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DiPLOMA THESIS— PROBLEM TEXT

Evaluation of objective echo criteria

" The thesis concerns evaluation of perceptibility of echoes in concert halls and auditoria for
music/speech. Criteria for filtered room impulse responses from Odeon Room Acoustic
Software are to be evaluated. Mainly established criteria should be evaluated, as presented by
Dietsch and Kraak and others throughout the literature.

Suitable sets of impulse responses generated by Odeon are to be auralized with music/speech
and used for listening tests. Correlation between listening test results and objective criteria
based on the impul se responses generated are examined.

It would also be interesting to study whether input data can be ssimplified, e.g. reflectograms
of lower order reflectionsonly (1-3). "
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SUMMARY

Subjective perceptions of the acoustics of enclosures are based on our ability to perceive
incident sound waves. Reflections can add both pleasant enhancements and disturbing effects
to sound fields of various complexities. The present paper investigates properties and aspects
of reflections that are percepted as separate events, as echoes. In order to be percepted as a
separate event must the reflection(s) be of certain amplitude as function of separation time
from other adjacent reflections or the direct sound.

The ahility to predict whether echoes will arise from room impulse responses or not, would
be beneficial with respect to practical and commercial use. An overview of past research on
echo perception and proposed criteria is given initialy. Dietsch and Kraak!? formulated the
presently most advanced criterion in 1986, based on build-up functions. The criterion is
implemented and tested thoroughly.

Listening tests were performed to obtain evaluation references and for use as targets in the
development of objective echo criteria for both speech and music motifs. Situations
investigated can be divided into three parts. Single echo and multiple echoes in anechoic
conditions, respectively, and reverberant situations. A total of four listening test sequences
have been carried out. Ten test persons conducted each of the sequences. Listening test results
proved consistent throughout. The most noticeable feature observed from the anechoic
listening tests is that no disturbing echoes were reported in the listening tests for delays
shorter than 30 [ms] for speech and 100 [ms] for music. Higher scattering coefficient of back
and sidewalls were found to reduce echo disturbances significantly.

Dietsch and Kraak's echo criterion has been implemented in two versions, one based on the
image source method (ISM) only, while the other on the full length wave-file output
generated using both ISM and ray tracing. Both implementations gave unsatisfactory results,
mainly caused by the short, rectangular evaluation window employed and insufficiently echo
critical test motifs. The most echo critical music motif used in the present paper proved far
more critical. Neither is alower echo delay limit given by Dietsch and Kraak, which is clearly
erroneous from the results obtained from the listening tests.

A new criterion is proposed, based on the convolution between energy room impulse
responses and a Hanning window simulating the integration properties of the ear. Results
obtained from the listening tests verified an integration time of 50 [ms]. An evaluation curve
is calculated based on the hearing threshold, and the reverberation curve of the ear and the
room to be evaluated, respectively. Consequently is the criterion only valid in reverberant
conditions, with a lower room reverberation time limit equal to the reverberation time of the
ear (0,4 [9]).

Results are good. A correspondence between calculated values and listening tests results of
100 [%] in a simulated auditorium with speech, and 81 [%)] in a concert hall with music test
motifs are achieved. Possible improvements are suggested to obtain even better accordance.
However, a larger set of reverberant situations must be tested in order to fully validate the
criterion.
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1 INTRODUCTION

Human perception of sound is complex and depends on several parameters. This paper puts
the main focus on echoes as source of nuisance to listeners. The most important parametersin
our perception of reflections are delay and amplitude relative to one another and the noise
floor. Also the nature of the sound source(s) is critical in our subjective opinion of a sound
field.

The easiest and most fundamental case is with one reflection in addition to the direct sound.
A reflection that is perceived may not reach the consciousness of the listener if the amplitude
is sufficiently low. Increasing the amplitude will cause the reflection to enter the
consciousness of the listener. At sufficiently high amplitudes as function of delay relative to
the direct sound, is the reflection percepted as a separate event. It becomes an echo.
Kuttruff!” defines echo as "any sound reflection that is subjectively noticeable as a temporal
or spatially separated repetition of the original signal”.

Analyses become more complex as increasing number of reflections are added. Depending on
the parameters of the reflections, different impressions arise. If separations between adjacent
reflections are adequately short will they be perceived as one impulse due to the inertia of the
ears. This phenomenon can be regarded as a simple case of masking. In even more complex
cases, such asin areverberation field, is masking of utmost importance in establishing limits
for echo disturbance.

Listening tests need to be performed in order to obtain subjective reference levels, which isto
be done both in anechoic and reverberant conditions for a variety of test motifs. As the
different samples in the listening tests are reproduced through headphones, must the
generated impulse responses be passed through a set of head related transfer functions
(HRTF's).

Subjective references are obtained
through listening tests based on the
convolution of anechoic test motifs
_~ and generated RIR's. 2>
Generation of room
impulse responses (RIR) in Evaluation
room acoustic software.

~ Objective evaluation of RIR's -
based on mathematical algorithms.

Figure1: Principle of evaluation of objectivecriteria based on subjective references.

The principle used in evaluating objective criteria is depicted in Figure 1. Objective
algorithms are compared and evaluated with regard to subjectively obtained reference levels.
This scheme is adapted in the present paper.
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Numerous contributions have been made to enlighten different aspects of our perception and
nuisance due to echoes. Dietsch and Kraak® put the presently most advanced objective
criterion forward in an article published in 1986, which is based on a build-up function
iteratively deduced from the center time proposed by Krer'¥. The criterion is implemented
and evaluated in the present paper based on computer simulated room impulse responses
(RIR’s) generated by the Odeon room acoustic software.

A new criterion is developed and proposed based on the convolution of energy RIR's with a
Hanning window simulating the integration properties of the ear.
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2 THEORY

2.1 Introductory remarks

The next section gives a historic background summary of the most important work on echo
perception and on overview of the criteria presently formulated in the literature. The
succeeding section discusses and clarifies calculation techniques employed by the computer
simulation tool used. Approximations and limitations induced by the complexity of sound
fields and limited computational power are explained. Finaly, filtering properties of head
related transfer functions (HRTF's) used in headphone reproduction are discussed.

Detailed discussions of other parameters, concepts and notions than the ones mentioned in the
previous paragraph are not included. For further theoretical background, see Kuttruff!™.

2.2 Background and previous wor k

All sound fields consist of a certain set of incident sound waves. Every sound wave except
the direct sound are redirected in some manner from other surfaces before arriving at a given
receiver position. This path difference, and consequently time gap, between the direct sound
and later arriving reflections alter the acoustical impression of sound fields. The total number
of reflections as function of arrival time and amplitude forms the room impulse response
(RIR). Rooms put their signature on the sound generated by the source.

Preceding reflections can mask later arriving reflections, as mentioned above. A numerical
value for the threshold of masking was first given by Petzold! as

t =0,05+0,01[9] (1)

In 1951 Helmut Haas published a famous article investigating the influence of a sin?le
artificial echo as a function of a given set of parameters on the audibility of speec o,
Loudspeakers were used in open air (on the roof of a building), as no damped rooms were
available at the time. A baffle board eliminated possible errors from floor reflections. He
found that for short delays with equal strength no separate echo source could be detected
before it was delayed approximately 40 [ms]. A delay of only 1 [ms] moved the virtual source
from center position towards the leading speaker. In the range 1-30 [ms] the echo source was
not percelved as a separate source rather a pleasant enhancement and modification of the
quality of the sound (later known as spaciousness). Haas found that echo levels must be 10
[dB] stronger than the direct sound in the delay range of 5-30 [mg] if equal loudness should
be achieved for speech of average speed.

Increasing the delay dynamics to 0-160 [ms] gave rise to perception of separate echoes
depending on certain parameter values. Increasing speed of speech lowered thresholds and
increased echo disturbance. 50 [%] disturbance was reported at a delay of 68 [ms] at average
speed (5,3 syllables/sec). This speech rate was used in the following experiments. Echo
intensities influenced disturbance severely as well. An echo level reduction of 10 [dB]
completely removed disturbance effects, an attenuation of 5 [dB] doubled the critical time
difference, while an increase of 10 [dB] only reduced the threshold from 68 to 60 [ms], as can
be seen from Figure 2.
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Higher frequencies were found to cause greater subjective disturbance than lower
frequencies. Attenuation of lower frequencies resulted in no noticeable reduction of nuisance.
Loudness did not influence thresholds, according to Haas experiments. Moving into
reverberant rooms, the influence of the reverberation time was investigated. Longer
reverberation times was found to increase the critical delay difference, as the slower decaying
sound level masks later reflections. Haas used a reverberation time of 0,8 [g] in the following
listening tests. The next parameter to be evaluated was direction of incidence. Haas found that
it did not affect echo thresholds provided that the direct sound was incident from the front.
However, he reported that Stumpp'® found the critical delay time to be 80 [ms] with direct
sound and echo coming from the same lateral (90 degrees altered horizontally) for speech, but
only 50 [ms] when they arrived from opposite sides.
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Figure2:  Echo disturbance as function of intensity of reflected sound (after Haas®).
Curve number s show the difference between direct sound and echo in [dB].

Bolt and Doak!” formulated a tentative echo criterion based on the Haas' results as curves of
amplitude vs. time delay of each reflection relative to the direct sound. Curves for different
percent of listeners being disturbed were presented. Figure 3 shows an example response with
threshold curves for 10 and 50 [%)] overlaid.

Figure3: Example room impulse response with echo criterion curves of Bolt and
Doak!” overlaid.
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Disturbance contours were proposed connected to reverberation times. Dietsch and Kraak!?
rightfully pointed out that this criterion does not account for the effects of possible reflections
arriving before the disturbing echo. The ear integrates the incident energy, so it is not
necessarily only one reflection that causes the subjectively perceived echo. It is also inferred
that the criterion only isvalid in the room in which the reference measurements originate.

Muncey, Nickson and Dubout™® continued the pioneering work of Haas™ to include musical
sounds and investigated how this would affect the criterion proposed by Bolt and Doak!”.
They used a reverberation time of only 0,15 [s]. Results showed that limits for disturbance
were lower owing to the decreased reverberation time for speech. Music was found to be less
critical to echoes than speech. Music with fast tempo was more critical than slow tempo
pieces. Echo level curves as function of time delay were deduced (Figure 4). The results were
reported to be in good agreement with pulse work in motion picture theatres.

Figure4: Acceptable echoes for various percentages of listeners disturbed in a non-
reverberant room (after Muncey, Nickson and Dubout!®).
(&) Speech —fast tempo
(b) String music —fast tempo
(c) Organ music —fast tempo

A succeeding article by Muncey, Nickson and Dubout!® showed that the acceptable echo
intensity levels as function of delay time of artificial echoes could be divided into three parts.
The first part was associated with Haas precedence effect. Decay time was reported to
determine the echo level in the second period, while in the third section the acceptable echo
level was found to be almost constant with increasing delay. Natural echoes in the recording
room and the difference in sound level between the loud and quiet parts of the sound material
thus determined the two latter periods, respectively. The second part proved close relation
between measured reverberation times and reverberation values obtained from fitting the
tangent of the initial echo level decay with increasing time delay for some samples. However,
with increasing time delay, perceptible echo levels were significantly higher than the linear
reverberation decay lines. The authors concluded that attempts "to translate results of
listening testsinto criteria for examination of pulse measurements from rooms would produce
merely a reflection of the test conditions and not be universally accurate”.

Dubout™® Iater formulated a criterion based on correlograms of signal and echo levels. The
correlograms showed the attenuation needed to suppress echoes to the threshold of
perceptibility, as a function of echo delay. Figure 5 shows an example correlogram.
Subjective thresholds obtained experimentally were compared to the correlograms. Similar
trends appeared, such as lowered thresholds when reverberation was added to the echo, and
raised thresholds when reverberation was added to the signal. At delays lower than 150 [ms]
the correlograms showed lower thresholds than the subjective results throughout (Figure 5).

-5-
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Figureb5: Ratio of echo threshold to its corresponding correlogram (after
Dubout*?). Solid linesfitted using least squar es method.
(&) Reverberation (0,7 [s]) added to signal.
(b) Reverberation added to echo, and no reverberation added.

This divergence was reported being due to the choice of decay in the correlograms. If the
equipment would have more rapid decays than the aural one, divergences will occur.
Selecting the decay of the comparator more aura-like would give better agreement.
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Figure6:  Integration curvesfor asingle echo (after Lochner and BurgerY) of

@ Equal sameintensity asthe primary sound
(b)  5[dB] below the primary sound level
(© 5[dB] abovethe primary sound level

Lochner and Burger!™ performed tests similar to the ones done by Haas™ in determining
thresholds of perception and of equal loudness of echoes delayed 0-120 [ms] using speech
and pulsed tones, except these test were performed in a neutral anechoic room. Equal
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loudness curves show the masking effect of the direct sound upon later arriving reflections,
even though a significant part of the total energy is contained in the later reflections. This
forms the basis of the second part of the article, in which articulation tests were performed to
determine the integration properties of the human ear. By finding the horizontal shift of
percentage articulation as function of speech level re. hearing threshold for a given delay
compared with zero delay, the integrating properties of the ear could be deduced. This was
done with +5, 0 and -5 [dB] levels, and the results are reproduced in Figure 6. With 0 [dB]
perfect echo integration was found up to 30 [ms], up to 40 [ms] with -5 [dB], while
integration decreases quickly with +5 [dB]. The latter mainly caused by the fact that the
observers concentrate on the stronger echo as delay time increase above 20 [ms]. These
results were also tested with multiple echoes (three) and fairly good resemblance was found
between cal culated and measured val ues.

So far al of the criteria were based on comparison with echo threshold curves. In 1961

Niese’? proposed a more mathematical criterion, called "Echograd”, based on the ratio of
signal to noise energy. The criterion isonly valid for speech.

Figure7:  Echograd computation limits (after Niese?).

Two weighting functions are used to isolate the so-called useful sound and noise,
respectively. The Echograd is given by

_ S
€= 1c 2
where Sisthe noise energy (Storschall) given by
S={[|pt)] - p,®)]*ct (3)
t

provided that |p(t)| - p.(t) =2 0. pst) isafunction of the reverberation time of the room. N is
the useful energy (Nutzschall) given by
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N = [IF @] POt @

where F(t) is a simple weighting function being 1 from 0-17 [ms] linearly decaying to zero
from 16-33 [ms]. Figure 7 shows an example in which these limits and measures are
exemplified. The Echograd is given in percent. Considerable simplifications were done to
construct the measurement apparatus used in the examples given in the article. No subjective
tests were performed to achieve a subjective annoyance reference to evaluate the Echograd
results. Dietsch and Kraak!? infer that the criterion is developed for syllable perceptibility of
speech, not for detection of discrete echo disturbances.

Santon™ used a similar partition into useful and disturbing energy to predict echograms and
speech intelligibility. Useful energy was defined as al contributions below the threshold of
separate echo perception, while disturbing energy was the portion exceeding the perception
value. The method takes the directional distribution of echoes into account. Numerical
computations were done and energy accumulation curves were compared using ISM and ray
tracing (see Section 2.4). The latter was also compared with measurements done in a given
conference room. Good agreement was reported throughout.

Barron!*¥ investigated the effect of early lateral reflections using music. Subjective effects
originating from a single side reflection were explored, resulting in observed effects on level,
localization, tone colouration, echo disturbance and spatial impression as function of delay
and reflection levels (Figure 8). Meyer and Kuh!!™® have in 1951 observed that the degree of
disturbance of delays in the range 50<t<100 [ms] would be much reduced by adding a
preceding reflection.
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Figure8: Subjective effects of a single side reflection (a=40°) of variable delay and
level using music (after Barront¥).
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Spatial impression was in Barron's study subjectively determined as the only positive effect
of early reflection (other than loudness). He found that delay was "relatively unimportant for
reflections delayed between 10 and 80 [mg] " relative to the direct sound. Ceiling reflections
did not produce the same effect, but only tone coloration. Delay of single side reflections
proved to be the principle determinant of spatial impression. The degree of spatial impression
for multiple reflections related to the powers of lateral reflections, and could be measured by
the ratio of lateral to non-lateral energy arriving at t<80 [mg].

Andot*® also investigated the preferred delay gap between the direct sound and the first
reflection and the preferred angle of incidence. He used a long-time autocorrelation function
(ACF) and the interaural cross correlation (IACC) of the sound field. The preferred delay
was found by coherence between ACF and the amplitude of the echo reflection. The preferred
angle of incidence was found to be 55 degrees by minimizing the IACC. Four different music
motifs were used.

Rakerd, Hartmann and Hsul*” investigated echo suppression in the horizontal and median
sagittal planes for continuous speech. Listening and correlation tests were performed for both
echo and masked thresholds in the horizontal and median sagittal planes. Differences are
detected by interaural level and time differences in the horizontal plane, and through spectral
properties in the median sagittal plane. Thresholds were found to be comparable for the two
cases, especially with respect to delay time dependence; the masked thresholds being 8-15
[dB] lower throughout. In the median sagittal plane both cases showed a weakness for
overhead location, relative to front and back.
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Figure9:  Example of the Yamamoto™® echo criterion. Stippled lineisthe evaluation
curve (after Dietsch and Kraak!?).

Dietsch and Kraak'? refer to an echo criterion formulated by Y amamoto'® where the room
impulse response is compared with an evaluation curve. The evaluation curve will remain at a
constant level for a certain time after the initial direct sound peak to simulate the masking
effect. The evaluation curve then falls off with a certain gradient, until it hits the room
impulse response, and the sequence repeats itself (Figure 9). If the evaluation curve hits the
room impulse response below a peak, the difference AL between evaluation curve to the peak
are compared to a set of echo critical threshold values. Y amamoto used 10 [ms] long bursts as
excitation signal, whether the method is valid for speech or music is not verified.

-9-
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2.3 Echo criterion formulated by Dietsch and Kraak

Dietsch and Kraak published an article proposing an objective echo criterion for both music
and speech in 1986, Subjective judgments were compared with the respective impulse
responses in both synthetic sound fields and measured ones. The present paper evaluates the
criterion based on computer simulated sound fields and impul se responses generated.

Therelation | pv|”tV is assumed constant throughout the deduction of the criterion, where py is

the amplitude of the sound pressure, t, the delay time and n a weighting exponent. Kirer™
formulated a build-up function defined as the first moment of the squared impulse response
(center time). Exchanging the upper integration limit from infinity to avariable one yield

[tlp)[" at
tg =" (5)
j |p(t)]" dt

where the exponent n equals 2 in the traditional center time formula. The final criterion is
given by the ratio of increase of energy to a given time interval, 4tg(7)/Ar in Figure 10.
Comparing the maximum value of this ratio to computed threshold values completes the
criterion.
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Figure10: An impulseresponse (a) and its corresponding build-up plot with a given
At (b) (after Dietsch and Kraak™).

An echo will appear if 4tswould be above the echo threshold 4ts= in a given period Ar. Using
a single time delayed echo forms the mathematical basis in achieving threshold values of Ats
for speech and music. The direct sound and the echo reflection are then given by
Po =P f(t) and p. =pcf(t—t,), respectively. The increase of Ats due to pe then
becomes

-10-
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[tlpe @)"dt )
At - t=0 = pE

s [*] o) _an

[1po®)|"dt+ [|pe )" ct

(6)

Threshold values were found from the results from the subjective tests for the different motifs
when the ratio between direct and echo reflections equals zero. Equating the ratio pp to pe to
zero gives

_ Pz _ 20 Aty
AL_(t,) =20log— = —log———
e(ty) gﬁD - gtv_Ats
log(t, —At) =log(At) (7)

Mg =3ty

Threshold curves for the different test motifs used are plotted in Figure 11. The value from
the most rhythmic motif was chosen for music (4tss = ca. 25 [ms]) shown by filled triangles
(*), while x represents the one motif for speech. Choice of exponent n was done by iteration.
n = 1 was chosen for music, while n = 2/3 and 4tsz = ca. 9 [ms]| was chosen for speech.

Dietsch and Kraak commented being satisfied by being on "the secure side" for time delays
below tyg = 60 [ms] when choosing n = 2/3 for speech, which in practice means that the
criterion will exceed the echo threshold more often than the subjective tests. Figure 12 shows
the fit done with speech.
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Figurell: Level differenceasfunction of timedelay (after Dietsch and K raak!?).

The critical period Ar, in which the perception of areflection or a set of reflections must grow
a least At to be considered an echo, was aso determined using impulse responses and
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center time. Whether the echo was caused by a single strong reflections or a set of reflections
should be indifferent. Dietsch and Kraak used the following formuld™ to calculate the
reverberation sound pressure as a function of time

n n —m
@ =lpul @ T (8)

where py is the amplitude of the reverberation at the end of the impulse response, and T isthe
reverberation time.

Figure12: Comparison between subjective listening results (upper) and calculated
threshold (lower) (after Dietsch and K raak!?).

Inserting equation (8) into equation (5) gives
j t|py ()"t
o (9)
[Ip @ ct

t=ry

which was used to find numerical values for Az for the different motifs. Values were
independently of the reverberation time found to be Az7= = 9 [ms] for speech and Ar: = 14
[ms] for the most critical music motif. The final echo criterion was then given by theratio

EK () = AtsT(T) _ts(@) _Atj(r -7.)

(10)

as shown in Figure 13. Table 1 sums up the limits found for both music and speech.
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Motif n At EK (10[%]) EK (50[%]) Bandwidth of test signal
Speech 2/3 9[mg] 0,9 1,0 700-1400 [HZ]
Music 1 14 [ms] 15 18 700-2800 [HZ]
Table1: Echo threshold from Dietsch and Kraak s echo criterion

Minimum separation between multiple echoes were aso given as Aremin = 50 [ms] for speech
and Aremin = 80 [ms] for music. Flutter echoes will arise if echo thresholds are broken
regularly for Az > Atenin.

i /
% dtg
e AT
W Ty
T -
Figure13: Illustration of the method used to determine Ar: (after Dietsch and

Kraak!?).

2.4 Calculation techniques

In the calculation of any room acoustic response of some complexity, approximations must be
used. Calculation methods exist both in the frequency and time domain. Only the methods
implemented in Odeon Room Acoustic Software®?¥ which is the simulation program used
in the current work, will be investigated below. Odeon employs both the image source
method (ISM) and the ray tracing technique, both of which are based on geometrical
acoustics.

2.4.1 Thelmage Source Method (1SM)

All geometrical acoustic models use the concept of sound rays instead of sound wavesin their
description of sound propagation. The image source method (ISM) is based on geometrical
acoustics. Replacing any planes or surfaces that will cause a reflection of an incident sound
ray by avirtual source is the foundation of ISM (see Figure 14). This virtual source is called
an image source. A right angle is shown in the figure, but if the edge is not perpendicular, the
angle of the reflected ray will be twice the angle of the incident ray. Every wall generates one
image source, after which every image source must be checked for its visibility. All areas are
not visible for an image source, as shown in the upper part of Figure 14. Every visible image
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source generates areflection. If areceiver is situated in the area outside the visibility limits of
asource, it will not receive an impulse. The sound ray generated by an image source can only
be seen within the reflection limits of the same wall that connects it with the preceding
(image) source.

As multiple reflections occur, image sources of higher order are constructed. The subscripts
in Figure 14 denote the order of the image sources. It is intuitive that as rays propagate and

reflect, their amplitudes are decreased depending on the absorption of the reflecting surfaces.
The amplitude of an image sourceis given by

2 _ o PL L
p —PQWDEq](l a,) (11)

where DF is the directivity factor in direction i, a; the absorption coefficient of reflection j,
and r; the distance to the receiver.

1S, Fmage sodrgenot yisiblé

1S,

Figure14:  Concept of theimage source method (I1SM).

