degree of correlatio,a between the reverberant field and the 
direct sound and early reflections. However, a reasonable assumption, 
based on the available measurements and the subjective effect it produced, 
is that the correlations are of the •,ame magnitude as for a real sound field. 
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