The principle is simple and iterative, but the number of image sources will increase
exponentially with the number of reflections. Practical implementations using geometrical
acoustics normally convert to another method called ray tracing after 6-8 orders at most, as
the number of image sources increase by
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(N-1)° -1
N-2

N=N (12)

where N is the number of image source and i sets the order.

ISM does not handle curved surfaces or edge diffraction. Some room acoustic software
programs employ an approximate technique called “edge diffusion”!*¥*2 to simulate edge
diffraction effects. This technique puts Lambert diffusive sources™ S€1o" 45 \ithin a quarter
of a wavelength from edges and transforms specular reflections to diffuse ones. Edge
diffusion will not compute the correct sound field in shadow zones, but simulates edge
diffraction by reducing the specular reflection and give rise to a more diffuse sound field in
the vicinity of the edge.

In particular, Odeon employs scattering by assigning diffusion coefficients ranging from 0 to
1 to each surface, determining the part of the proportion of specularly reflected energy.
Lambert diffusion is optional, and the number of early scattered rays in ISM can be chosen
manually.

24.2 Raytracing

Ray tracing is also based on geometrical acoustics, as it relies on specular and diffuse
reflections. The first authorsto use ray tracing in adigital computer simulation to concert hall
acoustics were Krokstad et al.'*? in 1968. Sources release numerous raysin all directions at a
certain time, and as the rays propagate and are reflected by different walls, they lose a certain
proportion of their energy. There are two ways in which this has been implemented. In the
first one, each ray is multiplied with the absorption factor of the given wall (1-a) it hits.
When the energy of a ray has fallen below a certain threshold value, the next ray is traced.
The second way is to consider the absorption factor as the probability of a reflection
occurring, i.e. either the ray is reflected in a perfect specular manner, or it is not reflected at

_/

xt/

Figure15: Principleof ray tracing.
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Reflections can be both specular and diffuse, and the method also handles curved surfaces. As
in ISM, edge diffraction is not accounted for. Another limitation is that the rays diverge.
Depending on the number of rays emitted, the distance between them become larger as they
propagate, and they start to miss small walls and even receivers. This cals for alarge amount
of rays. The resulting rays to arrive at receiver position are calculated by a sphere being an
area or avolume. Whenever aray crossed the sphere, its energy and time delay are stored. As
all the rays have been calculated or lost, the energy is added up, and an impulse response can
be constructed. The procedure is shown in Figure 15, where S denotes source, R receiver,
grey arrows diffuse reflections and black arrows specular reflections, respectively. A similar
method to ray tracing is cone tracing, where rays carry a circular area that increase as the
carrying ray diverge. Receivers can thus be modelled as a point.

2.5 Auralization and binaural reproduction

The concept of auralization is based on the idea that reproduction of the correct sound
impression of a sound field can be done by reproducing the sound field at the two eardrums.
Kleiner et. a.”¥ first introduced auraization, and proposed the following definition:
"Auralization is the process of rendering audible, by physical or mathematical modeling, the
sound field of a source in a space, in such a way as to simulate the binaural experience at a
given position in the modeled space.” It is in other words the process were predicted room
impulse responses (RIR) are converted to binaural impulse responses. Hammershai®? have
shown that the sound pressure can be measured at the ear canal entrance plane if the ear canal
is blocked. This is based on the assumption that the transmission through the ear cana is
independent of the angle of incidence of the sound waves, a simplification that reduces the
computation time and data significantly.
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Figure16: Example of head related transfer function (HRTF) in the frequency
domain (left) and in thetime domain (right) (after Maller et al.*).

In order to obtain binaural impulse responses, one needs a set of head related transfer
functions (HRTF's). The HRTF's describe the effects of a persons head and shoulders on an
arriving impulse response in free field. Our perception of sound is based on the analysis of
time-, level- and spectra differences, all of which are governed by the HRTF set if recorded
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perfectly. As head shapes differ from person to person, perfect reproduction is not presently
possible, but good approximations can be made through recordings done with an artificia
head. HRTF s are given by

sound pressure at the ear of the listener

HRTF (@ 6) = :
sound pressure at head center pos. (listener absent)

(@6 (13

where (¢,0) indicate the incidence angle of the sound wave. A complete set of HRTF's
include ratios for both left and right ear, HRTF«:(9,0) and HRTFign(9,0). An example of a
HRTF is shown in Figure 16. Clear differences can be seen between the ears, both in time,
amplitude and frequency content.

Gardner and Martin® recorded a set of 710 different positions at elevations from -40° to
+90° degrees. They also measured were the impulse response of the speaker in free field and
several headphones placed on the artificial head. This set of HRTF's, named KEMAR, is
used in the present paper asit is contained in Odeon Acoustics.

By convolving the resulting binaural response with anechoically recorded sound, an
impression of how the music would sound if replayed in the modeled room or concert hal is
obtained.
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3 TEST STUATIONSAND GEOMETRIES

Evaluation of room acoustical parameters based on computer simulations become more and
more common as computational power increase and the available tools develops. Severa
authors have investigated echo thresholds of single echoes for a variety of motifs. Most
listening tests have been performed using loudspeakers as sound source. The present paper
employ headphones to reproduce the listening test sequences. The test situations investigated
can be divided into three parts:

1) Single echo in an anechoic environment.
2) Multiple echoes in an anechoic environment.
3) Reverberant conditions.

The first situation is the most classic one, with one single echo of certain amplitude at various
delays. Increasing the number of separate echoes to three forms the basis of situation two,
while the last test situation comprises echoes in a complex reverberant auditorium and in a
concert hall for speech and music, respectively. In practice, conditions are more or less
reverberant as exemplified in the latter situations.

Some geometric measures have been indicated in the various figures. The complete geometry
can be built and seen from the .Par filesincluded in Appendix F—CD.

3.1 Single echo in an anechoic environment

Echo threshold for single echoes in anechoic conditions is the simplest possible situation, and
has consequently been investigated thoroughly (see Section 2.2). Most of these have been
done using loudspeaker reproduction, as mentioned. Two different single echo situations
were investigated. Two separate omni-directional sources were used to generate the direct
sound and the echo, respectively, in the first case. The second case uses only one omni-
directional source, and echoes are generated as reflections from a single wall in an otherwise
perfectly absorbent room.

3.1.1 Single echo generated by a separate source

By using two separate sources can both delay and amplitude easily be controlled and adjusted
to the wanted levels. However, the frequency content of the direct sound and echo will be the
same, which deviates from what is expected if a wave propagates and reflected from walls in
aroom. The situation resembles loudspeaker reproduction where one speaker is delayed.

The direct sound source was set at 0° elevation and an azimuth angle of 0° (see Figure 17).
Echo reflections in many practical situations come either from the front (reflected towards
speaker from the back wall of auditoria) or from the back (reflected to listeners (facing
forwards) from back wall in rooms). Angle dependence of reflections is not considered in this
paper. The echo source was set at 180° azimuth in the horizontal plane (elevation angle of
0°). Both sources were placed at equal distance from the receiver in a virtual room with
absorption coefficient of 1 on all walls (perfectly anechoic).
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The delays used for speech were 18, 30, 50, 100, 150, 200 and 400 [ms]. 18 [ms] was chosen
because this is the delay where the criterion proposed by Dietsch and Kraak says that the
annoyance threshold is when both direct sound and echo have equal amplitudes. 400 [mg]
were chosen as longest delay, during which a sound wave propagates about 1400 [m]. As
speech is known to be more sensitive for echoes than music, were the 18 [ms] samples
excluded and a set of 30, 50, 100, 150, 200 and 400 [ms] used.

-

Figurel7:  Singleand multiple echo situation in Odeon.

Dietsch and Kraak's criterion was also used as basis to determine the amplitudes of the
echoes. Inserting the left hand equality of equation (6) into the left hand equality of equation
(10) gives

[

[tlpe®)"dt
EK(r) Drg = — =2 (14)

j | pp (t)]"dt + T|pE (t)|" ot

t=0

which for single echoes give

| pel"te

EK(r) lAT: =
(T) TE |pD|n+|pE|n

(15)

Inserting values from Table 1 (50 [%] annoyance) gave the limit values for the Dietsch and
Kraak criterion (i.e. lowest echo amplitudes where echoes are predicted). The amplitudes
were then adjusted to an appropriate range for each motif.

Due to the nature of the listening tests, discrete steps in amplitude levels of the echo must be
used. Mainly 3 or 5 [dB] steps were used. An iterative process where the author adjusted the
amplitudes to a certain range and then performed some preliminary tests to ensure that ranges
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were well adjusted was performed. The complete set of amplitudes for al delays are
presented in Appendix D — Listening Tests and Calculated Resullts.

3.1.2 Single echo generated by a single wall reflection

The second case with single echoes was done using a single wall with fixed source position
and a set of receiver positions. Only music motifs were investigated in this test. As the echo
now is a reflected version of the direct sound, and no longer has a separate origin from the
direct sound, the properties and position of the wall relative to the receiver are decisive
factors.

Octave band 63 125 250 500 1k 2k 4k 8k
[HZ] [HZ] [HZ] [HZ] [HZ] [HZ] [HZ] [HZ]
a 0,30 0,30 0,12 0,08 0,06 0,06 0,10 0,10
Table 2: Absor ption coefficient for back wall in single echo case.

An initia idea in working with this paper was to try to find information from single echo
cases that can form the basis of a criterion that also is valid in reverberant conditions. It was
therefore natural to use the same receiver and source positions as used in the reverberant
concert hall cases described in Section 3.3.2. All surfaces were set 100 % absorbing, except
the back wall which was given the absorption coefficients shown in Table 2. Two different
cases were investigated, with scattering coefficient of the back wall of 0,1 and 0,7
respectively.

Receiver X-axis  y-axis = z-axis Receiver X-axis  y-axis  z-axis
[m] [m] [m] [m] [m] [m]
1 4 0 1,14 10 22 0 1,75
2 6 0 1,21 11 24 0 1,82
3 8 0 1,27 12 26 0 1,89
4 10 0 1,34 13 28 0 1,96
5 12 0 141 14 30 0 2,03
6 14 0 1,48 15 32 0 2,10
7 16 0 1,55 16 34 0 2,17
8 18 0 1,62 17 -1,5 0 3,00
9 20 0 1,69
Table3 Receiver positionsin concert hall and for single reflections from the back

wall.

The audience floor tilt was set so that the floor at the back wall was at equal height with the
stage floor (1,2 [m]). The receivers were kept at a constant height of 1 [m] above the floor,
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and separated by 2 [m], as can be seen from Table 3. An omni-directional source was used.
The situation is shown in Figure 18. Listening tests were only performed for a selection of the
receiver positions.

) - 7 [m]
14,8 [m] 16 [ 10,4 [m]
Q.
v ﬁqRQAQQQZQ1Qn5 9; 9 % % Qt o 9 q A 4
< > <
35 [m] 12 [m]

Figure18: Receiver and source positions in concert hall. All walls except the back
wall havea=1in all octave bands.

3.2 Multiple echoesin an anechoic environment

Generation of the multiple echo test sections were done in a similar manner as with single
echoes. Three echo sources were placed at 180° azimuth in the horizontal plane at an
elevation angle of 0°. The direct sound source was set at 0° azimuth and 0° elevation. All
sources were situated at equal distance from the receiver. Thisis shown in Figure 17, except
that there are three sources on top of each other in one of the source positions depicted.

Dietsch and Kraak employ an evaluation window of length Ate = 9 [ms] for speech and At =
14 [ms] for music motifs. Echo separation times were chosen with these proposed window
lengths in mind to assess their validity. Three test series were used both for the music and
speech motifs, the first of the three echoes arriving at 18, 100 and 200 [ms] delay relative
direct sound in both cases. Separation times of 4, 8, 10, 25 and 50 [ms] were selected for
speech. With a separation of 4 [ms] will al three echoes arrive within the evaluation window,
only two of them will do so when separated by 8 [ms], while only one echo will be included
in the cases of the three longest separations. It might be inferred that this is pushed to the
extremes, a fact that is done intentionally®. It is intuitive that the subjective difference
between 8 and 10 [ms] separation is minimal, which is not how it is evaluated using a
rectangular window. The two longest separation times are selected to assess the integration
time of the ear, as it is approximated around 50 [ms] in the literature. The separation times
used with the music motifs are 4, 13, 15, 25 and 50 [ms]. All situations and delays are
summed up in Table 4 for convenience.

! Triple reflections within a short time interval have previously been proven equivalent to single reflections of
same strengthl?: P 482,
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The amplitudes of these echoes were first approximated from Dietsch and Kraak's formulain
a similar manner as for single echoes. In each case were the three echoes of equal strength,
calculated from equation (14), which for three echoes give

_ |pE|n(tE1 +g, tig;)

|pD|n "'3||OE|n

EK () (AT, (16)

where the subscript denote the arrival order of the reflections (echoes). Adjusting the
amplitudes to appropriate ranges was done through iteration and preliminary listening tests,
asfor single echoes.

Speech Music
Receiver Separation Echoes Separation Echoes
[mg] [mg] [mg] [mg]

18 4 18-22-26 4 18-22-26
8 18-26-34 13 18-31-44
10 18-28-36 15 18-33-48
25 18-43-68 25 18 -43-68
50 18 -68-118 50 18-68-118

100 4 100-104-108 4 100-104-108
8 100-108-116 13 100-113-126
10 100-110-120 15 100-115-130
25 100-125-150 25 100 -125-150
50 100 - 150 - 200 50 100 — 150 - 200

200 4 200 — 204 — 208 4 200 — 204 — 208
8 200 -208 - 216 13 200 - 213 -226
10 200 -210-220 15 200 -215-230
25 200 — 225 - 250 25 200 — 225 - 250
50 200 —250-300 50 200 —250-300

Table 4: Delay times of multiple echoes.

3.3 Reverberant conditions

Most practical situations of echo annoyance occur in reverberant enclosures. As first reported
by Haas™, increasi ng reverberation times heighten echo thresholds. Two different geometries
will be investigated, the first being an auditorium mainly constructed for speech
performances, while the second is alarger concert hall.

3.3.1 Propertiesand geometry of the auditorium

The auditorium is modeled as a typical auditorium for teaching purposes, with a tilted
audience area. Two different cases are implemented, where the scattering coefficient of
certain walls are changed from 0,1 to 0,5 in between them. The reverberation times are
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approximately 0,95 and 0,7 [s], respectively, in the two cases. The auditorium is shown in
Figure 19.

Figure19:  Auditorium for speech performances.

Table 5 shows the properties of the surfaces. Notice that the front and back wall and the
sidewalls have two sets of scattering coefficients (see coefficients shown in bold in Table 5),
as mentioned above.

Absor ption coefficient, a Scat. coeff.

Surface 63 125 250 500 1k 2k 4k 8k Casel Case?
[Hz] [Hz] [HZz] [HZz] [HZz] [HZ] [HZz] [HZ]

Stage floor 040 040 030 0,20 0217 015 0,10 0,10 0,1 01
Audience floor 060 060 074 08 09% 093 08 085 0,5 0,5
Front wall, stage 028 028 022 0217 009 0210 0211 0211 0,1 05
Back wall 028 028 022 017 00 010 011 011 0,1 05
Sidewalls 028 028 022 017 009 010 011 011 0,1 0,5
Ceiling 045 045 055 060 090 086 0,75 0,75 0,5 0,5
Table5: Properties of surfacesin the auditorium.

The source was placed at center position of the flat stage floor, 1,8 [m] above ground to
simulate a normal person. An omni-directional directivity was used for simplicity. The
receiver coordinates are given in Table 6, origo is shown in Figure 19. All receivers are 1 [m]
above the tilted audience floor. Receivers 1-3 are placed at center of the auditorium in the y-
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direction (y = 0) along the x-axis, while receivers 4-6 are placed 2 [m] from the nearest
sidewall in the y-direction (y = 5).

Receiver no. X-axis y-axis z-axis

[m] [m] [m]
1 4 0 2
2 8 0 3
3 12 0 4
4 4 5 2
5 8 5 3
6 12 5 4

Table6: Receiver positionsin auditorium.

3.3.2 Propertiesand geometry of the concert hall

A concert hall can be built in awide variety of shapes. However, arectangular box is usually
the basic starting point for most halls. Such a shaf)e makes sure of sufficient early reflections
if the hall is not too wide, as reported by Barron!*¥. The concert hall used in simulations in
the present paper is attempted kept simple. Two separate simulations have been carried out
with scattering coefficients of 0,1 and 0,7 on the back wall of the hall, respectively (see bold
figuresin Table 7).

Absor ption coefficient, a Scat. coeff.
Surface No. 63 125 250 500 1k 2k 4k 8k Case Case
[HZ] [HZz] [Hz] [HZz] [HZ] [HZ] [HZz] [HZ] 1 2

Audience floor 1 060 060 074 088 09% 093 08 0,85 0,5 0,5
Stage front 2 040 040 030 020 0217 015 0,10 0,0 0,1 01
Flat stage floor 3 040 040 030 020 017 0,15 0,10 0,20 0,1 0,1
Tilted stagefloor 4 060 060 074 088 09 093 085 0,85 0,5 0,5
Side walls, hall 5 030 030 0,12 008 0,06 006 010 0,10 0,5 0,5
Sidewalls, mid 6 030 030 012 008 006 006 010 0,10 0,5 0,5
Sidewalls, stage 7 030 030 0,12 008 006 006 010 0,10 0,5 0,5
Stage back wall 8 030 030 012 008 006 006 010 0,0 0,5 0,5
Stage flat ceiling 9 045 045 055 060 09 086 075 0,75 0,5 0,5
Tilted ceiling 10 045 045 055 060 09 086 0,75 0,75 0,5 0,5
Hall ceiling 11 045 045 055 060 09 08 075 0,75 0,5 0,5
Hall back wall 12 030 030 0,12 0,08 006 006 010 0,10 0,1 0,7
Table7: Properties of surfacesin the concert hall.

An outline of the hall geometry is shown in Figure 18, with some measures denoted. A three
dimensional view of the hal is shown in Figure 20. The ceiling between the hall and the stage
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(surface 10) house is tilted, as are the floor where musician(s) or an orchestra would play
(surface 4).

Figure20: Concert hall geometry.

All surfaces of the concert hall are listed and numbered in Table 7, with their corresponding
absorption and scattering coefficients. The numbers found in Table 7 have corresponding
numbers in Figure 20. Reverberation times differ somewhat dependent on position, but are
approximately 1,7 [s] with the lowest scattering coefficient set, while it decreases to about
1,45 [s] with the higher scattering coefficient set.
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4 LISTENING TESTS

To be able to evaluate objective echo criteria, reference values and levels must be found from
subjective listening tests. Listening tests were performed using both speech and music.

4.1 Choice of test motifsfor listening tests

The nature of the test motifs forms the basis of any subjective evaluation done by listeners
during listening tests. Threshold values are dependent on the speed and rhythmic properties of
the motifs. The most echo critical situations must be used in establishing thresholds. Motifs
for both speech and music sequences are chosen.

Anechoic recordings are available only in a limited extent. The recordings used are taken
from the Bang & Olufssen'® compact disc (CD) "Music for Archimedes’, "Anechoic
orchestral music recording” from Denon®, and "Impact 2" from Japan Audio Society™®”.
The music sequences chosen are given in Table 8.

Music
Type CD Track Composer Excerpt Duration
Cello Archimedes 20  Weber Theme 9,0[g
Guitar Archimedes 12 F. Térega Capriccio Arabe 15,39
Female chorus Impact 2 13,1[9
N No.6 — Water music suite,

Orchestra Denon 9 Héndel/Harty bars 1-11 181 (9

. Cadance from concert (Eb
Trumpet Archimedes 34  Haydn Cornet) 12,8 [9
Table8: Music motifsfor listening tests.

The frequency and dynamic properties of the different instruments vary greatly. Some
instruments will not sound as dry as others even when played in an anechoic room. The
bodies of instruments vibrate as strings of cellos and guitars or membranes of drums are
excited. The most echo critical cases of the above are the trumpet and the female choir.

The dynamics of the music pieces chosen are also different in between them, as dynamics and
frequency content of the tones are important in echo detection. Plots of amplitudes of the
music and speech motifs are shown in Appendix A — Test Matifs.

Choice of test motifs was done with care, and all motifs are short excerpts of longer songs or
music pieces. Listening sessions must be kept shorter than a maximum length of 30-35
minutes to avoid fatigue. The duration of each listening example should therefore be
attempted kept as short as possible without changing the outcome of the subjective
evaluation. | would argue that the motifs presented to the listeners are of sufficient length. As
long as the excerpts are chosen with care, the parts of the total music pieces that are most
critical will be included. It will till be these excerpts that become decisive if the music pieces
where presented in original and full length. There are no indications that the durations of test
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sequences have any influence on echo sensitivity. However, it is important that the excerpts
are cut at natural breaks so that it sounds natural.

Speech is of a different nature than music, athough percussive music can aso be very
articulated. Echo critical limits depend on the speed of speech. The 8 seconds of speech
presented to the listeners is male speech at the speed of 4,0 syllables per second (see Table 9).
4,0 syllables per second can be argued to be below average, which in the literature are said to
be about 5,0 syllables per second. On the other hand, it is equally important that the speech
sequence is clear and distinct, and contains breaks and transient consonants as for example k,
p, g, t and x. The sequence chosen reads. "Germanys decision followed eight years later, and
the Scandinavian states and Russia changed in eighteen seventy-five".

Speech

Type CD Track Language Speed Duration
Mae Archimedes 5 English 4,0 [syllables/sec] 8,0 [sec]
Table9: Speech motif for listening tests.

4.2 Listening test setup and accomplishment

A total set of four different listening sequences were used, covering the six different motifsin
the various geometric situations. Odeon generates wave-files as output from convolving the
anechoic motifs with the room impulse responses of the different rooms. Anechoic samples
were separated from reverberant ones to isolate the parameters wanted in the evaluation. The
different motifs were also separated for the same reason.

Section Motif Conditions Samples
Sequence 1. 1 Speech Anechoic — single and multiple 117
2 Speech Reverberant 12
Sequence 2: 1 Trumpet Anechoic — single and multiple 121
2 Trumpet Reverberant 14
Sequence 3: 1 Cedllo Anechoic — single and multiple 107
Sequence 4 1 Guitar Anechoic — single and multiple 33
2 Female chorus Anechoic —single and multiple 13
3 Female chorus  Reverberant 14
4 Orchestra Anechoic — single and multiple 35
5 Orchestra Reverberant 8

Table 10: Composition of thelistening test sequences.

If al the sequences were to be mixed randomly together, would the actual echo annoyance be
reduced to only one of several parameters changed between each sample. The reference
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created as one hears the same motif repeatedly would consequently be blurred or atered as
result of the variety of instruments and conditions mixed together.

Table 10 shows the composition of the listening test sequences. A random order of the
samples was generated for each listening person within each section. The samples for the
different sections were put in separate folders, and generated randomly using MatLab? (see
m-files® included in Appendix F — CD and also Appendix C — MatLab m-Files). Examples
were played before each section, to present the echo span of the following test section. An
anechoic sample was played first, before a given number of samples ranging from the
strongest echo sample to the weaker were played. Breaks were included before and after
every example and test section. The MatLab m-script generated a txt-file of the sample order
after each sequence was finished.

Listening test persons were presented with a range of three different echo grade options. A lot
of consideration was given to the number of options made available to the test persons. It was
important to make it as simple as possible. Simplicity ensures better assessment and
separation of the parameter to be evaluated. The combination of setting the number of options
down to three and presenting the anechoic sample as well as the range of echo levels before
commencing every test section, was done to secure a common reference level. Use of larger
evaluation scales can disturb the common echo reference level, and cause test persons to only
use alimited range the total scale. The three options presented to the test subjects were:

1) Echo Not audible (N)
2) Audible, but not disturbing, echo (A)
3) Disturbing echo (D)

Still a certain margin for variations in individual decision levelsis inevitable. This is why a
certain number of test persons must take part to give a satisfactory statistical basis for
evaluations and conclusions to be drawn. Ten listening tests were conducted for each test
sequence. A total of twelve persons were used. Consequently, al test persons did not
participate in all sequences, which is no necessity. The number of test sequences performed
per day by one test person was attempted limited to one, once again to avoid fatigue.
However, some test persons did two test sequences in one day, separated by several hours.

All test persons were carefully instructed to concentrate on the (possible) echoes. Adding a
delayed version of a music or speech sequence might cause annoyance due to other reasons
than an echo being present, especially in anechoic conditions where no reverberant masking
is present. What could be heard in some of the samples, particularly in cases with an echo
separation of 30 and 50 [msg] for the trumpet, was a kind of shrill interference effect. Despite
not being a pleasant sound, it was still the annoyance of separate echoes (see definition from
Kuttruff!¥ in Section 1) that should be evaluated.

The test persons gave their answers on paper instead of typing them continuously in on the
computer. Examples of the answering sheet layout can be seen in Appendix B — Listening
Test Answering Sheets. Even though listening sequences were kept short, fatigue and
unawareness can occur, which in turn can cause errors. As samples occasionally can get

2 |nfo available at http://www.mathworks.com
% m-files speechtest, trumpettest, cellotest and mixtest
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mixed up when listening to the same short motif over and over again, a counter was displayed
on the computer screen. The counter corresponded with the numbering on the answering
sheet so that test persons could check the synchronization between their answering and the
sample flow continuously. Inserting breaks between each section also hel ped synchronization.
Results from the answering sheets were manually compared with the corresponding samples
in the txt-file generated by the m-scripts.

All of the listening tests were completed in the semi-anechoic lab at the Norwegian
University of Science and Technology to ensure that the listening situation was kept as quiet
and neutral as possible. A Soundblaster PCI 128 Gold sound card* was instaled in the
computer, and the wave-files was sent through a Y amaha 01V mixer® before being played by
a set of Beyer Dynamics DT990 headphones’. The test persons were alowed to adjust the
volume on the mixer to a suitable level individualy.

4 See http://www.ameri cas.creative.com/support/manual s/Files/ AudioPCl 128.pdf for details.
5 See http://www.yamaha.co.j p/product/proaudio/homeenglish/index.htm for details.
6 See http://www.beyerdynami c.de/com/product/index.htm for details.
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5 DEVELOPMENT AND IMPLEMENTATIONS OF OBJECTIVE ECHO CRITERIA

The main purpose of this paper is to investigate and evaluate objective echo criteria based on
subjectively acquired reference data. Two different versions of Dietsch and Kraak's criterion
are implemented, as explained theoretically in Section 2.3. Also a new criterion is developed,
based on the convolution of the inertia of ear and the room impulse response. The
implementation is done in MatLab, and all m-files can be viewed in Appendix C — MatLab
m-Files and are included in Appendix F—CD.

All the criteria start out from input room impulse responses (RIR) obtained from Odeon.
Despite being a well-developed computer simulation program, certain approximations and
limitations exist, as discussed in Section 2.4.

5.1 Implementation of Dietsch and Kraak's echo criterion

Two different versions of the criteria are implemented, as mentioned above. The difference
between implemented versions of the Dietsch and Kraak criterion is the basis on which the
room impulse response inputs from Odeon are generated.

One version of the RIR's are generated from only ISM and not passed through the HRTF
filter set (see Section 2.5). The other version receives RIR's in wave-format, which is filtered
by the KEMAR head related transfer function set. These are the full-length impul se responses
that the listening test motifs are convolved with, and consequently what the listeners actually
heard and intuitively should be the basis of any criteria.

The MatLab m-files "dkism.m" and "dkwav.m" calculates Dietsch and Kraak's echo criterion
based on output .txt- and .wav-files, respectively. Both files can be viewed in Appendix C —
MatLab m-Files and are also included in Appendix F — CD. Both files naturally have many
similarities, asit is the same criterion that has been implemented.

5.1.1 Algorithm based on RIR calculated using | SM

Excluding reflections of higher order than those calculated using the image source method is
an ambitious approximation. The degree of error depends on the transition order from ISM to
ray tracing. Naturally, the transition order is insignificant in any anechoic environment. The
reverberant cases are investigated with transition orders ranging from 1-4. Errors will be more
severe with decreasing absorption factors, as little energy will be lost as the transmission and
absorption components of reflections become larger.

Odeon is not compatible with MatLab, and mat-files cannot be generated. Neither can the ray
tracing part of the room impulse response generation be switched off to get wave-file output
based on ISM only. However, amplitudes, delays and angles of incidence of all 1SM
calculated reflections can be exported in ASCII-format to txt-files from the reflectogram
folder in "Single point response” for the highlighted job in the job list in Odeon. Sound
pressure levels (SPL) are exported in octave bands, which must be added together before
entered into the Dietsch and Kraak echo algorithm. Calculations and evaluations are not
performed in octave bands separately. Figure 21 shows an example of the normalized
reflectogram of receiver 11 in the concert hall (see Figure 20 and Table 3). ISM up to fourth
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order is used, with a scattering coefficient of the back wall of 0,1 (surface 12 in Table 7).
Only the first 15000 samples (=340 [ms]) are shown. The direct sound is normalized to 1 in
all impulse responses.

normalized pressure [Pa]
o © © © o © o o
N w IS (6)] (o)) ~ o0} o
T T T T T T T T

©
'_\

b b |

0 5000 10000 15000
time [samples]

o

Figure2l: Example room impulse response calculated from ASCII output of
reflectogram from Odeon.

All files to be evaluated in a given run must be put in a folder specified in the m-file. As
Dietsch and Kraak have specified different parameters for speech and music (see Table 1),
only files calculated for speech or music should be calculated at the same time. Whether
speech or music motifs are to be evaluated must be typed in manually for each run (asked by
MatL ab, see line 26 of dkism.m. If both speech and music motifs are to be included, this line
(and the simple if-loop in line 37-40) must be moved inside the main for-loop beginning at
line 46. As aresult, the calculation parameter must be typed in for all files separately).

One must also choose whether the resulting Dietsch and Kraak levels shall be plotted. Finally,
after al calculations are completed, a file containing the maximum Dietsch and Kraak level
for each impulse response file calculated can be constructed if wanted. Name of the file must
be typed in the command window in MatLab when asked (line 192 xyz in dkism.m).

Figure 22 shows temporary results of an example calculation from the ISM implementation
of Dietsch and Kraak. The figures on the y-axis in graphs a)-c) are ssimply ratios relative to
one another resulting from the normalization done earlier in the computation. The calculation
shown is based on the reflectogram in Figure 21. The nominator shown in @) has smaller
amplitude than the denominator in b) because, as can be seen in Equation (5), the nominator
is multiplied with a time factor. Lines 103-132 of dkism.m show the computation of the
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nominator and denominator. The final build-up function is the ratio of the nominator in @) to
the denominator in b), and is shown in part c) of Figure 22.

Echo disturbance is dependent on steps in the build-up functions within a certain time
interval, as outlined in Section 2.3. Steps in the build-up function in Figure 22 c) can
therefore be seen as peaks in the resulting EK (1) values plotted in part d) of the figure. The
example room impulse response will not contain reflections that will be percepted as echoes,
according to this implementation of Dietsch and Kraak. The highest EK-value in the given
situation is 1,018, which iswell below the limit value of 1,8.
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Figure 22:

a) Nominator b) Denominator
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Temporary results of the Dietsch & Kraak echo criterion. RIR
reflectogram of Figure 21 from receiver 11 in the concert hall (Figure 20)
used as example.

(@) Nominator of Equation (5).

(b) Denominator of Equation (5).

(c) tsof Equation (5).

(d) Resulting Dietsch and Kraak valuesfrom Equation (10).

Discrete reflections computed using ISM, as seen in the reflectogram above, cause abrupt
stepsin all graphs plotted in Figure 22. A feature caused by the abruptness of the rectangular
window proposed by Dietsch and Kraak. A reflection is either inside or outside the time
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interval. No scaling is contained in the window qualities. This in turn causes the angular
shape of EK(t1). The two reflections seen around sample 13-14000 in the reflectogram in
Figure 21, has corresponding squares visualized around the same samplesin Figure 22 d). As
the reflections are separated by more than the evaluation period of 14 [ms] given for music by
Dietsch and Kraak (Table 1), the reflections gets a shape similar to the window used. The
effects of the rectangular window will be further discussed in Section 6.3.

5.1.2 Algorithm based on wave-file output of RIR from Odeon

The difference introduced by including whole RIR's calculated by Odeon compared to only
lower order ISM is potentially huge. Sound waves that have been reflected more than the
threshold number of times given by the transition order chosen now play a major role in the
total impulse response. Besides, all RIR's were convolved with the KEMAR HRTF set which
is a necessity with headphone reproduction of the sound samples for listening tests. The
complete m-file can be viewed in Appendix C — MatLab m-Files, and are also included in
Appendix F—-CD.

Most of the code used in evaluating the input wave-files is the same as with the txt-files. The
implementation of the Dietsch and Kraak echo criterion in itself is the same, but the
preprocessing is different. As with the txt-files, al files to be evaluated must be stored in a
folder set in advance in the m-file. RIR s will be evaluated for the same type of motif (speech
or music) as this option is set as a constant before the main calculation of al the RIR's
begins.

Left response Right response
1 1r
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0.4+ 0.4/
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o
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Figure23:  Binaural room impulseresponse from receiver 11 in the concert hall.

First of all, the wave-files contain binaural impulse responses that have been passed through
the HRTF filter. Figure 23 shows the output BRIR's for the same recelver position and
parameters in the concert hall as exemplified in Section 5.1.1. Both channels of the BRIR's
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are rectified before they are added coherently. It is thus pressure values that are added
(‘pleh‘+ pright‘)' 16 [bit] integer quantization is used in generating wave-files in Odeon,
causing a weak noise floor to be present. Removal of this error is performed in lines 73-80

xyz. All BRIR output generation from Odeon are normalized to a max level of 1, as can be
seenin Figure 23.
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Figure24:  Adjustment of time axis of summed BRIR.

A time axisrelative to the arrival of the direct sound must be established, as the BRIR s begin
in time at source generation. Since the arriving impulse responses are quite complex,
adjusting the time axis is not straightforward. The enlarged part of the upper response shown
in Figure 24 shows the direct sound response. It is quite complex compared with the
corresponding 1SM calculated response in Figure 21. As quantization errors have been
removed, the RIR has values of zero until the direct sound arrival. As the direct sound no
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longer arrive at t=0, it will impose an effect also on the nominator of the build-up function in
Equation (5). The time axisis adjusted so that the first sample exceeding a certain value is set
as first sample, which give the RIR shown in the lower part of Figure 24. Other solutions like
summing the direct sound contribution to one sample or setting all samples within direct
sound contributions to zero in the nominator of the build-up function cannot be validated. The
basis of evaluation must be the sound field that arrives at the two eardrums of the listener.

The succeeding calculation is the same as explained in Section 5.1.1. However, as the input
RIR are more complex, the output EK(t) become correspondingly complex.

a) Nominator b) Denominator
250
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Figure25: Temporary results of the Dietsch & Kraak echo criterion. Lower RIR
shown in Figure 24 used in the computation.
(@) Nominator of Equation (5).
(b) Denominator of Equation (5).
(c) tsof Equation (5).
(d) Resulting Dietsch and Kraak values from Equation (10).

Visual differences between all parts of Figure 22 and Figure 25 are conspicuous. Using wave-
files as input create more continuous results. However, the shape and values of the resulting
EK(1) is similar. Despite keeping a higher level throughout due to the additional energy
arriving at receiver, the peaks are at comparable levels with the ones from the ISM
caculation. The results from wave-file RIR's will not contain reflections that will be
percepted as echoes either. The highest EK-value in the given situation is 0,9426, which is
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well below the limit value of 1,8, but not so different from the maximum value of 1,018 from
Figure 22 d).

5.2 Development of an alter native echo criterion

As will be evident in Section 6, the echo criterion formulated by Dietsch and Kraak did not
prove satisfactory agreement with the results from the listening tests. In formulating an
alternative criterion, the idea of using a build-up function of the entire impulse response as
the basis of evaluation was rejected. A more intuitive approach was adapted based on the
energy impulse response. Evaluation of the sound fields the listeners actually were presented
with appeared to be the best starting point. Consequently wave-file RIR's were used
throughout.

The human ear integrates incident sound energy, and contributions arriving within the
integration time of the ear will be percepted as one. Sound waves arriving within the
integration time can produce effects of increased spaciousness, tone colouration or image
shifts (see Figure 8). However, separate discrete echoes cannot be distinguished. Amplitude,
frequency spectrum and angle of incidence are decisive parameters of our perception of
incident sound waves. The HRTF s used to generate BRIR's covers these filter effects, which
are caused by the ateration of incident sound waves due to our head and shoulders. Relating
the RIR to the arrival of the direct sound is done in the same way as described in Section
5.1.2. Wave-files are imported and preprocessed to obtain pressure RIR as depicted in the
lower part of Figure 24 in asimilar as for the Dietsch and Kraak criterion. Squaring the BRIR
after they have been rectified converts pressure to energy:

2
Pright ‘ (17)

p :‘pwﬁ‘z"'

This resembl es the function of the human ear.
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Figure26: Hanningfilter of length 50 [mg].
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Much work has gone into determining the limits of perceptibility of separate reflections (also
referred to as the merging limit in the literature), as discussed in Section 2.2. The single and
multiple echo parts of the listening test in the present paper also assess these limits. An
integration time of 50 [mg] is adapted to simulate the time integration of the human ear. 50
Ems]] is a conservative and acknowledged integration time agreed upon by several authors'"
6. B and Regylts from the listening tests done in this paper also acknowledge 50 [ms] as
areasonable integration time.

Reflections separated shorter in time than the inertia of the ear will not be percepted as a
separate event, and can consequently not be distinguished as one. An evaluation window of 9
and 14 [ms] for speech and music motifs, respectively, as employed by Dietsch and Kraak,
seemed to be too short. It is reasonable to infer that a different integration time is valid when
evauating a build-up function. However, it is still the difference within the integration
window that is evaluated, and it can therefore be interpreted as such. On the other hand, also
the shape of the integration window has significant impact in evaluating the incident sound
waves. In constructing afilter to smulate the inertia of the ear, must not only the length of the
filter be determined, but also the filter coefficients.

oo
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a) Conwolved enegy response (p2) of
receiver 11 in the concert hall

(o2}

amplitude [Paz]
N IS

x 10"
0 b) Conwlved energy response of receiver 11
in the concert hall in [dB] scale
g -20 -
S
2 40/
=3
S
© -60 -
-80
0

time [samples] % 10°

Figure27: Energy response of receiver 11 in the concert hall in (a) [p?] and (b) in
[dB].

To employ a complicated filter seems unnecessary, as a large number of room impulse
responses must be evaluated to validate and discriminate small variations caused by the filter
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from variations caused by other parameters that change as geometries are varied. The filter
used hereis asimple Hanning filter of length 50 [ms], which is a discrete time- and amplitude
shifted cosine wave. The mathematical expression is given by

wik +1) =0,5(1- cos(27——)) .k =0.....n—1 (18)
n+1

where n must be a positive integer. Multiplying the sampling frequency and filter length in
seconds give the correct filter length in samples. Figure 26 shows a Hanning window of
length 50 [ms]. Convolving the Hanning window with the energy RIR provides the basis for
further evaluation. Reflections arriving within the width of the Hanning window will
contribute to the total simulated sound energy percepted by the receiver as one impulse.
Forward and backward masking is assumed equal in time and amplitude, which is an
approximation of the integration and masking curve found throughout the literature.

Figure 27 (&) shows the resulting response after squaring the RIR shown in the lower part of
Figure 24 and subsequently convolving it with the Hanning window depicted in Figure 26.
Quantization errors from the wave-file generation are not removed in the following. Removal
of the error is not necessary, as its level is so low that it will make no significant impact on
the criterion. A quantization noise floor of approximately —75 [dB] is introduced. Figure 27
(b) shows the corresponding result, converted to a [dB] scale and scaled so the maximum
sound level equals 0 [dB]. The RIR length of the example in hand is a bit shorter than 3 [s] as
the sampling frequency is 44100 [HZ].

Development of the echo criterion was an iterative process, in which logical and theoretically
supported ideas formed the platform that investigations were based upon. The following
section includes some initial implementations and considerations that led to the final result.

5.2.1 Initial unsuccessful implementations and consider ations

The listening test material was developed with that in mind to verify Dietsch and Kraak's
echo criterion in both anechoic and reverberant conditions. If the criterion formulated by
Dietsch and Kraak proved not satisfactory, the anechoic listening test result could be used to
develop a new criterion. The criterion could then be tested on the simplified reverberant
situations simulating an auditorium and a concert hall.

Amplitude thresholds were found as function of time delay between direct sound and echo, as
given in Section 6.2. Evaluation of peaks rising above the constant reverberant decay curves
based on amplitude thresholds from anechoic conditions was used as a starting point in the
development of the new criterion. The Hanning window was applied in anechoic conditions
as well, ensuring a simulated sound perception length as the echo pulses arrive. The peak
level will still be the same as generated in Odeon as long as reflections are separated by a
minimum time interval equal to the window length. It occurs when the Hanning window has
its peak level of 1.

The energy impulse responses were converted to [dB], setting the global peak level to a
reference value of O [dB], as shown in Figure 27 (b). In reverberant and more complex
situations extremal points on the [dB] energy decay curve (local and global maxima and
minima) must be available if such an evaluation should be possible. This was implemented in
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addition to level step from minimum to their respective maximum points. Also separation
times from last equal energy level from all maxima points were found.

Extremal points of the response shown in Figure 27 (b) are included in Figure 28. Green, red
and black circles mark maxima, minima and separation time from last equal sound energy
level, respectively. Only pointsin the first 60000 samples are included as the curve fluctuates
rapidly in the late response, which are mainly due to the quantization error mentioned above.
Odeon outputs are not reliable at such late and weak levels either.

20+

-30

-40

amplitude [dB]

-50

_80 | | | | |
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Figure28: Response of receiver 11 in concert hall, extremal points marked by circles.

Peaks that rise above the reverberation decay are clearly visible. A magnified version of the
part of the energy response in the bold red circle in Figure 28 is shown in Figure 29.
Evaluating each peak along the decay curve based on step values from minimum to maximum
value as function of time was the initial idea. As time parameter was the separation time since
the last equal energy level attempted used (tsp in Figure 29). Echo perception will depend on
the area under the curve in the rectangular box indicated in Figure 29. Averaging the areain
the box and adding the resulting value to the minimum value will give a smaller step between
minimum and maximum values and compensate for masking energy arriving shortly before
the peak. How much above the minimum value the new minimum reference level indicated
by the red line in Figure 29 should be elevated thus depend on the shape of the energy curve

within tsp. AL e becomesthe level step to be evaluated.
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Subsequently comparing AL «e, With reference levels obtained from single echo listening tests
for the time delay ts, Were meant to complete the criterion. The criterion would then be
applicable in any anechoic or reverberant conditions. However, results were not satisfactory.
For one, the criterion does not consider anything outside the rectangular evaluation window.
Dependent on the steepness of the curve before entering window, the reverberation time of
the ear itself may mask the entire peak, for instance. Also, the adjusted average level of the
red line will rise as the echo amplitude rise, and consequently cause AlLge, to have small
variations due to the amplitude of the peak.

An attempt to only use the area under the curve up to the minimum point (in time) as basis for
calculation of AL e, did not prove satisfactory results either. A final alteration of the criterion
was not to convert the energy response to [dB] scale, but use the linear scale instead. The
same problems as above visualized themselves. Two single echo cases with the echo arriving
after i.e. 200 [ms] came out amost equal even with an amplitude deviation of 10 [dB]
between the two.

amplitude [dB]

| | | | | | |
500 1000 1500 2000 2500 3000 3500 4000 4500 5000 5500
time [samples]

Figure29: Evaluation of extremal pointsto determine echo disturbance.

5.2.2 Development and implementation of an alternative echo criterion

Degspite the unsatisfactory results of the previous discussed echo criteria, echo critical
situations could be seen from a visual inspection of the logarithmic energy response of all
receiver positions as given in the lower part of Figure 27. Curves for receiver positions and
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parameters where listening tests had proven to produce disturbing echoes were seen to
contain higher peaks, more fluctuations, and deviating from the ideal reverberant decay.

A clear advantage of any criterion is to be independent of as many input parameters as
possible. Odeon computes T3y based on decay from -5 to —35 [dB]. It now seemed most
reasonable to use the reverberation time as a starting point for further development of the
criterion, in contrast to the previous discussion. An agorithm could be implemented to
compute the reverberation time in MatLab (based on i.e. backward Schroeder integration). To
reduce computational time and since the reverberation time already is available from Odeon,
was the reverberation time set as the sole input parameter required to be typed in manually.

Figure 30 shows the energy response after it has been convolved with the Hanning window.
A reverberation decay line of is also plotted. It has been set to start its decay at the global
maximum of the logarithmic energy response for convenience. Its starting point can be
arbitrary in the following discussion as long as the decay is correct. The black curve plotted in
the upper part of Figure 30 shows the difference between the reverberation decay and the
energy response.
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Figure30: Difference between reverberation decay and energy RIR of receiver 11in
the concert hall.

Usage of the reverberation curve as basis in constructing an evaluation curve for the echo
criterion requires it to be shifted to an appropriate level relative the energy response input
automatically. This must be done correctly for any input energy response, regardless of its
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shape and reverberation time. The interval of the RIR curve used to shift the reverberation
curve must be the same as the interval used by Odeon to calculate Tso. Two red circles are
indicated on the black difference curve, indicating the first time the energy response reaches a
level of -5 [dB] and the last time it reaches —35 [dB] re. direct sound, respectively.
Subtracting the average value of the difference curve from the reverberation decay curve on
thisinterval will move it to a centre position of the decay (Figure 31).

Shifting the reverberation curve will cause it not to start from the direct sound in its decay,
which is intuitively wrong. The sound level inside the ear decreases with the reverberation
time of the ear (T = 0,4 [s]). No echo can occur before a sound wave has arrived. Thus the
evaluation curve is set to zero in the interval before the direct sound arrives. To connect the
direct sound peak with the evaluation curve constructed from the reverberation time of the
room, isadecay of T = 0,4 [s] used. The steeper reverberation decay of the ear is adjusted so
that it becomes tangential to the filtered energy response of the direct sound.

Constant level before arrival

of the direct sound
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Figure3l: Total evaluation curve applied to energy RIR of receiver 11 in the concert
hall. Positive levels of the difference between the resulting evaluation
curve and the energy RIR isshown in the upper part.

Muncey, Dickson and Dubout showed that acceptable echo levels could be divided into three
parts, as function of delay time!® (see Section 2.2). The resulting evaluation curve is a
combination of the curves discussed in the previous paragraphs, and is of a similar nature as
proposed by Muncey, Nickson and Dubout. With a noise floor present will the shifted
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reverberation curve eventually fall below it as it continues its decay with time. The
background noise floor will not be a source of any perceptible, separate echo reflections.
Thus a lower limit for which the criterion is applicable must be established. This was done
using the results from 400 [ms] delayed single echo listening tests and adjusted during the
iterative process of establishing threshold values for how much the energy RIR could exceed
the evaluation curve before an echo was audible. A lower limit of —50 [dB] re. direct sound

was found.

Threshold limits for the difference curve were determined as best fit from the limited
reverberant material available. The criterion does only apply in reverberant conditions, a
feature that is further discussed in Section 6.4. Anechoic threshold limits were found from the
listening tests, and tested throughout on both single and multiple echoes.
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6 RESULTSAND DISCUSSION

The test material can be divided into three parts: Single echoes, multiple echoes and
reverberant cases. Results will be presented and discussed in the same order. First, some
comments and considerations on the listening test results are appropriate.

6.1 Listening test considerations

Construction properties and test motif background of the listening tests are discussed in
Section 4. Test answers of all the test persons that participated can be viewed in Appendix D
— Listening Tests and Calculated Results. Invalid test results are drawn through with a dotted
red line. This applies to two test sections performed by the author (trumpet and speech
motifs), and also a total of one other listening sequence for the trumpet motif. The latter are
excluded as the test person felt he/she had evaluated the samples based on wrong criteria. Still
atotal number of ten tests are performed for each motif.

Results are not discussed in this chapter as such, but some comments on the validation of the
results are appropriate. Echo threshold levels are given in Section 6.2. Using much time in the
development of the listening tests by adjusting echo levels, parameters and geometries proved
successful. As an example is the results from the 400 [ms] delayed single echo case for
speech reproduced in Table 11.

s
d. 4+ — =
€EQ v w S X
<= u zZ O n X W m b < = =
T mEEarFrc<a>K50<IO D D+A N 8 3
-34,1 D DDDUDUDTDTDDD 100% 100% 0% D D
-39,1 A D DAADAUDAD 50% 100 % 0% D D
-43,1 A D DAADAUDAD 50% 100 % 0% D D
-46,1 A NDAADANAD 0% 80% 20% A D
-49,1 N NN N N NNNN A 0% 10% 90% N A

Table 11: Example results for 400 [ms] delayed single echo in anechoic conditions
for the speech motif.

The important thing exemplified in Table 11 is that all test persons have been consistent in
their answers. Subjective variations of how strong an echo must be to be evaluated as
disturbing (D) or audible (A) are naturally present. The individual scale used by the different
test persons to move from not audible echoes (N) to disturbing echoes (D) will inevitably
vary. However, a monotonous increase in percepted echo level can be seen throughout,
despite the fact that all test persons have heard the samplesin a different randomised order.

A correlation analysis has been done to validate the results from the listening tests. Answers
given in each specific sample case are compared. Thus, answers are validated in an additional
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manner than the monotonous increase in echo disturbance discussed above. Numerical
correlation values of al combinations of test persons for all test motifs can be viewed in
Appendix E — Correlation Analysis of Listening . The appendix also includes, perhaps more
importantly, how each persons answer correlate with the average answer for each test
situation. Finally the average level of this figure is given for all test subjects, and aso
reproduced in Table 12 for convenience. The correlation coefficients range from —1 to 1,
where 1 is perfect resemblance. A negative correlation coefficient indicates a tendency of
answers developing in opposite and conflicting directions.

Average correlation coefficient

Anechoic Reverberant
Cdlo 0,76 -
Chorus, female 0,88 0,85
Guitar 0,68 -
Orchestra 0,79 0,22
Speech, male 0,80 0,90
Trumpet 0,75 0,61

Table12: Average correlation coefficient computed as the average
of each persons correlation coefficient with the average
answersin each situation.

The correlation coefficients are seen to be satisfactory high. However, the reverberant
orchestra case stands out, with a value of only 0,22. This can partialy be explained by the
fact that only eight reverberant samples where included in the listening test. Deviations in
each answer will therefore have larger impact on the total average correlation coefficient. The
statistical basis is weak. None of the answers were evaluated as disturbing when demanding
50 [%)] disturbance. Answers are sorted with increasing source distance. In a situation where
one person answers audible echo (A) in the receiver position closest to the source and another
does the same in the situation farthest from the source, while both persons answer not audible
echo (N) in the other positions, give a negative correlation coefficient. The analysisisin other
words very sensitive. Still, the correlation coefficient islow.

A second correlation coefficient that deviates significantly can be seen in Appendix E —
Correlation Analysis of Listening , where test person 4 (TG) could not hear an echo in any of
the samples presented for the guitar samples. This lowers the guitar motif correlation to 0,68,
as seen from Table 12. The test samples presenting the span were played up twice before
starting the test, but no audible or disturbing echoes were detected in any of the test samples
presented. Despite this was the test run included, as reducing the selection of the test
sequences to be evaluated will be statistically wrong.

6.2 Single echo results

Several studies have been carried out to establish single echo thresholds. Generating the
impulse responses using a computer simulation program and reproducing test sequences
through headphones differ from previous research. The accuracy in generating simple
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impulse responses using computer simulations in anechoic conditions is excellent, as no
approximations in calculating reflections and sound paths deteriorate it.

Echo thresholds from the listening test for 50 [%] disturbance and from Dietsch and Kraak
are shown in Figure 32 for speech. The motifs used are quite similar. Dietsch and Kraak
employed male speech of 4,6 syllables/sec (duration 6,5 [s]) in determining their threshold
values, while the speech motif used in the present paper is male speech of 4,0 syllables/sec
(duration 8,0 [g]). To assume a similar frequency content thus seem reasonable. All three
curves have similar shape, the threshold from the present listening test being about 5 [dB] less
echo critical for delays longer than 100 [ms] than the analytic and 1ISM calculated values
using Dietsch and Kraak. Decreasing the delay time increase the difference between the two
curves, reaching about 10 [dB] around 50 [ms] delay, before the values close in again
approaching 30 [ms] delay. Threshold values calculated using wave-files as input to the
Dietsch and Kraak algorithm are higher than I1ISM calculated ones. The HRTF filter causes
this, as the direct sound no longer has no impact on the build up of the nominator of Equation
(5). The direct sound therefore lowers the effect of later arriving reflections on the build-up
function. Consequently, echo thresholds are increased.

Due to the unavoidable error introduced by using discrete steps in the echo amplitudes, and
not continuous adjustable echo amplitudes in the listening test, a certain quantization error
apply. The same quantization is used in establishing values for the Dietsch and Kraak echo
criterion when wave-files are used as input. Nevertheless, clear tendencies can be seen.

10
o Dietsch & Kraak, wave-files
| —— Listening test, 50 [%]
oF o —— Dietsch & Kraak, analytic (ISM)

10+

30+

amplitude re. direct sound [dB]

B0+

1 1 1 1 1 L 1 |
0 50 100 150 200 250 300 350 400 450

time [s]

Figure32:  Singleecho thresholdsfor speech.

A small proportion of the deviation can be traced back to the different speed of the speech
motifs. Natural breaks in the speech sequence and transient consonants also affect echo
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sensitivity. No threshold limit can be determined with a delay of 18 [ms] from the present
listening test. Dietsch and Kraak reported echo thresholds also with only 18 [ms] delay. 50
[%] of the test persons feel disturbed by an echo with the same amplitude as the direct sound,
as can be seen from Appendix D — Listening Tests and Calculated Results. But as the
amplitude of the echo gets higher or lower is no echo disturbance reported. The same
tendency can be seen throughout for the music motifs as well (with delays of 30 and 50 [mg]),
but not reaching higher disturbance than 20 [%] in cases where this phenomenon can be seen.
Weaker echo reflections will cause it to be masked by the direct sound, while stronger echo
reflections introduce backward masking, and the direct sound is masked. Both situations lead
to the same result; no disturbing echo is percepted.

A bigger variety of test motifs were included to investigate music thresholds, as discussed in
Section 4.1. Figure 33 shows the resulting threshold values for the different motifs. Test
results vary greatly with different instruments and music motifs, as expected. Dietsch and
Kraak based their choice on the most echo critical motif in their study. Test results once again
seem relatively similar, if the trumpet motif is excluded. The guitar prove good resemblance
with Dietsch and Kraak's analytic values on the interval 100-400 [ms] echo delay. Results
from wave-file input to Dietsch and Kraak's echo criterion show the same increase in
threshold levels as discussed above.

20+
—— Orchestra
Cello

100 Dietsch & Kraak, wave-files

) — Guitar

Q — Dietsch & Kraak, analytic (ISM)

ol o \\ —— Trumpet

10+ -

20+

amplitude re. direct sound [dB]

30+

40 -

~
— )

1 1 | 1 | 1 L L |
0 50 100 150 200 250 300 350 400 450
time [s]

Figure33:  Single echo thresholdsfor music.

The dynamic properties of the trumpet visually appear to be more critical for echoes than
speech, as can be seen from Appendix D — Listening Tests and Calculated Results. However,
our perception of echoes is increased by the fact that speech carries a more precise and
distinct message. The resulting echo levels for the present motifs are roughly equal within the
valid trumpet delay interval of 100-400 [ms]. From the properties of the different motifs seen
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in Appendix A — Test Motifs, does the female chorus show similar dynamic properties as the
trumpet, and can be expected to have come out with similar values. The guitar can be seen to
have areverberant tail, which is very prominent with the present guitar motif. Moving further
upwards from the most echo critical motif in Figure 33, can the cello motif be seen to have a
dynamic origin, but the reverberance of the body introduce a strong masking effect. The same
istrue for the orchestra test motif.

A criterion must always be based on the most critical situation. In this case, the most critical
motif is the trumpet. An equally sensational aspect of the test results presented in Figure 33 is
that no disturbing echoes were reported for delays below 100 [ms], regardless of amplitude. It
can be inferred that no test were performed for delays between 50 and 100 [msg], but a certain
guantization was inevitable. Disturbance percentages do not rise above 20 [%] except for the
guitar motif where 40 [%] were disturbed by the strongest echoes added for 50 [ms] delays.

A second situation described in Section 3.1.2 generates a single echo reflection from a single
wall reflection. The back wall of the concert hall used to generate the reverberant music
situations was given to different scattering coefficients, and impul se responses were recorded
at a selection of the receiver positions. Only the trumpet, female chorus and orchestra motifs
were used. Complete results are given in Appendix D — Listening Tests and Calculated
Results, and the main figures are reproduced in Table 13 for convenience.

Scattering coefficient 0,1 Scattering coefficient 0,7
Test results Test results

2 c 9 c
= 9 = =
@ S d>') E @ S d>') E’
o 9 B = = O = S B = = O

S & & ¥ X E & & % x
5 2 % ¥ < B 5 2 2 ¥ < 3
Receiver O O 0o o =2z O O o o =z
17 D D A N N D D D - N D D
1 D D A N N D D D - N D D
7 D D N N D D D D N D D
9 - D - N D D - D - N D D
11 A N - N N D D A - N D D
13 A N - N N N A N - N D D
14 N - - N N N N - - N N N
15 N - N N N N N N - N N N

Table 13: Results from single echo generated by a single wall reflection.

Receiver positions included in testing the orchestra motif was limited, as no disturbing echoes
could be heard in the preliminary listening tests. As for single echoes generated by an
additional source, test answers are remarkably consistent. The trumpet and female chorus
motifs gave similar results. The receiver closest to the back wall that was evaluated as
disturbing is shown in bold in Table 13. This is in agreement with the classical integration
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time of the human ear (50 [mg]). Receiver 9 and 11 are 11 and 7 [m] from the back wall,
which are delays of approximately 65 and 47 [ms], respectively.

The situation with a single echo caused by a wall reflection proved to be a situation Dietsch
and Kraak's criterion did not handle well. EK values were highest at positions in the middle
of the hall, decreasing towards the back wall and the stage (values can be viewed in Appendix
D — Listening Tests and Calculated Results). The ISM calculation did not give a single echo
situation. Using wave-files as input gave good results with a scattering coefficient of 0,7, but
did not work so well with a scattering coefficient of 0,1. Despite giving satisfying results in
some situations, is it not good that echo values decrease towards the stage from receiver
positions in the middle of the concert hall. Subjective values increase with distance to the
back wall. Sound waves will only be attenuated as function of distance, with one reflection
from the back wall and otherwise anechoic conditions. The attenuation due to distance is
minimal in the present situation.

That more people are disturbed with the bigger scattering coefficient is not intuitive either. It
is probably caused by calculation approximations in Odeon, where larger scattering
coefficients secure a larger amount of the incident energy to be reflected back to the
receivers. Lower scattering coefficients cause energy to be reemitted in larger portions in
certain directions. The same tendency can be seen from the listening tests, Dietsch and
Kraak's criterion, and also from thresholds from the new criterion.

The impulse responses have been convolved with the Hanning window of Figure 26 before
they are compared with threshold limit values shown in Figure 33 that aso have been
convolved with the same window. This is done to account for the integration time of the ear.
However, as shown in Figure 33, no echo thresholds are given below 100 [ms]. The
integration window still adds a width equal to the integration window to all reflections.

6.3 Multiple echo thresholds

Our perception of successive echoes includes a huge possibility of parameter variations.
Directional dependencies are not considered, and all echoes are generated at an angle of 180°
azimuth and 0° elevation. Incident reflections arriving at receiver positions after being
reflected from the back wall or generated by loudspeakers are common. A detailed
explanation of the test situation is given in Section 3.2, and echo delays are summed up in
Table 4. In addition the speech motif are only two music test motifs (cello and trumpet)
included in the multiple echo test due to the extent of the test sections. Disturbance levels of
50 [%)] are used throughout in the listening test results presented. Numerical results from the
multiple echo tests can be viewed in Appendix D — Listening Tests and Calculated Results.

Values from multiple echo tests with the speech motif are reproduced in Table 14. All values
are in [dB] re. direct sound level. In evaluating the new criterion have al impulse responses
been convolved with the Hanning window. Separation times are given in the leftmost column,
indicating separation times between the three echoes generated in each case. The first of the
three echoes is delayed by the time seen in the top row of the columns. A separation time of O
indicate the single echo case, with one echo arriving after 18, 100 or 200 [ms], respectively.

No disturbing echoes were reported in the listening tests until echoes were separated by a
minimum of 25 [ms] when the first echo was 18 [ms] delayed. Once again, an integration
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time of the ear of approximately 50 [mg] is verified. Dietsch and Kraak's echo criterion give
perceptible echo limits for al delays, as for the single echo cases, which are erroneous.
Wave-file input to the Dietsch and Kraak criterion results in the highest thresholds. This
tendency was also seen in the single echo test results.

The new criterion is based on limit values obtained from the single echo tests in anechoic
conditions. Echo thresholds of the new criterion are not broken until the three successive
echoes are separated by a minimum interval of 25 [ms] with a delay of the first echo of 18
[ms], where the threshold amplitude is 3 [dB] higher than the result from the listening tests. A
comparison between the results from the new criterion and the listening test show good
resemblance, deviations of more than one quantization step do not occur.

18 [msg] 100 [mg] 200 [mg]
) () () ()
= B P B T £ B 3 ©
S o) = @ = o) = © = o) = ) =
I o= — O o= — O o= — O
T & ~« & ~« ¥ & ~ x
§— B o3 o3 S B o o3 3 B o o3 3
— (@) (@) zZ — (@) (@) prd — (@) (| zZ
0 - 0,0 3,0 - 271 -301 -241 -271 -36,8 -39,8 -29,8 -36,8
4 - -19,0 -9,0 - -25,8 -40,8 -33,8 -30,8 -39,8 -48,8 -39,8 -39,8
8 - -16,5 -115 - -31,3 -383 -31,3 -31,3 -35,0 -490 -350 -350
10 - -176 -12,6 - -346 -286 -256 -31,6 -352 -352 -30,2 -40,2
25 -18,7 -12,7 -8,7 -15/7 -333 -283 -23,3 -283 41,1 -361 -31,1 -36,1
50 -281 -28,1 -25,1 -28,1 -357 -357 -30,7 -35,7 375 -425 -325 -375

Table 14: Results for the speech motif in triple echo situations (50 [%] disturbance
thresholds). Separation times are given to the left, first reflection delayed
as set on top of the columns. Separation time of O indicate single echo
situation. All values are given in [dB] re. direct sound unless otherwise
stated.

Figure 34 shows a graphical plot of the results given in Table 14 for the cases when the first
echo is delayed by (a) 100 [ms] and (b) 200 [ms]. The bold dotted red lines, as seen from the
legend, show reference values obtained from the listening tests. Threshold values are seen to
decay slowly with increasing separation time, as expected. Dietsch and Kraak's criterion once
again show higher values with wave-file input, especially with longer separation times.

The variations in threshold values for separation times of 4, 8 and 10 [ms] computed by the
Dietsch and Kraak criterion are the most evident feature of Figure 34. Especially the
differences observed by only increasing the separation time by 2 [ms] (from 8 to 10 [ms]) are
conspicuous. The large variations can be traced back to the rectangular evaluation window
lengths employed, as explained in Section 5.1. Scaling values are either 0 or 1, introducing a
large quantization step. Incident energy are either evaluated by its full strength if it has
arrived within the given integration time, or it is not considered at all. Steps of up to 14 [dB]
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can be seen in Figure 34 (b) (ISM implementation). Differences are not so severe when wave-
files are used asinput, but still clearly present.

a) 100 [ms] === Listening test, 50 [%]
—— Dietsch & Kraak, ISM
25 T — —— Dietsch & Kraak, wave-files
) \(-"\ / - T New criterion
r \
A\ A _— T
wor N/ — ™
Y e emmmmmm == ———— T
g -351 \ /\’ I
ERE I
8 1 1 1 1 L
*g 0 4 8 10 25 50
%
o b) 200 [ms]
()
° -30\ -
2 / .
g 35¢ ,'/“/\f e
© N / S=< p—
\\\ ,’ \\\\\ — — mmmmm=m= T
'40\ d / __________________ — -
—
451
N
-0t | I | | I
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Separation time [ms]

Figure34: Echo thresholds as function of separation time between the three
successive echoes for speech. First echo delayed by (a) 100 [ms] and (b)
200 [msg].

Figure 35 shows the effect of using a finite length rectangular window. Three different
separation times are shown, with the first echo arriving 200 [ms] after the direct sound.
Separation times are seen from the figure. The window length for speech motifs determined
by Dietsch and Kraak is 9 [ms]. Consequently will al three echoes be evaluated within the
integration window for a short time interval if they are separated by 4 [mg] (a), only will be
inside the window with a separation time of 8 [ms] (b), while finally neither of the echoes
will be inside the window simultaneously if echoes are 10 [ms] apart (c). Such abrupt time
separation limits are clearly non-physical. Another feature of any function based on build-up
(center time) functions also evident from Figure 35, is the reduced EK levels of later arriving
peaks due to earlier energy contributions.

The number of music motifs was reduced compared with the single echo tests due to the
extent of the multiple echo listening tests. Only tests with the trumpet and cello motifs were
carried out. Table 15 shows an extract of the values from multiple echo tests with music, a
complete set of numerical results from al criteria and the listening tests can be viewed in
Appendix D — Listening Tests and Calculated Results. All values are in [dB] re. direct sound
level unless stated otherwise.
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a) 4 [ms] b) 8 [ms] c¢) 10 [ms]
2 -
15+ 1.5+ 15+
()
=
¢ 1 1 1!
N
i
0.5} 0.5+ 0.5
0 0 0

time [samples]

Figure35: Effect of rectangular finite length integration windows (4re). Three
different separation times between three echoes are shown. First echo
arriving 200 [ms] delayed re. direct sound.

Results are calculated and shown in the same way as explained above for the speech motif.
Delays of 18 [ms] are not included as no echoes were reported in the trumpet listening tests.
However, listeners reported disturbing echoes for the cello test motif with a separation time of
50 [ms] at much higher echo amplitudes (echoes only 2 [dB] below direct sound level, which
is very unlikely). Amplitudes need to be unlikely strong if echoes are to be detected, also for
Dietsch and Kraak's criterion. It can therefore be claimed that Dietsch and Kraak's echo
criterion have a certain validity for short delayed multiple echoes of musical origin.

100 [msg] 200 [mg]
2} [0} [0
E ¥ g = 5§ ¥ ¥ = 5
= 8 g o g g b =
o o o = = — o o = & -
% £®B £ @ S = g £ @ 2 =
TS & © TS & ©
< £ o X ¢ = o X :4
&- S B3 & o3 3 S Bg o3 3
-4 =5 40 (m) [m) e - = -1 O a Qa pd
0 -295 05 95 -35 -295 418 -68 -168 -198 -418
4 331 61 -161 -131 -331 483 -123 -223 -223 -453
13 339 69 -139 99 -339 427 127 22,7 <157 427
15 -34,1 - 71 41 341 428 -128 -158 -128 -428
25 348 -78 78 -48 -378 46,2 -132 -162 -162 -402
50 -395 95 45 -45 -395 432 -162 -132 -132  -40,2

Table 15: Results for the trumpet and celo motifs in
Separation times are given to the left, first reflection delayed as set on top
of the columns. Separation time of O indicate single echo situation. All
valuesaregiven in [dB] re. direct sound unless otherwise stated.

triple echo situations.

-52-



Chapter 6: Results and Discussion

The results reproduced in Table 15 divide themselves into two different ranges for both 100
and 200 [ms] delays. Listening test thresholds with the trumpet motif resemble well with the
new criterion, while both Dietsch and Kraak calculated curves lie in the vicinity of results
from listening tests with the cello motif. The same tendency was observed for single echoes
in Section 6.2. Plots of the echo amplitude values of Table 15 are given in Figure 36.
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Figure36: Echo thresholds as function of separation time between the three
successive echoes for music motifs. First echo delayed by (a) 100 [ms] and
(b) 200 [mg].

It is a reasonable assumption that Dietsch & Kraak have set their limit values based on far
less echo critical motifs than the trumpet motif included in the present tests. Abrupt steps in
echo thresholds caused by the rectangular integration window are also evident from Figure
36. The window length used for music motifs deviates from the length used for speech
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motifs, being 14 and 9 [ms], respectively (see Azt in Table 1, Section 2.3). Separation times
are varied accordingly, to highlight the effect of the rectangular window.

Except for the sudden step caused by the integration window are threshold values seen to be
relatively constant for the different separation times. However, a slight negative gradient can
be seen for most of the curves in Figure 36 (and Figure 34). Increasing separation times
compensate for lower echo thresholds, resulting in slowly decaying threshold limits, as seen
for single echoes.

The good resemblance between the new criterion and the trumpet listening tests are no
surprise. Single echo thresholds from the trumpet listening test were used set the limit curves
of the new criterion. Consequently will results be within a certain range. The main feature
evaluated when the criterion are applied to a set of multiple echo situations is the length of the
Hanning filter used to simulate the inertia of the human ear. Once again an integration time of
approximately 50 [ms] are verified. However, the criterion is only valid in anechoic
conditions.

Dietsch and Kraak echo criterion

|4 S
p 8 o
= ) o) ) o = =
5 = = I = ® 5
Scat. k2 i - - 2 & z
coeff. Rec. ~ i ™ ® ~ = =
% EK EK EK EK EK M ax
10 1 D 50 N 064 N 0949 D 119 D 119 N 08 D 59
2 D 100 N 054 N 08 D 100 D 112 N O75 D 7,7
3 D 9 N 04 N O66 N 08 N 086 N 068 D 90
4 D 80 N 040 N 058 N 077 N 093 N 062 D 68
5 D 100 N 04 N 05 N 064 N 065 N 064 D 92
6 D 9O N 041 N 067 N O70 N O70 N 060 D 101
50 1 N 0 N 061 N 088 D 109 D 109 N 077 N 26
2 N 0 N 051 N 083 D 101 D 101 N 066 N 2,3
3 N 20 N 065 N 08 N 08 N 08 N 075 N 28
4 N 0 N 043 N 063 N 069 N 070 N 072 N 32
5 N 40 N 049 N O65 N 071 N 070 N 072 N 48
6 D 50 N 045 N 068 D 119 N 071 N 065 D 55

Table 16: Echo disturbance in the auditorium with the speech motif. (D =
disturbing, N = no echo per cepted).
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6.4 Results from reverberant conditions

Single echoes form a theoretical threshold limit, and can aid in understanding fundamental
properties of the ear and our annoyance due to a small number of incident reflections.
However, reverberant conditions apply in most practical and commercia cases. As concert
halls, auditoria or other reverberant rooms are planned and constructed, would it be beneficial
to have an agorithm detecting possible echoes from the room impulse response obtained
from computer simulations.

Properties of the listening test are discussed in Section 4, and the final test material is
summed up in Table 10. Three test motifs are used in generating test sequences from the
concert hall (trumpet, female chorus and the orchestra). The trumpet and female chorus
motifs are tested more extensively than the orchestra motif. The speech motif is ssimulated in
the auditorium. All results can be viewed in Appendix D — Listening Tests and Calculated
Results.

a) Rec. 2 low scattering coeff. b) Rec. 2 high scattering coeff.
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Figure37: EK values computed with different orders of the image source method.
Computations with low and high scattering coefficients on side and back
walls of the auditorium are shown in (a) and (b), respectively.

6.4.1 Auditorium results

Echo disturbance levels obtained from the reverberant speech tests are reproduced in Table
16. The geometry of the auditorium is shown in Figure 19 and properties of surfaces and
receiver positions listed in Table 5 and Table 6 respectively.
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Dietsch and Kraak's echo criterion was implemented in MatLab for both txt-file input based
on purely ISM, and for wave-file input based on ISM and ray tracing. txt-files based on ISM
calculated impul se responses were generated to investigate possible simplifications of criteria.
The order of ISM was varied from 1-4. Figure 37 (a) and (b) show the development of EK as
an increasing number of image source orders are added for the same receiver, but with two
different sets of scattering coefficients. The properties of the surfaces in the given examples
can beviewed in Table 5, case 1 being (a) and case 2 (b).

a) Rec. 2 low scattering coeff. b) Rec. 2 high scattering coeff.
1 1
- M " M
0 ‘ 0 ‘
0 0,4 0,8 0 0,4 0,8
time [s]

Figure38: EK values computed from Odeon wave-file output. Computations with
low and high scattering coefficients on side and back walls of the
auditorium are shown in (a) and (b), respectively.

Dietsch and Kraak proved poor resemblance with the listening test results. It is clear that
severe errors occur as the ISM order is reduced. Neither do the EK values change correctly
compared with the subjective disturbance percentages, so adjustments of EK limits will not

prove adequate.

a) Rec. 2, low scattering coefficient 10 b) Rec. 2, high scattering coefficient

[dB] re. direct sound

0 0.25 0.5 0.75 1.0 : 0 0.25 0.5 0.75 1.0
time [s]

Figure39: Results from receiver 2 in the auditorium calculated using the new
criterion. The surfaces have low (a) and high (b) scattering coefficients,
respectively.
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EK vaues computed from Odeon wave-file output for the corresponding situations as
depicted in Figure 37 are shown in Figure 38. Notice the different scaling on the axis. Asthe
complete calculation is included do both EK-curves have a longer time span than with the
ISM only. EK values can be seen to be lower with the higher scattering coefficients,
especidly in the interval 0,4-0,8 [ms]. Still, results deviate from the listening tests.

Figure 39 shows results calculated using the new criterion. The green line in the upper part of
the figure shows positive deviations from the dotted red threshold line. The red circle
indicates the maximum positive deviation, which is the most echo critical part of the decay.
Lower scattering coefficients on surfaces lead to higher reverberation times as wall
reflections become more specular and less energy is absorbed or transmitted. The
reverberation times of the auditorium with the two parameter sets of Figure 39 a) and b) are
0,91 and 0,67 [9], respectively.

Listening test Dietsch and Kraak echo criterion
c
=
w % )
D o o) = =
g 8 s oy 8 3 3 3 F 5
s 5 5fs 5 2 3 3 & 3
g & F8s n A 0% & =z 2
% % EK EK EK EK EK M ax
10 17 D 70 80 N 043 N 102 N 104 N 102 N 100 D 101
1 D 50 10 N 078 N 123 N 129 N 137 N 097 D 75
4 N 40 - N 073 N 103 N 106 N 114 N 065 D 75
7 N 20 O N 072 N 09 N 093 N 093 N 07 D 74
10 D - 9O N 064 N 095 N 098 N 098 N 081 D 120
11 D 70 80 N 063 N 094 N 097 N 097 N 094 D 113
13 D 10 80 N 062 N 08 N 08 N 08 N 08 D 109
16 D 60 9O N 042 N 064 N 071 N 071 N 075 D 84
70 17 D 10 60 N 043 N 061 N 073 N 073 N 149 N 35
1 N 20 10 N 080 N 107 N 111 N 111 N 15 N 63
4 N 0 - N 057 N 08 N 08 N 08 N 097 N 34
7 N 10 O N 067 N 100 N 103 N 103 N 103 N 29
10 D 20 70 N 069 N 100 N 103 N 103 N 105 D 87
11 N - 0 N 068 N 099 N 102 N 102 N 09 N 46
13 N 10 O N 065 N 08 N 092 N 092 N 093 N 39
16 D 10 70 N 050 N 071 N 075 N 075 N 078 D 92

Table17: Echo disturbance in the concert hall with music motifs. (D = disturbing, N
= no echo percepted). Disturbance percentage >= 50 [%] = D, <50 [%] =
N.

A visual inspection of Figure 39 a) and b) indicates that a) should be the most echo critical
one. A distinct peak can be seen at a delay of approximately 0,4 [s], which also is the largest
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positive deviation from the evaluation curve. This peak is not present with the larger back
wall scattering coefficient set. The repeated peaks seen below the hearing threshold are flutter
echoes between the sidewalls of the auditorium. An iterative approach was used to determine
the threshold value of positive deviation from the evaluation curve. It is set to 5 [dB] based on
test results from the auditorium. However, it isincreased to 7 [dB] when RIR’s and listening
tests from the concert hall form the basis of evaluation. A difference probably not caused by
the fact that a speech motif were used in the listening tests in the auditorium, while music
motifs were employed in the concert, rather the deviating reverberance times.

Maximum deviations calculated with the different receivers and surface parameters are given
in the leftmost column of Table 16. Comparing threshold values with disturbance percentages
obtained from the listening tests show similar trends. If the disturbance level is high, is the
peak deviation correspondingly high. Results from the new criterion and from the listening
tests give equal resultsfor all the tested receiver positions and scattering parameters.

6.4.2 Concert hall results

Echo disturbance levels obtained from the reverberant music tests are reproduced in Table 17.
Properties of surfaces and receiver positions are listed in Table 7 and Table 3, respectively.
The geometry of the concert hall and receiver and source positions are shown in Figure 20.

As for the auditorium are all responses simulated with varying orders of the ISM and aso
with wave-file output from Odeon. Dietsch and Kraak's echo criterion did not predict an echo
for any of the simulated situations, and consequently corresponded poorly with the listening
test results. Results from the orchestra test motif are not included in Table 17.

Evaluations of al situations in the listening tests are done with respect to the motif where the
higher disturbance percentage was observed. As the orchestra test motif is far less echo
critical than the trumpet and female chorus motifs, is no result included. Disturbance
percentages exceeding the required 50 [%] were not found in any situations. The female
chorus and trumpet motifs have roughly the same dynamic properties. Conducting tests based
on both motifs are important to remove time dependencies within each motif masking
possible echo reflections. As two approximately equally echo critical motifs are used, the
possibility that time dependencies in both motifs mask the same reflectionsin agiven room is
thus reduced. Rhythmic properties may explain large disturbance differences between motifs
(see Table 17).

Figure 40 (a) and (b) shows the development of EK as an increasing number of image source
orders are added for two different sets of scattering coefficients. The properties of the
surfaces in the given examples can be viewed in Table 7. The same tendencies as in Section
6.4.1 are evident: Severe errors occur as the ISM order is reduced, and the EK values do not
change correctly compared with the subjective disturbance percentages. Another feature more
evident with the concert hall RIR’s shown is the effect of the rectangular integration window,
which can most clearly be observed from the 2™ order case of Figure 40 a).
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a) Rec. 17 scat.coeff. back wall 0,1 b) Rec. 7 scat.coeff. back wall 0,7
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Figure40: EK values computed with different orders of the |SM. Computations with
low and high scattering coefficients on side and back walls of the
auditorium are shown in (a) and (b), respectively.

EK vaues computed from Odeon wave-file output for the corresponding situations as
depicted in Figure 40 are shown in Figure 41. Notice the different scaling on the axis between
the figures. Inclusion of ray tracing makes the RIR"s longer than with ISM only. An intuitive
analysis of the two curves in Figure 41 based on visual inspection shows that is it @) that are
most echo critical. A distinct peak can be seen after approximately 0,3 [s], but since no EK
thresholds are broken will no echo be predicted from the algorithm.

a) Rec. 17, scat. coeff back wall 0,1 b) Rec. 7, scat. coeff. back wall 0,7
1 1
EK
0.5 0.5
0 ‘ : 0 ‘ :
0 0,4 0,8 0 0,4 0,8
time [s]

Figure4l: EK values computed from Odeon wave-file output. Computations with
low and high scattering coefficients on the back wall of the auditorium are
shown in (a) and (b), respectively.
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Figure 42 shows example results calculated by the new criterion. The reverberation times of
the concert hall with the two parameter sets (see Table 7) for situation a) and b) are 1,82 and
1,47 [s], respectively. The threshold value is determined iteratively to be 7 [dB]. Maximum
deviations calculated with the different receivers and surface parameters are given in the
leftmost column of Table 17.

a) Rec. 17, back wall scat. coeff. = 0,1 b) Rec. 7, back wall scat. coeff. = 0,7
10t ® 10t

[dB] re. direct sound

0 0.5 1.0 15 time [s] O 0.5 1.0 15

Figure42: Resultsfromreceiver 17 and 7 in the concert hall calculated using the new
criterion. The back wall has scattering coefficients of 0,1 (a) and 0,7 (b).

Results from the new criterion and from the listening tests give equal results for 13 of the 16
tested situations (81 [%]). The effect of letting the evaluation curve follow the reverberation
curve of the ear from the direct sound peak until it crosses the shifted reverberation curve of
the room is evident from Figure 42 a). Receiver 17 simulates the conductor, who often gets a
strong direct sound contribution, as the distance to the orchestra is short. The same situation
applies for a single musician or the musicians in orchestras on stage. Problems and causes of
the three situations that deviate from the listening test result are discussed in the following
section.

6.4.3 Problemsand shortcomings of the new criterion

The new criterion did not prove 100 [%] percent equal results as the listening tests. Two of
the three situations predicted disturbing echo when the listening tests indicated the opposite.
Conseguently was the disturbing threshold limit not broken in the last erroneous situation,
while test persons felt disturbed. The case where echoes were falsely predicted is discussed
first. Figure 43 shows the two erroneous situations, where the maximum deviations are 7,5
and 7,4 [dB] in (a) and (b), respectively.

The similarity between Figure 43 (a) and (b) is conspicuous. The maximum positive deviation
from the evaluation curve occurs in the vicinity of the transition from the shifted
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reverberation curve of the room to the hearing threshold limit. It is hardly the lower threshold
level that causes the error, rather the preceding transition from the room reverberation decay.
The lower level of the evaluation curve is optimized iteratively from the reverberant
situations available, and is therefore validated to the degree possible. Odeon calculate
reverberation times as T3, based on the decay from -5 to —35 [dB] re. direct sound. That the
same reverberation decay is valid at lower levels is no matter of course. A more gentle decay
of the evaluation curve from the last —35 [dB] re. direct sound sample to the lower limit
would lower the exceeding peaks.

a) Rec. 4, back wall scat. coeff. = 0,1 b) Rec. 7, back wall scat. coeff. = 0,1
10} . 10}

[dB] re. direct sound

0 0.5 1.0 1.5 time [s] © 0.5 1.0 1.5

Figure43: Situationswherethenew criterion erroneously predictsa disturbing echo.

Receiver position 17 with a scattering coefficient of the hall back wall of 0,7 was the only
situation where test persons reported a disturbing echo, while the new criterion failed to
predict so. Figure 44 shows the cal culated response. The maximum positive deviation level is
only 3,5 [dB], but the probable cause of the erroneous echo prediction is the peak arriving
directly after the direct sound. It is partly masked by the reverberation decay of the ear. Small
variations in either reverberation time or Hanning window length will have decisive impact
on the deviation level between the evaluation curve and the filtered RIR, as would
adjustments in the reverberation time of the ear.

Freguency content of the impulse responses is not considered except for the natural filtering
occurring in wall reflections and in the HRTF's. Reverberation times can vary significantly
between octave bands. Also, disturbance rates of 10 and 60 [%)] with the female chorus and
trumpet motif, respectively, show that the response shown in Figure 44 lies at the boundary of
the 50 [%] limit. A faultless criterion is not to be expected from the somewhat limited set of
reverberant situations available and used. Despite the limited reverberant test set are results
good, being 100 [%] and 81 [%] in the auditorium and concert hall situations, respectively.
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Rec. 17, back wall scattering coefficient = 0,7
10 5¢

0
5l
101t

-15

[dB] re. direct sound

-20

-25

I I I _30 I |
0 0.5 1.0 15 time [s] 0 0.15 0.3

Figure44:  Situation wheretest personsfelt disturbed by an echo, while the new
criterion failsto predict echo.

6.5 Further work and developments of the criterion

There are many possible improvements to be investigated for the new criterion. The
preceding section pointed out and discussed some of them.

Q) Development of the transition between the shifted reverberant decay and the lower
hearing threshold. Odeon cal cul ates reverberation times based on the decay from —
5 to —35 [dB]. Fitted decay lines based on reverberation times are consequently an
even rougher approximation outside thisinterval.

2 Investigation of possible frequency dependencies. Room impulse responses should
be evaluated in octave bands, to address possible simplifications as function of
frequency content. The reverberation time of the ear is also frequency dependent
and an octave band implementation could prove a better fit.

3 Optimisation and improvement of the ear filter implemented as a ssmple Hanning
window in the present paper.
4) Implementing an absol ute threshold to account for anechoic conditions.

In addition to the above listed improvement possibilities is it important to conduct a second
listening test with a more numerous set of reverberant cases. Reverberation times in the
present paper covers only the ranges 0,7-1,0 [s] and 1,4-1,8 [s]. Other complicating factors
will have to be considered as reverberation times of rooms approach the reverberation time of
the ear (0,4 [9]). A lot of research remains to be done in order to complete the transition from
Teo sof about 0,5 [s] to anechoic conditions. First of al, abigger RIR set must be available.

Motifs should be echo critical and contain varying rhythmical properties to eliminate masking
of echoes at certain delay intervals.
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6.6 Dependence on simulation software

The assumption that outputs from Odeon Room Acoustic Software are correct is made
throughout this paper. Calculation approximations are discussed in Section 2.4. Listening
tests based on simulations from Odeon or other room acoustic software should be tested
against corresponding measured impulse responses. This would further validate the use of
room acoustic software. Particularly late prominent reflections like the ones shown in Figure
42 (scattering coefficient = 0,1) should be addressed. However, impul se responses computed
through software simulations have undergone severe testing, so the assumption made is
reasonable.
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7 CONCLUSION

This paper has explored disturbance due to echoes in both anechoic and reverberant
conditions. Odeon room acoustics software has been used to generate room impulse
responses (RIR) for further evaluation of objective echo criteria. Five different music motifs
were used, and one speech motif.

Listening test results proved very consistent throughout. Single echo thresholds for speech
were comparable with corresponding levels calculated using Dietsch and Kraak's algorithm,
where disturbance levels are given as EK-levels. The implementation using wave-file inputs
was less critical to echoes than the subjective reference, while the ISM implementation
showed stricter threshold limits. No disturbing echoes were reported for delays shorter than
30 [mg], due to the inertia of the ear. Dietsch and Kraak failed to give alower delay limit. The
same feature could be seen for music motifs, as the 50 [%] disturbance limit were unbroken
for delays shorter than 100 [ms]. Thresholds obtained from the trumpet motif proved far more
echo critical than Dietsch and Kraak calculated values. Echo disturbance thresholds should
thus be adjusted for music motifs.

Increasing the number of echoes to three was done to address the length of the rectangular
evaluation window (A47g) suggested by Dietsch and Kraak and to verify the integration time of
the ear. Dietsch and Kraak proved good resemblance with the less critical cello motif for
longer delays. However, as separation times between the adjacent echoes were varied around
the window length, huge differences occurred by adjusting the discrete echoes only few [mg],
which is clearly non-physical. This feature is also evident in reverberant situations where
reflections are separated just within the window evaluation length.

A selection of the music motifs was evaluated in a simplified concert hall, while the speech
motif was evauated in an auditorium. Both implementations of Dietsch and Kraak's echo
criterion showed low correspondence with listening test reference values. Adjustment of limit
values due to the echo critical trumpet motif would prove inadequate, as increased subjective
annoyance did not reflect itself in increased EK values.

A new criterion has been developed based on the convolution between energy RIR's and a
Hanning window of length 50 [ms]. An integration time of 50 [ms] simulates the energy
integration of the human ear. Results from the single and multiple echo sections verified this
integration time. Validation of window shape and length in detail is not possible from a
limited number of test situations. A huge number of situations are needed if parameters of the
window are to be assessed separately.

An evauation curve consisting of an initial decay from the direct sound equal to the
reverberant decay of the human ear, and a middle section where the room reverberation curve
is shifted to fit the mean of the decay from -5 to —35 [dB] re. direct sound was deduced.
Finaly the hearing threshold forms the lower limit of the evaluation curve. Through an
iterative process were levels for maximum positive deviation between the evaluation curve
and the filtered energy RIR given as objective echo criteria.

Results from the auditorium proved perfect correspondence with the subjective reference,
while 81 [%] was the result with the concert hall geometry. Causes and possible improvement
possibilities are discussed. More experimental work must be performed to validate the
criterion on amore general basis. However, initial results are promising.

-64 -



Chapter 8: References

8 REFERENCES

[1]
[2]

[3]

[4]
[3]

[6]
[7]
[8]
[9]
[10]

[11]

[12]
[13)
[14]
[15]
[16]
[17)
[18]

[19]

[20]

[21]
[22]

[23]

Kuttruff, H., “Room acoustics”, 4™ edition, E & FN Spon Press, (2000).

Dietsch, L. and Kraak, W., "Ein objektives Kriterium zur Erfassung von
Echostérungen bei Musik- und Sprachdarbietungen”, Acustica 60 (1986), p. 205-216.
Kdrer, R., "Zur Gewinnung von Einzahlkriterien bei Impulsmessungen in der
Raumakustik”, Acustica 21 (1970), p. 370.

Petzold, "Elementare Raumakustik”, Berlin (1927), p.8.

Haas, H., "Uber den Einfluss eines Einfachechos auf die Horsamkeit von Sprache”,
Acustical (1951), p. 49-58.

Stumpp, H., "Experimentalbeitrag zur Raumakustik", Beihefte z. Ges.Ing. 2 (1931), p.
17.

Bolt, R.H. and Doak, P.E., "A tentative criterion for the short-term transient response
of auditoriums”, J. Acoust. Soc. Am., 22 (1950), p.507-509.

Muncey, R.W., Nickson, A.F.B. and Dubout, P., "The acceptability of speech and
music with asingle artificial echo”, Acustica 3 (1953), p. 168-173.

Muncey, R.W., Nickson, A.F.B. and Dubout, P., "The acceptability of artificial echoes
with reverberant speech and music”, Acustica4 (1954), p. 515-518.

Dubout, P., "Perception of artificial echoes of medium delay”, Acustica 8 (1958), p.
371-378.

Lochner, J.P.A. and Burger, J.F., "The subjective masking of short time delayed
echoes by their primary sounds and their contribution to the intelligibility of speech”,
Acustica 8 (1958), p. 1-10.

Niese, H., "Die Messung der Nutzschall- und Echogradverteilung zur Beurteilung der
Horsamkeit in R&umen”, Acustica 11 (1961), p. 201-213.

Santon, F., "Numerical prediction of echograms and of the intelligibility of speechin
rooms’, J. Acoust. Soc. Am., 59 (1976) 6, p. 1399-1405.

Barron, M., "The subjective effects of first reflectionsin concert halls — the need for
lateral reflections’, J. Sound. Vib. 15 (1971) 4, p. 475-494.

Meyer, E. and Kuhl, W., "Bemerkungen zur geometrischen Raumakustik”, Acustica 2
(1952).

Ando, Y., "Subjective preference in relation to objective parameters of music sound
fields with asingle echo”, J. Acoust. Soc. Am., 62 (1977) 6, p. 1436-1441.

Rakerd, B., Hartmann, W.M. and Hsu, J., "Echo suppression in the horizontal and
median sagittal planes’, J. Acoust. Soc. Am. 107 (2000) 2, p. 1061-1064.

Y amamoto, T., "The perceptible limit of the echo due to multiplex reflections’, J.
Acoust. Soc. Jap. 27 (1971), p. 171.

Dietsch, L., "Objektive raumakustische Kriterien zur Erfassung von Echostdrungen
and Lautstérke bel Musik und Sprachdarbietungen", Dissertation, Technische
Universitét Dresden, 1983.

Christensen, C. L., "Odeon Room Acoustics Program, Version 5.0, User Manual,
Industrial, Auditorium and Combined Editions’, Technical University of Denmark,
Lyngby, (2001).

Christensen, C.L., http://www.dat.dtu.dk/~odeon/, Technical University of Denmark
(2003).

Krokstad, A., Stram, S., Sersdal, S., "Calculating the Acoustical Room Response by
Use of aRay Tracing Technique®, J. Sound Vibr., 8 (1968), p. 118-125.

Kleiner, M., Dalenbéck, B.-I., Svensson, P., "Auralization — an overview", J. Audio
Eng. Soc., 41 (1993), p. 681-875.

-65-



Chapter 8: References

[24]
[25]
[26]
[27]
[28]
[29]

[30]
[31]

[32]

Hammershai, D., "Binaural Technique —amethod of true 3D sound reproduction”,
Ph.D. Aalborg University (1995).

Gardner, B., Martin, K., http://sound.mediamit.edu/KEMAR.html, MIT Media
Laboratory (1994).

Magller, H., Sgrensen, M.F., Hammershgi, D., Jensen, C.B., "Head-related transfer
functions of human subjects’, J. Audio Eng. Soc. 43 (1995) (5), p. 300-321.

Cremer, L. and Miller, H.A., "Principles and applications of room acoustics— Vol.1",
Applied Science Publishers, (1982).

Bang & Olufssen, "Music for Archimedes" (audio CD B& O 101), (1992).

Denon, "Anechoic orchestral music recording” (audio CD Denon PG —6006), (1995).
Japan Audio Society, "Japan Audio Society - CD-3 Impact 2".

R.R. Torres, M. Kleiner, B.-I. Dalenback, “ Audibility of ‘diffusion’ in room acoustics
auralisation: Aninitial investigation,” Acustica (Special 1ssue on Room Acoustics)
86(6), 917-925, (2000).

“Catt-Acoustic User's Manual v.8.0", Catt, Mariagatan 16A, SE-41471 Gothenburg,
Sweden.

- 66 -



Appendix A

APPENDIX A —TEST MOTIFS

Appendix A includes time and amplitude dynamics of both output channels of all test motifs.
Depending on the dynamic properties of each motif can reflections be masked by interference
with later arriving test signals. Amplitudes should not be compared between different motifs,
as they are scaled and normalized in the succeeding generation of listening test samples.
However, amplitudes within each test motif remain constant relative one another. It is also
important to keep in mind that the time scales used are different in between the figures
throughout the appendix.

The dynamics of the male speech motif shown in Figure Al is 8,0 seconds long. Echo critical
silent periods are present, and also distinct peaks without long succeeding decays can be seen.

N

8,09
FigureAl: Male speech motif.

The cello test motif in Figure A2 has a constant sound level throughout due to the
reverberation introduced by the body of the instrument. Possible echo generating peaks are
therefore partly masked. A constant sound floor is also present in the orchestra test motif, as
seen in Figure A5. Peaks seem more transient with the orchestra test motif due to the
extended time interval shown in the figure.

Clear reverberant tails are also evident from the guitar test motif in Figure A3. However, the
reverberant tails have more rapid decays than seen with the cello test motif. Long silent
periods are also evident, causing the motif to be more critical to possible echoes.

The female chorus and the trumpet are found to be about equally sensitive to possible echoes.
Their dynamic properties, as seen from Figure A4 and Figure A6 respectively, are similar.
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Amplitudes within each of the motifs are of roughly equal strength. The main difference is
three long periods with constant amplitude levels seen from the trumpet test motif.

9,0[9
FigureA2: Cadllotest motif.

15,3 [9]
Figure A3: Guitar test motif.
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13,1[g
FigureA4: Femalechorustest motif.

. . 18,1 [
Figure A5: Orchestratest motif.
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12,8 [9
Figure A6: Trumpet test motif.
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APPENDIX B —LISTENING TEST ANSWERING SHEETS

Answering sheets for all test sequences are included in the following. A counter displayed on
the screen showed the progress of each listening test so test persons could synchronize their
answering with the sample flow continuously.

Three options presented to the test subjects in each sample case:

D Echo Not audible (N)
(2 Audible, but not disturbing, echo (A)
3 Disturbing echo (D)
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Name: Test sequence: Speech
* Space for test samples * 40. N A D 90. N A D
41, N A D 91. N A D
1.  Anechoic sample 42, N A D 92. N A D
2:  Strong echo mid delay 43. N A D 93. N A D
3:  Echomid delay 44, N A D 94, N A D
4.  Weak echo mid delay 45, N A D 95. N A D
5. Spacious sample 46. N A D 96. N A D
6:  Strong echo long delay 47. N A D 97. N A D
48. N A D 98. N A D
* Spaceto start * 49, N A D 99. N A D
50. N A D 100. N A D
1 N A D 51. N A D 101. N A D
2. N A D 52. N A D 102. N A D
3. N A D 53. N A D 103. N A D
4, N A D 54. N A D 104. N A D
5. N A D 55. N A D 105. N A D
6. N A D 56. N A D 106. N A D
7. N A D 57. N A D 107. N A D
8. N A D 58. N A D 108. N A D
9. N A D 59. N A D 109. N A D
10. N A D 60. N A D 110. N A D
11. N A D 61. N A D 111. N A D
12. N A D 62. N A D 112. N A D
13. N A D 63. N A D 113. N A D
14. N A D 64. N A D 114. N A D
15. N A D 65. N A D 115. N A D
16. N A D 66. N A D 116. N A D
17. N A D 67. N A D 117. N A D
18. N A D 68. N A D
19. N A D 69. N A D * Space for test samples *
20. N A D 70. N A D
21. N A D 71. N A D 1: Reverberant field
22, N A D 72. N A D 2:  Echoinreverberant field
23. N A D 73. N A D
24, N A D 74. N A D * Spaceto start *
25. N A D 75. N A D
26. N A D 76. N A D 1 N A D
27. N A D 77. N A D 2. N A D
28. N A D 78. N A D 3. N A D
29. N A D 79. N A D 4. N A D
30. N A D 80. N A D 5. N A D
31. N A D 81. N A D 6. N A D
32. N A D 82. N A D 7. N A D
33. N A D 83. N A D 8. N A D
34. N A D 84. N A D 9. N A D
35. N A D 85. N A D 10. N A D
36. N A D 86. N A D 11. N A D
37. N A D 87. N A D 12. N A D
38. N A D 88. N A D
39. N A D 89. N A D
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Name: Test sequence: Trumpet
* Space for test samples * 41. N A D 93. N A D
42. N A D 94. N A D
1:  Anechoic sample 43. N A D 95. N A D
2:  Strong echo mid delay 44, N A D 96. N A D
3:  Echo mid delay 45, N A D 97. N A D
4.  Weak echo mid delay 46. N A D 98. N A D
5. Spacious sample 47. N A D 99. N A D
6:  Strong echo long delay 48. N A D 100. N A D
7:  Annoying (interference) 49, N A D 101. N A D
50. N A D 102. N A D
* Space to start * 51. N A D 103. N A D
52. N A D 104. N A D
1 N A D 53. N A D 105. N A D
2. N A D 54, N A D 106. N A D
3. N A D 55. N A D 107. N A D
4, N A D 56. N A D 108. N A D
5. N A D 57. N A D 109. N A D
6. N A D 58. N A D 110. N A D
7. N A D 59. N A D 111. N A D
8. N A D 60. N A D 112. N A D
9. N A D 61. N A D 113. N A D
10. N A D 62. N A D 114. N A D
11. N A D 63. N A D 115. N A D
12. N A D 64. N A D 116. N A D
13. N A D 65. N A D 117. N A D
14. N A D 66. N A D 118. N A D
15. N A D 67. N A D 119. N A D
16. N A D 68. N A D 120. N A D
17. N A D 69. N A D 121. N A D
18. N A D 70. N A D
19. N A D 71. N A D * Space for test samples *
20. N A D 72. N A D
21. N A D 73. N A D 1. Reverberant field
22. N A D 74. N A D 2. Echoinreverberant field
23. N A D 75. N A D
24, N A D 76. N A D * Space to start *
25. N A D 7. N A D
26. N A D 78. N A D 1 N A D
27. N A D 79. N A D 2. N A D
28. N A D 80. N A D 3. N A D
29. N A D 81. N A D 4. N A D
30. N A D 82. N A D 5. N A D
31. N A D 83. N A D 6. N A D
32. N A D 84. N A D 7. N A D
33. N A D 85. N A D 8. N A D
34. N A D 86. N A D 9. N A D
35. N A D 87. N A D 10. N A D
36. N A D 88. N A D 11 N A D
37. N A D 89. N A D 12. N A D
38. N A D 90. N A D 13. N A D
39. N A D 9l. N A D 14. N A D
40. N A D 92, N A D
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Cdlo

Test sequence:

Name:

aajayajajajaiajajayajajaiajajayayajayaiajajajajayaiajaayajajayajayayayayal

CACCLCCLCLCLCCCLELCLCCLCLLCCCLCELCLCECLCLCLCECECECECECECEICEICLCKL

Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2Z2ZZ2ZZ2ZZ2Z2ZZ2ZZZ2Z2ZZ2ZZ2Z2Z2Z2Z2Z2Z2Z2ZZ2Z2Z2ZZ2Z2Z2

100
101
102
103.
104
105
106
107
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[ayayayaiajajajajajayajajayajajajayajaiajajaayajajayajajayajajyajayajayayayayayal
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Appendix B

Name: Test sequence; Mixed
* Space for test samples * 4, N A D
1 N A D 5. N A D
1.  Anechoic sample 2. N A D 6. N A D
2:  Strong echo 3. N A D 7. N A D
3:  Medium strong echo 4, N A D 8. N A D
4.  Weak echo 5. N A D 9. N A D
6. N A D 10. N A D
* Space to start * 7. N A D 11 N A D
8. N A D 12. N A D
1 N A D 9. N A D 13. N A D
2. N A D 10. N A D 14. N A D
3. N A D 11. N A D 15. N A D
4, N A D 12. N A D 16. N A D
5. N A D 13. N A D 17. N A D
6. N A D 18. N A D
7. N A D * Space for test samples * 19. N A D
8. N A D 20. N A D
9. N A D 1. Reverberant field 21. N A D
10. N A D 2. Echoinreverberant field 22. N A D
11. N A D 23. N A D
12. N A D * Space to start * 24, N A D
13. N A D 25. N A D
14. N A D 1 N A D 26. N A D
15. N A D 2. N A D 27. N A D
16. N A D 3. N A D 28. N A D
17. N A D 4. N A D 29. N A D
18. N A D 5. N A D 30. N A D
19. N A D 6. N A D 31. N A D
20. N A D 7. N A D 32. N A D
21. N A D 8. N A D 33. N A D
22, N A D 9. N A D 34. N A D
23. N A D 10. N A D 35. N A D
24, N A D 11 N A D
25, N A D 12. N A D * Space for test samples *
26. N A D 13. N A D
27. N A D 14. N A D 1. Reverberant example
28. N A D
29, N A D * Space for test samples * * Spaceto start *
30. N A D
3L N A D 1:  Anechoic sample 1 N A D
32. N A D 2:  Strong echo 2 N A D
33. N A D 3:  Medium strong echo 3 N A D
4.  Weak echo 4 N A D
* Space for test samples * 5 N A D
* Spaceto start * 6 N A D
1:  Not audible echo 7 N A D
2:  Audible echo 1. N A D 8 N A D
2. N A D
* Space to start * 3 N A D
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APPENDIX C —MATLAB M-FILES

All the criteria investigated were implemented in MatLab. The m-files that computes Dietsch
and Kraak's criterion with txt-file (dkism.m) and wave-file (dkwav.m) input are reproduced in
this appendix. The m-file used to calculate the new criterion (newcriterion.m) is then
reproduced, before an example of the listening test generation is included (speechtest.m). All
m-files are included in Appendix F - CD.

dkism.m
D e e I
% Witten by Anders Lgvstad 160603
clear al
disp(* ")
dl Sp('***************************************************************************')
disp("* )
disp('* Evaluates Dietsch and Kraak's echo criterion based on |lower order ISM *")
disp("* )
disp('* Input: .txt-files of the roominpul se responses. *)
disp("* )
disp('* Qutput: Results in .txt-file. *)
di sp('* Pl ot of resulting Dietsch and Kraak |evels. *')
disp('* )
disp('* Filepath of the inpulse response .txt-files nmust be set in *')
disp('* advance in the mfile. *')
disp('* )
dl Sp('***************************************************************************')
disp(" ")
L e
% Setting paranmeters and loading .txt-files into nenory
delta_t = input('Music (m or speech (s): ','s');
plots = input(' Do you want plots of all results (y or n)? ','s");
Fpath = ' P:\Di pl om | SM Test\";
filenames = dir(fullfile(Fpath,'*.txt"));
nfiles = size(fil enanes);
filenames = {fil enanes. nane};
resultmatrix = cell(nfiles(1,1),3);
if deltat =="'mn
inttime = 14/1000
elseif delta_t =="g'
inttinme = 9/1000
end
L o
% Start cal cul ati on | oop.
for countfiles = 1:nfiles(1,1)
L e
% Load .wav-file into nmenory, and save filenanme for output .txt-file.
i mportname = [Fpath,fil enanes{countfiles}];
i mpor tdat a(i nportnane);
fs = 44100;
ti mewi ndow = 2;
rgram = zeros(fs*timewi ndow, 1) ;
L i i
% Sunm ng oct aveband val ues for the direct sound, which then is used to conpute
% a reference |level, p0. Cctave band | evels are then added up for all later

% arriving contributions relative the reference level. Loading the results into
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%the matrix rgram which in turn is nornalized.

data = ans.data;
pval ue = zeros(1, size(data,1));

totspl =
10*1 ogl0(10”(data(1, 4)/10)+10"(data(1,5)/10)+10~(data(1, 6)/10)+10~(data(1, 7)/10)+10"(data(1l, 8)
/10) +10"(dat a( 1, 9)/ 10) +10~(dat a(1, 10)/ 10) +10"(dat a(1, 11)/10));

ref = 10" (-totspl/20);

splvec = zeros(1,size(data,1));

for i = 1:size(data,1)
totspl = 10*| ogl0(10~(data(i, 4)/10)+10"(data(i,5)/10)+10~(data(i, 6)/10)+
10~(data(i, 7)/10)+10~(data(i, 8)/10)+10~(data(i, 9)/10)+10~(data(i, 10)/10)+10"(data(i,11)/10));
splvec(1,i) = totspl;
pvalue(1,i) = (107(totspl/20))*ref;
rgran(round(data(i, 3)*10"-3*fs)+1,1) = pvalue(l,i);
end

rgram = rgrani (max(rgram);

B
% Scaling if input is speech
if delta_t =="s'
rgram = rgram *(2/3);
end
O = = = - - oo

% Duplicate rgramto get nom nator and denom nator in D& expression. Scales the
% nom nator by multiplying by time. First value of nom nator set to zero.

nom nator = rgram';
denom nator = rgram';

for m= 1:1ength(rgram
nomnator(1,nm = nomnator(1,m.*(nifs);
end

nomnator(1,1) = 0;

% Initialize and integrate matrix el ement by elenment. First elenment in nom nator
% and denom nator equals first in sum Then the el ements are added together
% cumul atively, as described in D&

sum rnom = zeros(1,length(rgram);
sum rdenom = zeros(1,length(rgram);
ek = zeros(1,length(rgram);

sumrnom(1,1) = nomnator(1,1);
sum rdenom(1, 1) = denom nator(1,1);

for j = 2:1ength(rgram

sum rnonm(1,j)=sum rnon(1,j-1)+nom nator(1,j);

sum rdenon(1,j)=sum rdenon(1,j-1)+denom nator(1,j);
end

% To obtain EK as a function of time, values in the cunulative build-up function
% are subtracted.

intlength = round(inttine*fs);
ek=sum rnom / sum r denom
delta_ek = zeros(1,length(rgram);

for k = 1:1ength(rgram)-intlength

delta_ek(1,k) = ek(1,intlength+k)-ek(1, 1+k);
end

% As the natrix delta_ek only gives the values of the total IR after one full
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% summation (intagration tine), the values before this nust be added into the
%total resulting D&K-matrix.

ek_beg = ek(1,[1l:intlength])./inttine;
delta_ek = delta_ek./inttime;

totek = zeros(1,I|ength(ek_beg)+l ength(delta_ek));
totek(1,[1l:1ength(ek_beg)]) = ek_beg;
totek(1, [l ength(ek_beg)+1l:length(totek)]) = delta_ek;

R e e I LR T
% Resul ts
if deltat =="'mn
limt = find(totek>1.8);
elseif delta_t =="'¢g'
limt = find(totek>1);
end
if limt >0
result = 'Echo';
el se
result = "'Ck';
end
if plots == "y’
figure(countfiles)
plot(totek,'b")
axi s([0 fs 0 max(totek)+0.2]);
title(filenames{countfiles})
end

resultmatrix(countfiles,1) = cellstr(filenames{countfiles});
resultmatrix(countfiles,2) = cellstr(result);
resultmatrix(countfiles,3) = cellstr(nunm2str(max(totek)));

end

LR e R R

% CGenerate resultfile.

maketextfile = input(' Do you want to generate a separate results .txt-file? (y or n):

D

if maketextfile == "y’
outputfilename = input(' Nane of generated resultfile (w thout extension): ', 's');
resultfile = [outputfilename, '.txt'];

fid = fopen(resultfile,"a');

for resno = 1:size(resultmatrix, 1)

fprintf(fid, [ nun2str(resno), '. ', "\t', resultmatrix{resno, 1}, "\t',
resultmatrix{resno, 2}, '\t', resultmatrix{resno, 3}, "\t', "\n']);
end
fclose(fid);

end
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dkwav.m

R R R R R L
% Witten by Anders Lgvstad 160603

clear all

disp(' ')

d| Sp('***************************************************************************')
disp('* )
disp('* Evaluates Dietsch and Kraak's echo criterion *')
disp('* )
disp('* Input: .wav-files of the roominpul se responses. **)
di sp('* )
disp('* Qutput: Results in .txt-file. *)
di sp('* Pl ot of resulting Dietsch and Kraak |evels. *)
di sp('* )
disp('* Filepath of the inpulse response .wav-files nmust be set in *)
disp('* advance in the mfile. *)
di sp('* )
dl sp('***************************************************************************')
disp(' ')

DR I

% Setting paranmeters and | oading selected .wav-file into nenory

Fpath = ' P:\ Di pl oml HRTFwav\ Test\";
filenames = dir(fullfile(Fpath,'*.wav'));
nfiles = size(filenanes);

filenames = {fil enanmes. nane};
resultmatrix = cell(nfiles(1,1),3);

delta_t = input('Music (m or speech (s): ','s');
if delta_t =='ni
inttime = 14/1000;
elseif deltat =="'s'
inttime = 9/1000;
end
plots = input(' Do you want plots of all results (y or n)? ','s");
D == - - - m e oo C Lol o oo oo e o s oo m it et - o st mctcmo ot mccmmmctmmccm-mc--c----e----

% Start cal cul ati on | oop.

for countfiles = 1:nfiles

% Load .wav-file into nenory, and save filenanme for output .txt-file.

[evwav, fs,bits] = wavread(filenanes{countfiles});

% Cuts wav-file to first second to decrease conptine if necessary, adds both
% signal s of the recorded BRIR Nornalising.

if fs >= | ength(evwav)
evwavcut = zeros(fs, 2);
evwavcut ([ 1: 1 ength(evwav)],:) = evwav([1l:length(evwav)],:);
el se
evwavcut
evwavcut

= zeros(fs, 2);
= evwav([1l:fs],:);

end

eval wave
eval wave

abs(evwavcut (:, 1)) +abs(evwavcut (:, 2));
eval wave/ (max(eval wave));

% Renpves quantisation errors

for nn = 1:1ength(eval wave)
i f eval wave(nn, 1) <0. 001
eval wave( nn, 1) =0;
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end
end

% Establ i shes a tinme-axis relative the directpul se and scal es pressures in D&
% if speech criterion is to be eval uated

hi ghval ues = find(abs(evwav)>0.03);
directpul se = min(hi ghval ues);
eval wave = eval wave(direct pul se: | engt h(eval wave));

if delta_t =="s'
eval wave = eval wave. *(2/3);
end
LR R e R e R

% Duplicate wavefile to get nom nator and denomi nator in D& expression, before
% the nomnator is scaled as function of tine. First value set to zero.

nom nator = eval wave.';
denom nator = eval wave.';

for m= 1:1ength(eval wave)
nomnator(1,nm = nomnator(1,m.*(nifs);
end

nom nator(1,1) = 0;

% Initialize and integrate natrix element by elenent. First elenment in nom nator
% and denom nator equals first in sum Then the el ements are added together
% cumul atively, as described in D&

sum rnom = zeros(1, | ength(eval wave));
sum rdenom = zeros(1, | ength(eval wave));
ek = zeros(1,|ength(eval wave));

sum rnon(1,1) = nominator(1,1);
sum rdenom(1,1) = denom nator(1,1);

for j = 2:1ength(eval wave)

sum rnonm(1,j)=sum rnon(1,j-1)+nom nator(1,j);

sum rdenon(1,j)=sum rdenon(1,j-1)+denom nator(1,j);
end

% To obtain EK as a function of tine, values in the cunulative build-up function
% are subtracted.

intlength = round(intti me*fs);
ek=sum rnom / suni r denom
delta_ek = zeros(1,!|ength(eval wave));

for k = 1:1ength(eval wave)-intlength
delta_ek(1, k) = ek(1,intlength+k)-ek(1, 1+k);
end

% As the matrix delta_ek only gives the values of the total IR after one full
% summation (intagration tine), the values before this nust be added into the
%total resulting D&K-natri x.

ek_beg = ek(1,[1:intlength])./inttineg;
delta_ek = delta_ek./inttinme;

totek = zeros(1,!|ength(ek_beg)+l ength(delta_ek));
totek(1,[1:1ength(ek_beg)]) = ek_beg;
totek(1, [l ength(ek_beg)+1l:length(totek)]) = delta_ek;
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% Resul ts
if delta_t =="m
limt = find(totek>1.8);
elseif delta_t =="'s'
limt = find(totek>1);
end
if limt >0
result = 'Echo';
el se
result ="',
end
if plots == "y’
figure(countfiles)
plot(totek,'b")
axi s([0 fs 0 max(totek)+0.2]);
title(filenames{countfiles})
end

resultmatrix(countfiles,1)
resultmatrix(countfiles,2)
)

ce
cellstr(result);
resultmatrix(countfiles,3 ce

I'lstr(nunm2str(max(totek)));

I'lstr(filenames{countfiles});

end
EC R e
% Cenerate resultfile.
maketextfile = input(' Do you want to generate a separate results .txt-file?
ts');
if maketextfile == "y’

outputfilename = input(' Name of generated resultfile (w thout extension):

resultfile = [outputfilename, '.txt'];
fid = fopen(resultfile,'a");

for resno = 1:size(resultmatrix, 1)
fprintf(fid, [num@str(resno), '. ', "\t',

end

fclose(fid);

end

resul tmatrix{resno, 1},
resultmatrix{resno, 2}, '"\t', resultmatrix{resno, 3}, '\t'

i

AUSI¥

T\t

(y or n):

"s');
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newcriterion.m
R R R R R L
% Witten by Anders Lgvstad 160603
clear al
di sp(’
dl Sp(' **********************************************************************')
disp('* )
disp('* Echo criterion based on output .wav-files from Gdeon. *')
disp('* )
disp('* Input: Anechoi ¢ or reverberant conditions. *')
disp('* Lower perceptible sound |evel. *)
disp('* )
disp('* CQutput: Results in .txt-file. *')
disp('* Pl ot of integrated response and |imtcurve. *')
disp('* )
disp('* Filepath nust be set in advance in the mfile. Reverberation *')
disp('* times nust be typed into the matrix rtmatrix in line 73 for *')
di sp('* reverberant anal yses. *)
di sp('* )
dl Sp(' **********************************************************************')
disp(' ')
75
% | nput
revoranechoi ¢ = input (' Reverberant (r) or anechoic (a) conditions? ','s")
if revoranechoic == "a

signal type = input(' Speech (s) or nusic (m: ',"'s");
end
cutwavefile = input(' Do you want to cut input .wav-file length? (y or n): ','s');
if cutwavefile == "y’

cutwavel ength = (' Type in length (in seconds): ');
end
R e R R T T R

% Constants and fil epath paraneters

tau = 50e-3;

rtear = 0.4;

ti mewi ndow = 3;

echo(1,1) = cellstr('Filenane');

Fpath = ' P:\ Di pl oml HRTFwav\ Test\";
filenames = dir(fullfile(Fpath,'*.wav'));
nfiles = size(filenanes);

filenames = {fil enames. nane};

% Establish limtcurve from subjective single-echo values. Use precal cul ated
% 1imtcurve

if revoranechoic == 'a
tdirect = 1116;
if signaltype == "'sg'

t = [1116 2440 3322 5527 7732 9937 18756 44100]"';
valuelimt = [0 -8.3767 -13.1764 -30.4760 -36.1704 -40.1806 -46.4757 -50]"'
| oad speech50
el seif signaltype == 'nl
t = [5527 7732 9937 18756]"';
thigh = [5527 7732 9937 18757]";
valuelimt = [-32.8748 -42.2614 -45.1582 -46.7629]";
valuelimthigh = [-2.8769 -7.2766 -10.1763 -23.7767; -9.8768 -14.2762 -20.1759-
-23.7767; 2.1232 -7.2766 -10.1763 -16.7767]";
| oad trunpet50, |oad cell o050, |oad orchestra50, |oad guitar50
end
end

if revoranechoic == 'r'
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rtmatrix = [1.8175 1.6575 1.61625 1.64 1.57875 1.6525 1.62625 1.60375 1.7125 1.58875
1.4475 1.5075 1.41375 1.3925 1.52 1.47375];

%rtmatrix = [0.92375 0.9075 0.96375 0.935 0.92 1.035 0.7025 0.665 0.70875 0.6875
% 0. 70625 0. 69375] ;
end

% Start cal cul ation | oop.

for countfiles = 1:nfiles

% ear variabl es between each file calculation. Read files into nmenory.

clear Differ maxval ue m nval ue nmarksep dBstep;

cl ear evwav evwavcut eval wave energy result dBresult;

cl ear gl obal maxi ndex gl obal naxval ue sepmat timesepequal timesephor timesepvert;
clear abovethirtyfive lastthirtyfive belowfive firstfive changecurve changesanpl e;
clear totcurve rtcurve earcurve evcurve difference maxi nd maxval ;

% Load .wav-file into menory, and save filename for output .txt-file.

[evwav, fs, bits] = wavread(filenanmes{countfiles});
echo(countfiles+2,1) = cellstr(filenames{countfiles});

if revoranechoic == "r'
rt = rtmatrix(countfiles);
end
OB = = s mm e e e e e e e e oo

% Cut wav-file to decrease conptine if wanted, add signal from both channels
% of the recorded BRIR Normalise.

if cutwavefile == "'n'
evwavcut = zeros(l ength(evwav), 2);
evwavcut ([ 1: 1 ength(evwav)],:) = evwav([1l:1ength(evwav)],:);

el se
evwavcut = zeros(round(cutwavel ength*fs), 2);
evwavcut = evwav([1:1|ength(evwavcut)],:);
end
eval wave = abs(evwavcut (:,1))."2+abs(evwavcut(:,2))."2;
eval wave = eval wave/ (max(eval wave));
DR

% Establish a tine-axis relative to the directpul se.

hi ghval ues = find(abs(evwav)>0.03);
di rect pul se = m n(hi ghval ues);
eval wave = eval wave(direct pul se: | engt h(eval wave));

% Convol ve wi th hann-wi ndow to sinulate the integration of the human ear.
% Convert to energy, and subsequently to desibel scale. Set direct sound
%to O dB.

win = round(fs*tau);

y = hann(w n);

energy = eval wave;

result = conv(y, energy);

dBresult = 10*1 0gl0(result/20e-6);
dBresul t dBresul t-max(dBresul t);

% Find extremal points on dB-curve (local and gl obal mexima and mnim). Val ues
% found when the derivative changes sign.

[Differ] = diff(dBresult(1l:1ength(dBresult)));
no = 1,
no2 = 1;
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for zerocross = l:length(Differ)-1
if Differ(zerocross) <= 0 & Differ(zerocross+l) > 0
m nval ue(no, 1) = zerocross+1;
no = no+l,
elseif Differ(zerocross) > 0 & Differ(zerocross+l) < 0
maxval ue(no2,1) = zerocross+1;
no2 = no2+l,;
end
end

% Find | evel step frommninumto nmaxi mum points, and separation tine fromlast equal
% energy | evel from maxima points.

for i = 2:size(maxval ue)
backcount = 1;

whi | e dBresul t (maxval ue(i)) > dBresult(nmaxval ue(i)-backcount) &
dBresul t (maxval ue(i)) ~= 0
backcount = backcount +1;
end

mar ksep(i-1) = maxval ue(i)-backcount;
ti mesepequal (i-1) = backcount;

i f revoranechoic == "r"'
timesepvert(i-1) = maxval ue(i)-m nval ue(i-1);
timesephor(i-1) = maxval ue(i)-marksep(i-1);
dBstep(i-1) = dBresult(maxval ue(i))-dBresult(m nval ue(i-1));
end
end

% Establish limtcurve fromreverberation tine.

if revoranechoic == 'r'
[ gl obal maxval ue, gl obal maxi ndex] = max(dBresult);
rtcurve = zeros(length(dBresult),1);
rtval ue = gl obal maxval ue;
earval ue = gl obal maxval ue;

% An arbitrary curve with RT-gradient is established (value insignificant), and
%then fitted to the decay of a given case by averaging the difference between
%the arbitrary level curve and the integrated energy response on the interval

% fromthe first time the energy response is -5 dBto the last tine it reaches
% a val ue -35 dB re directsound.

for decay = gl obal maxi ndex: | engt h(dBresul t)
rtcurve(decay, 1) = rtval ue;
rtvalue = rtval ue-(60/((rt*fs)-gl obal maxi ndex));
end

rtend = l ength(dBresult);
di fference(gl obal maxi ndex: rtend) = rtcurve(gl obal maxi ndex: rtend) -
dBr esul t (gl obal maxi ndex: rtend);
bel owfive = find(dBresult (gl obal maxi ndex:rtend) < -5);
firstfive = belowfive(l) + gl obal nmaxi ndex;
abovethirtyfive = find(dBresult (gl obal maxi ndex: rtend) > -35);
lastthirtyfive = abovethirtyfive(length(abovethirtyfive))+gl obal maxi ndex;

meanval (countfiles) = nean(difference(firstfive:lastthirtyfive));
rtcurve = rtcurve-neanval (countfiles);

% Set limtcurve to be tangential to the falling edge of the direct pulse

% (tangential) if the edge is steeper than the reverberation tinme of the ear

% (0.4 sec). If the falling edge of the integrated inpul se response is steeper
%than the RT of the ear, it will sinply fall of fromthe maxi num val ue sanpl e.
%

% In both cases will the limtcurve fall off with RT of the ear until the

% reverberation curve fitted above exceeds it. Limtvalue fromO to direct sound
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%is set to the direct sound level (maxinmum = 0 dB as it has been nornmalised
% above) .

for decay2 = gl obal maxi ndex: (rtear*fs)

earcurve(decay2, 1) = earval ue;

earval ue = earval ue- (60/ ((rtear*fs)-gl obal naxi ndex));
end

startcount = 0;

whi | e dBresul t (gl obal maxi ndex+startcount) >=

ear curve( gl obal maxi ndex+startcount) & startcount+gl obal maxi ndex < | ength(earcurve)
startcount = startcount+1;
end

i f startcount +gl obal maxi ndex < | ength(earcurve)
for move = gl obal maxi ndex: (gl obal maxi ndex+st art count)
sepmat (nmove) = dBresult (nmove)-earcurve(nove);
[ val uesep, i ndexsep] = max(sepnat);
end

earcurve = earcurve+val uesep;

changecurve = find(earcurve(gl obal maxi ndex: | ength(earcurve)) <
rtcurve(gl obal maxi ndex: | engt h(earcurve)));

changesanpl e = changecurve(1) +gl obal maxi ndex- 1;

tot curve(1: changesanpl e) = earcurve(1l: changesanpl e);

t ot curve(changesanpl e+l: 1 ength(rtcurve)) =
rtcurve(changesanpl e+1: 1 ength(rtcurve));

el se
totcurve = rtcurve';
for nomove = 1:1ength(earcurve)
i f earcurve(nonobve) > totcurve(nonove)
t ot curve(nonove) = earcurve(nonove);
end
end
end

% Lower limt set by threshol dval ue for perception (input).
heari ngt hreshol d = -50;

for ht = 1:1ength(totcurve)
if totcurve(ht) <= hearingthreshold
totcurve(ht) = hearingthreshol d;
elseif totcurve(ht) > 0
totcurve(ht) = O;
end
end

% Val ues conpared to the limtcurve. Delay and val ue of the sanple exceeding the
% limtcurve the nost are stored separately for output in .txt-file bel ow.

evcurve = dBresult-totcurve';
[ maxval maxind] = max(evcurve);

echo(countfil es+2, 2)
echo(countfil es+2, 3)
echo(countfil es+2, 4)

cel I str(nunstr(nmaxval));
cel I str(nunRstr(nmaxind));
cel I str(nunstr(hearingthreshold));

% Only val ues exceeding the limt curve are of interest, the rest set to zero.

for evvalue = 1:1ength(evcurve)
if evcurve(evvalue) <0
evcurve(evval ue) = 0;
end
end
end
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LR R R L Ry
% Pl ot resulting ear response for conparison with limtvalues fromthe first mninum
% val ue.
if revoranechoic == "a'
dBresult = dBresult-dBresult(maxval ue(1));
echoval = 0;
if echoval == 0 & | ength(maxvalue) > 1
for countanechoic = minvalue(l):|ength(dBresult)
if dBresult(countanechoic) > val ue(countanechoic) & echoval ==
echoval = 1;
echo(countfiles+2,2) = cellstr('Echo');
end
end
end
end
R e e

% Pl ot resulting ear response for conparison with |imtval ues.

figure(countfiles)
plot(dBresult,'b")
hol d on

if revoranechoic == "r'
plot(totcurve,'r--")
pl ot (evcurve, ' g')
pl ot (maxi nd, maxval , 'ro')
axi s([0 length(dBresult) -80 max(evcurve)+5]);
el se
if length(maxval ue) >= 2
pl ot (m nval ue, dBresul t (m nval ue), 'ro')
pl ot (mar ksep, dBresul t (mar ksep), ' no')
end
if signaltype == 'ni
plot(t(1):t(4)+1,value(t(1):t(4)+1),'r")
plot(t(1):t(4)+1,valuecello(t(1):t(4)+1), m-")
plot(t(1):t(4)+1,valueguitar(t(1l):t(4)+1),'g--")
plot(t(1):t(4)+1,valueorc(t(1):t(4)+1)," k--")
plot(t,valuelimt, ro")
pl ot (thigh,valuelimthigh(:,1),' no")
pl ot (thigh, valuelimthigh(:,2)," go")
pl ot (thigh, valuelimthigh(:,3),"ko")
el se
plot(value,'r")
plot(t,valuelimt,'ro")
end
pl ot (maxval ue, dBresul t (naxval ue), ' go')
axi s([0 25000 -80 max(dBresult)+5]);
end

title(filenanmes{countfiles});
ylabel ('[dB] re. direct sound');
x| abel ("time [sanples]');

hol d of f
end
R R R e LR
% Cenerate resultfile.
maketextfile = input(' Do you want to generate a separate results .txt-file? (y or n):
,'s');,
if maketextfile == "y’
outputfilename = input(' Name of generated resultfile (w thout extension): ', '"s');
resultfile = [outputfilename, '.txt'];

fid = fopen(resultfile,'w);

if revoranechoic == "r'
echo(1,2) = cellstr('Maxanplitude s
echo(1,3) = cellstr('Index s
echo(1,4) = cellstr(' Lower hearing threshold');

for resno = 1:size(echo)
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fprintf(fid, [ nun2str(resno), '. ', "\t', echo{resno, 1}, "\t',
echo{resno, 2}, '\t', echo{resno, 3}, "\t\t', echo{resno, 4}, "\t', "\t', "\n]);
end
el seif revoranechoic == "a'

echo(1,2) = cellstr('Result');
echo(1,3) =cellstr('");

for resno = 1:size(echo)
fprintf(fid,[nunRstr(resno), '. ', "\t', echo{resno, 1}, "\t',
echo{resno, 2}, '\t', echo{resno, 3}, "\t', "\n']);
end
end

fclose(fid);
end
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speechtest.m

% Witten by Anders Lgvstad 240303
clear all

% Li stening test person choice for generation of output .txt-file to be
% connected with the corresponding test person.

disp(* ")

di sp(' Listening person: ")

disp('1: BS 2: JPS' )
disp('3: PN 4: TG )
disp('5: AS 6: PS"' )
disp('7: WK 8: JT' )
disp('9: GS 10: AB ' )
disp('11: HF 12: OCAE ' )

disp('13: AL ")

tpn = input(' Nanme: ');

if tpn == 1
name = 'BS';
elseif tpn ==
name = 'JPS';
elseif tpn == 3
name = 'PN ;
elseif tpn ==
name = ' TG ;
elseif tpn == 5
name = 'AS';
elseif tpn ==
name = 'PS';
elseif tpn ==
name = ' UK ;
elseif tpn ==
name = 'JT';
elseif tpn ==
name = 'GE';
elseif tpn == 10
nane = 'AB';
elseif tpn == 11
nane = ' HF';

elseif tpn == 12
nane = ' CAE ;
elseif tpn == 13
name = 'AL';
end

% Setting directory that contains the test wave-files.

fdir = 'F:\Users\Anders\';
seq = ' Speech';

filedir = [fdir,seq,'\'];

revdir = [fdir,seq, ' rev\'];

orderfile = [seq,int2str(tpn),' .txt'];

% Read directory content into struct array. Create random zed file-order, and
% renmove redundant information.

clear filenanes;

cl ear revnanes;

filenames = dir(fullfile(filedir,'*.wav'));
revnanes = dir(fullfile(revdir,'*.wav'));

nfiles = size(filenanes);
nrevfiles = size(revnanes);

order = randpern(nfiles(1,1));
revorder = randpern{nrevfiles(1,1));
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filenanes = {fil enanes(order).nane};
revnanes = {revnanes(revorder).nane}

% Test section

di sp("
di Sp(' kkhkkhkkhkkkhkkhhkhkkhkhkkhhkdhhkhhkhhkdhkhkhhhhhhdhhkhhhkhrdrhhhxhxx!'
di sp(" '
di sp(* Part 1: Anechoic '
di sp("

di Sp(' khkkhkkhkkkhkhkkhkhkhkkhkhkkhhkhhhhhkkhhkdhhhhkhhhhdrhkrhdhrdrhhhxhxx!

disp(' ')

pause

~—

% Pl ay anechoi c sanple and test sanples clarifying the echo | evel span

[a, fs,bits]=wavread(' F:\Users\Anders\ Speech\d_s.wav')

wavpl ay(a, fs, "' sync')

[b, fs, bits] =wavread(' F:\ Users\ Ander s\ Speech\s_s_150_pl us10. wav')
wavpl ay(b, fs, ' sync')
[c,fs,bits]=wavread(' F:\Users\Anders\ Speech\s_s 150 _pl us3. wav')
wavpl ay(c, fs,'sync')

[d, fs, bits]=wavread(' F:\ Users\Anders\ Speech\s_s_150_mni n3. wav')
wavpl ay(d, fs,"'sync')

[e, fs,bits]=wavread(' F:\Users\Anders\Speech\s_s 18 |imwav');
wavpl ay(e, fs,'sync')

[f,fs, bits] =wavread(' F:\ Users\ Ander s\ Speech\s_s_400_pl us15. wav')
wavpl ay(f,fs,'sync')

pause

% Start test section. Read wave-files into nenory in the generated randoni zed
% order. Display counter for synchronization with answering sheet

for i = 1:nfiles
[file,fs,bits] = wavread(filenames{i});
wavpl ay(file, fs," sync');
disp(int2str(i))

end

disp(' ")
dl Sp(' **********************************************')
di sp(" .

di sp(" Part 2: Reverberant '
di sp(" '
dl Sp(' LR R R R R R EEEEEEEEEEEREEEEEEEEERESEEEEEEEEEEEEEEES

disp(' ")

pause

)
)
)
)

% Pl ay anechoi c sanple and test sanples clarifying the echo | evel span

[aa, fs, bits] =wavread(' F:\ Users\ Ander s\ Speechrev\r_s_aud_tilt50_m c2")
wavpl ay(aa, fs, "' sync')
[ bb, fs, bits] =wavread(' F:\ User s\ Ander s\ Speechrev\r_s_aud_tilt10 _mic6');
wavpl ay(bb, fs, ' sync')

pause

% Start test section. Read wave-files into nmenory in the generated randomni zed
% order. Display counter for synchronization with answering sheet

for ii = l:nrevfiles
[revfile,fs,bits] = wavread(revnanmes{ii})
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wavpl ay(revfile,fs, sync');
disp(int2str(ii))

% Save file order, name of test person and test sequence.

fid = fopen(orderfile,"a');

fprintf(fid,[' Test person: ', name, '\n', 'Sequence: ',seq, '\n\n']);
for i = L:nfiles
fprintf(fid, [nunRstr(i), '. ', "\t', int2str(tpn), "\t',filenames{i}, '"\n']);
end
for ii = l:nrevfiles
fprintf(fid, [nunRstr(ii+nfiles(1,1)), '. ', "\t', int2str(tpn), '"\t',revnanes{ii},
')
end

fprintf(fid,["\n\n']);
fclose(fid);
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APPENDIX D — LISTENING TESTSAND CALCULATED RESULTS

All results from the listening tests and calculations for al the corresponding situations are
listed in this appendix. Anechoic results are given first, followed by the reverberant ones.
Results from single echo situations where echo reflections are generated through a single
reflection from the back wall of the concert hall are included in the reverberant section.
Invalid results are drawn through with a dotted red line.

Results are presented in the following order:

*  Speech, anechoic

» Cdlo, anechoic

* Guitar, anechoic

* Orchestra, anechoic
e Trumpet, anechoic

»  Speech, reverberant

* Orchestra, reverberant

*  Trumpet, reverberant

* Female chorus, reverberant

Figure A7 exemplifies and explains the results displayed below.
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Figure A7: Exampleof result display.
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Speech, anechoic

.8 g 5
2 28 s 0 " 28 8 < ¢ ¢ 3
3 § 2 & 2L ZP2PsE 28 < D DA N g s & 8 £ 8 ¢
Direct N N N N N N N N A N I}II 0% 10 % 90 % N A
[}
Single 18 15,0 N N N A A A D N N N I{l 10 % 40 % 60 % N D D 152 D 144 N
10,0 N N N D N D D A N N l}l 30 % 40 % 60 % N D D 137 D 126 N
6,0 N A N D D D D N N N N 40 % 50 % 50 % A D D 123 D 111 N
3,0 N D N A N D D N N N N 30 % 40 % 60 % N D D 112 D 1,00 N
0,0 N A N D D D D D N N I}Il 50 % 60 % 40 % D D D 100 N 0,88 N
-3,0 N A N D N D D N D N N 40 % 50 % 50 % A D N 089 N 0,77 N
-6,0 N A N D N D A N N A I{l 20 % 50 % 50 % A D N 0,77 N 0,66 N
-10,0 N N N N N N A N N N l:l 0% 10 % 90 % N A N 063 N 0,53 N
30 0,0 N D N D D D D N D N A 60 % 60 % 40 % D D D 160 D 140 D
-5,0 N D N D D D D A D A I}Il 60 % 80 % 20 % D D D 13 D 1,16 D
-8,0 N A ND A A A N N A N 10 % 60 % 40 % A D D 1,17 N 0,99 N
-11,0 N A N N D A D N N N I}Il 20 % 40 % 60 % N D D 100 N 0,83 N
-14,0 N N N N NN A N N A l}l 0% 20 % 80 % N A N 085 N 0,69 N
50 -9,8 N D N D D D D D D A [0} 70 % 80 % 20 % D D D 1,78 D 148 D
-13,8 N D N D A A D A D A |$ 40 % 80 % 20 % A D D 143 D 116 N
-16,8 N A N A N A D A D A A 20 % 70 % 30 % A D D 120 N 0,95 N
-19,8 N A A NN N A A A D I:) 10 % 60 % 40 % A D D 100 N 0,77 N
-22,8 N N N N N N A N N A NIJ 0% 20 % 80 % N A N 082 N 0,61 N
100 -27,1 D DDA A A D A D D i 60% 100 % 0% D D D 123 N 084 D
-30,1 A A DN AAA A A D 20 % 90 % 10 % A D D 100 N 0,62 N
-33,1 A A DN NN AN A D A 20 % 60 % 40 % A D N 081 N 048 N
-36,1 N N A N N A A N A A 4 0% 50 % 50 % A A N 065 N 0,34 N
-40,1 N N A N N N N N N A NIJ 0% 20 % 80 % N A N 049 N 0,22 N
150 -25,8 D D D DD DD D D D ¢ 100 % 100 % 0% D D D 202 D 142 D
-29,8 A D D A A DD D A D p 60% 100 % 0% D D D 154 N 097 D
-32,8 A D D A A D A D A D L} 50% 100 % 0% D D D 124 N 0,74 D
-35,8 A A DN A A A A A D |$ 20 % 90 % 10 % A D D 100 N 0,53 N
-38,8 N N D A N A A N A D /f 20 % 60 % 40 % A D N 081 N 0,38 N
200 -33,3 A D D A A DA D A D [P 50% 100 % 0% D D D 154 N 0,89 D
-36,3 A D D A A DA D A D D) 50% 100 % 0% D D D 124 N 0,60 D
-39,8 N A A A N A A A A D 4\ 10 % 80 % 20 % A D D 100 N 0,46 N
-42,8 N N A N N N A N A A N 0% 40 % 60 % N A N 080 N 0,32 N
-45,8 N N N N N N N N A A "I‘I 0% 20 % 80 % N A N 064 N 0,20 N
400 -34,1 D D b D D D D D D D ¢ 100 % 100 % 0% D D D 302 D 1,74 D
-39,1 A D D A A DA D A D [} 50% 100 % 0% D D D 211 D 1,00 D
-43,1 A D DA A DA D AD [? 50% 100 % 0% D D D 157 N 0,62 D
-46,1 A N D A A D A N A D A 30 % 80 % 20 % A D D 126 N 0,38 N
-49,1 N N N N NN N N N A I‘IJ 0% 10 % 90 % N A D 100 N 0,25 N
[}
Multiple 18 4 -4,0 N D N D A D D N N N N 40 % 50 % 50 % A D D 168 D 145 N
-9,0 N A N D N D D A N N I}Il 30 % 50 % 50 % A D D 147 D 123 N
-14,0 N N N D N A A N N N N 10 % 30% 70 % N D D 124 N 0,99 N
-19,0 N N N N N N A N N N I\II 0% 10 % 90 % N A D 101 N 0,77 N
-24,0 N N N N N A N N N N I:I 0% 10 % 90 % N A N 079 N 057 N
8 -6,5 N D N D N D D N A N I}I 40 % 50 % 50 % A D D 158 D 134 N
-11,5 N A N A N D D N N A N 20 % 50 % 50 % A D D 136 D 1,11 N
-16,5 N N N D N A A N N N N 10 % 30 % 70 % N D D 112 N 0,88 N
-26,5 N N N N N N N N N N I}Il 0% 0% 100 % N N N 069 N 047 N
10 -7,6 N D N D N D D N N N I{I 40 % 40 % 60 % N D D 153 D 129 N
-12,6 N N N D N A D A N N I}I 20 % 40 % 60 % N D D 130 D 1,06 N
-17,6 N N N N N A N N N N N 0% 10 % 90 % N A D 107 N 0,83 N
-27,6 N N N N N N N N N N T}I 0% 0% 100 % N N N 065 N 043 N
25 -18,7 A D N DN A D D A D [:) 50 % 80 % 20 % D D N 090 N 0,77 N
-21,7 A D A AN A A A A A D) 10 % 90 % 10 % A D N 080 N 0,66 N
-25,7 N N N N NN A N A A ? 0% 30 % 70 % N A N 067 N 0,52 N
-28,7 N N N N N N A N N A A 0% 20 % 80 % N A N 058 N 040 N
-33,7 N N N N N N N N N A I}I 0% 10 % 90 % N A N 044 N 027 N
50 -28,1 A D D A D D D D D D ¢ 80% 100 % 0% D D D 105 N 0,76 D
-31,1 A D D A A A A A DD [} 40% 100 % 0% A D N 089 N 0,59 N
-34,1 A A DNNAAAAD ¢ 20 % 80 % 20 % A D N 0,75 N 046 N
-37,1 A A D NN A AN A A A 10 % 70 % 30 % A D N 062 N 0,32 N
-40,1 N N N A N N A N N A I}I 0% 30 % 70 % N A N 051 N 0,25 N
[}
100 4 -25,8 D DD ADDD D D D b 90% 100 % 0% D D D 338 D 234 D
-30,8 D D A A A A DA DA d) 40% 100 % 0% A D D 254 D 159 D
-33,8 A A A A A A A A A A v} 0% 100 % 0% A A D 212 D 125 N
-37,8 N A N N N N A N A N 4 0% 30 % 70 % N A D 164 N 0,82 N
-40,8 N N A N N N A N N N A 0% 20 % 80 % N A D 134 N 0,60 N
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§ 5§ = 5 3 8 3 &g
> % » = o o S S ® s 9
g S 2 =1 o w g2 2 % z % z
3 & 2 & gL P2 282 D D+ N 29 ¢ 38 = 8 ¢
8 -28,3 b b bbb DD D D D D d) 100 % 100 % 0% D D D 215 D 143 D
-31,3 D D DA A DD D A D D 70% 100 % 0% D D D 177 D 1,05 D

-34,3 A D DA A A A A A A ¢ 20% 100 % 0% A D D 145 N 0,82 N

-38,3 N N N N N A A N A A A 0% 40 % 60 % N A D 111 N 0,55 N

-41,3 N N A N N N A N N N l}l 0% 20 % 80 % N A N 090 N 0,39 N

-46,3 N N N N N N N N N N I}I 0% 0% 100 % N N N 064 N 0,20 N

10 -28,6 D D D DD D D D D D )] 100 % 100 % 0% D D D 111 N 0,72 D
-31,6 D DDA A DDD D D d) 80% 100 % 0% D D N 090 N 0,55 D

-34,6 D D DA A DA A A D D 50% 100 % 0% D D N 073 N 043 N

-38,6 N N A N N A A N N D ¢ 10 % 40 % 60 % N D N 055 N 0,29 N

-41,6 N N A N N N A N N D M 10 % 30 % 70 % N D N 046 N 0,20 N

-46,6 N N N N N N N N N A Ijil 0% 10 % 90 % N A N 033 N 0,10 N

25 -28,3 D b Db DD D D D D d) 100 % 100 % 0% D D D 122 N 0,88 D
-33,3 D D DA A DD D A D D 70% 100 % 0% D D N 094 N 0,61 N

-38,3 A A A A NN ANAD ¢ 10 % 70 % 30 % A D N 071 N 0,37 N

-43,3 N N N N N N N N N N A 0% 0% 100 % N N N 051 N 0,22 N

-48,3 N N N N N N N N N N * 0% 0% 100 % N N N 0,37 N 0,10 N

50 -35,7 A D D A A DA DD D d) 60% 100 % 0% D D D 112 N 0,65 D
-40,7 A D DA A A A A A D )] 30% 100 % 0% A D N 082 N 0,38 N

-45,7 N N N N N N N N N D I}Il 10 % 10% 90 % N D N 059 N 0,20 N

-50,7 N N N N N N N N N N NIJ 0% 0% 100 % N N N 042 N 0,08 N

200 4 -34,8 D b Db DD D D D D [:) 100 % 100 % 0% D D D 390 D 220 D
-39,8 A D D D A A A D A D [:) 50% 100 % 0% D D D 281 D 135 D

-44.8 N A A N NNA AN A A A 0% 50 % 50 % A A D 199 N 0,77 N

-48,8 N N N N NN A N N N l}l 0% 10 % 90 % N A D 150 N 0,38 N

-54,8 N N N N N N N N N N Y 0% 0% 100 % N N N 097 N 0,08 N

8 -35,0 b b bbb DD AD A D [:) 80% 100 % 0% D D D 272 D 147 D
-40,0 A A DA N A A D A D ¢ 30 % 90 % 10 % A D D 193 N 0,89 D

-45,0 N N A N N A A N A A n 0% 50 % 50 % A A D 13 N 0,50 N

-49,0 N N A N N N N N N A l}l 0% 20 % 80 % N A D 101 N 0,26 N

-55,0 N N N N N N N N N N N 0% 0% 100 % N N N 065 N 0,08 N

10 -35,2 A D D A D DD D A D [:) 70% 100 % 0% D D D 140 N 0,76 D
-40,2 A D DA A A A DAD ¢ 40% 100 % 0% A D N 097 N 045 D

-45,2 N N D N A A A A A A ) 10 % 70 % 30 % A D N 067 N 0,23 N

-49,2 N N A N N N A N A A Iil 0% 40 % 60 % N A N 050 N 0,13 N

-55,2 N N N N N N N N N N N 0% 0% 100 % N N N 0,33 N 0,08 N

25 -31,1 D D b bD D D D D D D I£ 100 % 100 % 0% D D D 187 D 120 D
-36,1 A D D A A DD D A D ¢ 60% 100 % 0% D D D 133 N 0,79 D

-41,1 A D D A A DA D A D D 50% 100 % 0% D D N 098 N 044 N

-44,1 N N D N N A A N A D + 20 % 50 % 50 % A D N 081 N 0,34 N

-48,1 N N A N N N N N N A r}l 0% 20 % 80 % N A N 062 N 0,17 N

50 -32,5 b b bbb DD D D D D b 100 % 100 % 0% D D D 197 D 131 D
-37,5 D DDA A DAD A D d) 60% 100 % 0% D D D 148 N 0,77 D

-42,5 A A DA A DA DA D D 40% 100 % 0% A D D 108 N 049 N

-45,5 A A DNADA AAAD + 30 % 90 % 10 % A D N 089 N 0,36 N

-49,5 N N N N N N N N N A l‘l 0% 10 % 90 % N A N 068 N 0,15 N
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Cello, anechoic

g § 8
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Direct N N N N N N N N N 0% 0% 100% N N

single 30 24,4 N N N N N N N N A A 0% 20% 80% N A D 201 D 19 N

20,4 N N N N N N N N N N 0% 0% 100% N N D 19 D 18 N

14,4 N N N N N N N N A N 0% 10% 90% N A N 177 N 163 N

74 N N N N N N N N A N 0% 10% 90% N A N 150 N 131 N

3,4 D N AN D N N N N N 20% 30% 70% N D N 128 N 106 N

50 15,0 N N N N N N N N N N 0% 0% 100% N N D 303 D 28 N

6,0 A AN DD N N N N A 20% 50% 50% A D D 238 D 204 N

0,0 D N AN D N N N A A 20% 50% 50% A D N 179 N 142 N

-6,0 N N N A N N N A A A 0% 40% 60% N A N 119 N 08 N

-15,0 N N N N N N N N N N 0% 0% 100% N N N 054 N 037 N

100 55 D DDND D ND DD 80% 80% 20% D D D 467 D 397 D

05 D N DD D D ADODD 80% 90% 10% D D D 368 D 294 D

35 D N A A D AN DD A 40% 80% 20% A D D 28 D 219 D

-6,5 A A NN N AN A DN 10% 50% 50% A D D 229 N 170 D

-9,5 AN NN A AN A N N 0% 40% 60% N A N 179 N 129 D

150 -3,9 D DADD AN DD A 60% 90% 10% D D D 417 D 318 D

7,9 AN A A D ANN A A 10% 70% 30% A D D 308 D 225 D

-10,9 A A NN N AN A A A 0% 60% 40% A A D 238 N 169 D

-13,9 AN N N N AN A A N 0% 40% 60% N A D 18 N 125 D

-16,9 N N N N N N N N A N 0% 10% 90% N A N 134 N 092 D

200 -6,8 D DDA D D A DDA 70% 100% 0% D D D 448 D 331 D

-10,8 A A A A D A N A D N 20% 80% 20% A D D 32 D 22 D

-13.8 A D NN A AN A D A 20% 70% 30% A D D 242 N 1689 D

-16,8 AN N DN AN A A A 10% 60% 40% A D D 18 N 123 D

-19,8 A N N N N N N A A N 0% 30% 70% N A N 133 N 08 D

400 174 A D DD D D DADA 70% 100% 0% D D D 34 D 231 D

20,4 A D DD A D DDA A 60% 100% 0% D D D 249 N 166 D

234 A A A DA D A ADA 30% 100% 0% A D D 18 N 118 D

26,4 AN A A N A A A A A 0% 80% 20% A A N 131 N 08 D

29,4 N A A D A A A A A A 10% 9% 10% A D N 094 N 05 D

Multiple 18 4 108 N N N N N N N N N N 0% 0% 100% N N N 144 N 138 N

58 N N N N N N N N N N 0% 0% 100% N N N 134 N 125 N

08 A N N N N N N N N A 0% 20% 80% N A N 121 N 108 N

-4,2 N N N N N N N N A N 0% 10% 90% N A N 102 N 08 N

13 64 D N DN D N N N A N 30% 40% 60% N D N 141 N 122 N

14 N N D N D N N N A N 20% 30% 70% N D N 123 N 100 N

-3,6 N N N N N N N N N A 0% 10% 90% N A N 100 N 08 N

-8,6 N N N N N N N N A N 0% 10% 90% N A N 08 N 0638 N

15 57 D N A NN N N N A N 0% 30% 70% N D N 08 N 072 N

0,7 D N DA D N AN A N 30% 60% 40% A D N 067 N 054 N

-43 N N D N N N N N A N 10% 20% 80% N D N 05 N 048 N

-9,3 N N N N N N N N A N 0% 10% 90% N A N 045 N 039 N

25 27 D N DN D N N N N N 30% 30% 70% N D N 08 N 08 N

2,3 AN A N D N A N A N 10% 50% 50% A D N 08 N 076 N

73 AN N N N N NN DN 10% 20% 80% N D N 072 N 063 N

12,3 N N N N N N N N A N 0% 10% 90% N A N 05 N 047 N

50 10 D DDA A N A A N N 30% 70% 30% A D N 16 N 15 D

2,0 D N DD D N A A DD 60% 80% 20% D D N 154 N 140 D

70 A N D N D N A N N N 20% 40% 60% N D N 13 N 1,14 D

-12,0 N N N N N N N N N N 0% 0% 100% N N N 106 N 08 D

-17,0 N N N N N N N N N A 0% 10% 90% N A N 077 N 057 D

100 4 61 D DDAD D ADDN 70% 90% 10% D D D 444 D 368 D

9,1 A DNND A A A DA 30% 80% 20% A D D 381 D 305 D

13,1 N N D N D AN N DA 30% 50% 50% A D D 2% D 22 D

-16,1 A A NN N N N N N A 0% 30% T70% N A D 238 N 175 D

211 N N N N N N N A DN 10% 20% 80% N D N 15 N 108 D

13 69 A DDAD A ADDOD 60% 100% 0% D D D 361 D 268 D

-9,9 A DN AD N A A DD 0% 80% 20% A D D 297 D 211 D

-139 A AN A N N A A AN 0% 60% 40% A A D 219 N 148 D

-16,9 N N N N N N NN A N 0% 10% 90% N A N 169 N 1,11 D

21,9 AN NN N N N A A N 0% 30% 70% N A N 105 N 068 D

15 71 A A DAD A A DD A 40% 100% 0% A D D 219 N 161 D

-10,1 D DNND AN A A A 30% 70% 30% A D N 170 N 122 D

14,1 AN N N N N NN DN 10% 20% 80% N D N 118 N 08 D

171 NN N N N AN N N N 0% 10% 90% N A N 08 N 060 D

221 N N N N N N N N A A 0% 20% 80% N A N 05 N 038 D
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Appendix D

8 g 5

§ s 5 2 4, 2 5
K o g © 2 - S
> = - o > = > o
T 8 =3 n w g R 2 x : x 2
8 & & B s L2562k 3 2 D D N gs & 8 s 38 2
25 78 A D DN D N A A DD 50% 80% 20% D D D 207 N 152 D
-10,8 A DA N A A A A A A 10% 9% 10% A D N 160 N 1,14 D

-14,8 A DN N A AN N A N 10% 50% 50% A D N 110 N 08 D

17,8 N N N N N N N A A A 0% 30% 70% N A N 102 N 074 D

22,8 N N N N N N N N A N 0% 10% 90% N A N 058 N 041 D

50 45 D DDDD A A DD D 80% 100% 0% D D D 267 D 202 D
95 D DDAD A N D D N 60% 80% 20% D D N 179 N 1,53 D

-12,5 A A A A A A A DD A 20% 100% 0% A D N 158 N 1,29 D

-16,5 N D A N N N N A D N 20 % 40 % 60 % N D N 126 N 0,97 D

-19,5 N N N A N AN A A N 0% 40% 60% N A N 102 N 075 D

245 N N N N N N N N A N 0% 10% 90% N A N 067 N 046 D

200 4 -93 D DDDD D ADDD 90% 100% 0% D D D 739 D 589 D
12,3 A DD A A D ADDD 60% 100% 0% D D D 614 D 472 D

-15,3 A D A A A D A A D A 30% 100 % 0% A D D 49 D 3,68 D

-19,3 A D A A A A N A D A 20 % 90 % 10 % A D D 358 D 255 D

22,3 A A DA N A A A A A 10% 90% 10% A D D 273 D 187 D

-27,3 N N N N N N N A N N 0% 10 % 90 % N A N 167 N 1,07 D

13 -9,7 D D D A D D D D D D 90% 100 % 0% D D D 584 D 4,18 D
-12,7 D D D D D D A A D A 70% 100 % 0% D D D 467 D 322 D

-15,7 A A D DN A A DD A 40% 90% 10% A D D 364 D 243 D

19,7 N A D A A AN A A A 10% 80% 20% A D D 253 N 1,68 D

-22,7 A A N A N A N N A A 0% 60 % 40 % A A D 189 N 1,18 D

27,7 N N N N N N N N A N 0% 10% 90% N A N 112 N 068 D

15 -98 D DDDA D A DDA 70% 100% 0% D D D 349 D 251 D
12,8 D DDDD D A DDA 80% 100% 0% D D D 266 D 187 D

-15,8 A A A A A D A A A A 10% 100 % 0% A D D 199 N 1,37 D

-19,8 N A A A A A N A D A 10% 80% 20% A D N 133 N 089 D

22,8 A A N N A AN A A N 0% 60% 40% A A N 097 N 063 D

-27,8 N N N A N N N A A A 0% 40 % 60 % N A N 056 N 0,36 D

25 -10,2 D D D D D D D D D D 100 % 100 % 0% D D D 337 D 338 D
132 D DDDD D ADDD 90% 100% 0% D D D 256 D 257 D

-16,2 A DA N A D N DA A 30% 80% 20% A D D 192 D 1,91 D

-20,2 A A A N A A N A A A 0% 80 % 20 % A A N 127 N 1,26 D

-23,2 N A N A N A N A A A 0% 60 % 40 % A A N 092 N 091 D

50 -10,2 D D D D D D D D D D 100 % 100 % 0% D D D 309 D 3,09 D
13,2 A D A DN D ADDOD 60% 90% 10% D D D 233 D 23 D

-16,2 D D N A A D A D D A 50 % 90 % 10 % D D N 175 N 1,75 D

-20,2 A A A D N A A A D A 20 % 90 % 10 % A D N 132 N 1,31 D

232 A A A AN AN A A A 0% 80% 20% A A N 102 N 1,00 D

26,2 N N A D N AN A A A 10% 60% 40% A D N 08 N 08 D
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Appendix D

Guitar, anechoic

g g 8

S 5 $ & S g

o 2 ©® & B =

> = o o S > o > o

& = 0 w S X = X 3 4 z

8 & @2 FPeRsyé@sS2 o om ~N 38 & 383 3 2
Direct N N N N N N N N 0% 0% 100 % N N

Single 30 28,4 N N N N N N N N N N 0% 0% 100 % N N D 2066 D 2,06 N

19,4 A N N N N N N N N N 0% 10% 90% N A D 19 D 185 N

13,4 N N N N N N N N N N 0% 0% 100 % N N N 177 N 163 N

74 N N A N A A N N N N 0% 30% 70% N A N 150 N 131 N

34 D N A N A A N N D N 20% 50% 50% A D N 128 N 1,06 N

-1,6 A N D N D N N N A N 20% 40% 60% N D N 097 N 0,76 N

-6,6 N N N N N N N N N N 0% 0% 100 % N N N 068 N 051 N

50 6,0 D A A N A D N D D N 40% 70% 30% A D D 238 D 204 N

3,0 A N A N D A N D D N 30% 60% 40% A D D 209 N 1,73 N

0,0 D A A N A A N A D N 20% 70% 30% A D N 1,79 N 142 N

-3,0 A A N N N N N A D N 10% 40% 60% N D N 148 N 1,14 N

-6,0 N N N N N N N N A N 0% 10% 90% N A N 119 N 0,89 N

100 -3,5 D D A N D D A D D A 60% 90 % 10 % D D D 28 D 219 D

-6,5 D D N N D D N D D A 60% 70% 30% D D D 229 N 1,70 D

-9,5 A A N N A A A D A N 10% 70% 30% A D N 1,79 N 129 D

-12,5 A N N N N N N A A N 0% 30% 70% N A N 137 N 096 D

-15,5 A N N N N N N A N N 0% 20% 80% N A N 1,03 N 071 D

150 -79 D D D N D D D D D A 80% 90 % 10 % D D D 308 D 225 D

-10,9 D D N N D D D D D A 70% 80% 20% D D D 238 N 169 D

-13,9 D D N N D A A A A N 30% 70% 30% A D D 180 N 125 D

-16,9 N D A N A N A A A A 10% 70% 30% A D N 134 N 0,92 D

-19,9 A A N N N A A A N N 0% 50% 50 % A A N 098 N 0,66 D

200 -10,8 D D N N D D D D D D 80% 80% 20% D D D 320 D 228 D

-13,8 D D N N D D D D D D 80% 80% 20% D D D 242 N 169 D

-16,8 D D N N D D A D A A 50% 80% 20% D D D 180 N 123 D

-19,8 A A N N D A N A N A 10% 60% 40% A D N 133 N 089 D

-22,8 A A N N A N N N N N 0% 30% 70% N A N 097 N 063 D

400 -17,4 D D A N D D A D D D 70% 90 % 10 % D D D 340 D 231 D

-20,4 D D N N D D D D D A 70% 80% 20% D D D 249 N 166 D

-23,4 D A A N A A D A A N 20% 80% 20% A D D 181 N 118 D

-26,4 A A N N A A A A N A 0% 70% 30% A A N 131 N 0,82 D

-29,4 A A N N N A N A N N 0% 40% 60% N A N 094 N 0,56 D
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Appendix D

Orchestra, anechoic

g £ 5

3 5 $ 8§ 3 g

® g 3 = g £

> = o - © B > > @)

s £ 0 w E £ 5 % 5 3 z

8 £ S ZRLQ 988328 < D D N 23 & 8 £ 8 ¢
Direct N N A A N N N N N N 0% 20 % 80 % N A

Single 30 28,4 A N N N A N N N N N 0% 20 % 80 % N A D 2066 D 2,06 N

19,4 A N N N A N N N N N 0% 20 % 80 % N A D 194 D 1,85 N

13,4 A N N N N N N N N N 0% 10 % 90 % N A N 1,77 N 1,63 N

74 A N N N N N N N A N 0% 20 % 80 % N A N 150 N 1,31 N

-1,6 N N N N N N N N N N 0% 0% 100 % N N N 097 N 0,76 N

50 15,0 A N N N A N N N A N 0% 30 % 70 % N A D 303 D 282 N

6,0 N N N A N N N N N N 0% 10 % 90 % N A D 238 D 204 N

0,0 A N N N N N N N N N 0% 10 % 90 % N A N 1,79 N 142 N

-6,0 A N N N N N N N N N 0% 10 % 90 % N A N 1,19 N 0,89 N

100 10,5 D N A A D D A A D D 50 % 90 % 10 % D D D 550 D 493 D

55 D D N A D D N D D D 70 % 80 % 20 % D D D 467 D 397 D

0,5 A N A N N N N A A A 0% 50 % 50 % A A D 368 D 294 D

-3,5 D N A D N A N N D N 30 % 50 % 50 % A D D 28 D 219 D

-6,5 N N A N N N N N A N 0% 20 % 80 % N A D 229 N 1,70 D

9,5 A N N N N N N N A N 0% 20 % 80 % N A N 1,79 N 1,29 D

150 1,1 D D D D D D A D D A 80% 100 % 0% D D D 570 D 4,60 D

-39 D D D D N D N D D A 70 % 80 % 20 % D D D 417 D 3,18 D

-79 A N N D N A N A A A 10 % 60 % 40 % A D D 308 D 225 D

-10,9 D N N D A A N A A N 20 % 60 % 40 % A D D 238 N 1,69 D

-13,9 A N N N N N N A A N 0% 30 % 70 % N A D 180 N 1,25 D

200 -1,8 D D D D D D D D D D 100 % 100 % 0% D D D 641 D 499 D

-6,8 D D D D N D N D D A 70 % 80 % 20 % D D D 448 D 331 D

-10,8 D A A D A A N D D A 40 % 90 % 10 % A D D 320 D 228 D

-13,8 D N N D A N N A A N 20 % 50 % 50 % A D D 242 N 1,69 D

-16,8 D N N N A N N A A A 10 % 50 % 50 % A D D 180 N 1,23 D

400 -8,4 D D D D D D A D D D 90% 100 % 0% D D D 787 D 573 D

-13,4 D D A D D A A A D A 50% 100 % 0% D D D 503 D 352 D

-17,4 A A N D A A A A A N 10 % 80 % 20 % A D D 340 D 231 D

-20,4 A A A D N A N A A N 10 % 70 % 30% A D D 249 N 166 D

-23,4 A A N A A A N A A N 0% 70 % 30 % A A D 181 N 1,18 D
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Appendix D

Trumpet, anechoic

§ £ 5
78 4 " w s s & ¢ ¢ ¢ 3
8 § £ B8FPQRIEELESE b o N 8 s & 38 5 8 2
Direct N NN N N N N NN K 0% 0% 10% N N
I I
Single 30 28,4 D NAADNA A N A A D 10% 70% 30% A D D 2066 D 206 N
19,4 D N NNDAD D N A A D 30% 60% 40% A D D 19 D 18 N
134 D NN NDATDAN N A D 20% 50% 50% A D N 177 N 163 N
74 D N NADNADN N N D  20% 40% 60% N D N 150 N 131 N
1,6 D NDNANA AN N N K 10% 40% 60% N D N 097 N 076 N
50 -6,0 D N DNNNNDN NN N 20% 20% 80% N D N 1,19 N 08 N
-10,0 L}) N NN A N D A N N A 4\ 10% 40% 60% N D N 08 N 062 N
15,0 A NNADNNAN AN D 10% 40% 60% N D N 05 N 037 N
-20,0 ANNAANNAN AN A 0% 40% 60% N A N 03 N 022 N
25,0 M N N N A NN A N AN D 0% 30% 70% N A N 019 N 012 N
-30,0 ,Ik N NN A NN A N N N r}l 0% 20% 80% N A N 011 N 0,07 N
100 195 » ADDDDTDDD D A K 8% 100% 0% D D N 068 N 046 D
245 D N ADTDTGDDD N A A D 5% 8% 2% D D N 04 N 026 D
295 b D DDADTD A D A N b 60% 9% 10% D D N 02 N 014 D
-34,5 D AAADAAAN A A D 10% 9% 10% A D N 013 N 007 N
395 B A ADNNAAA AN b 10% 70% 30% A D N 007 N 004 N
150 23,9 » DDDDODODTDD D D b 100% 100% 0% D D N 064 N 042 D
-28,9 E D ADDUDA A D D D ﬁ 70% 100% 0% D D N 037 N 022 D
-33,9 A ADDTDTDTD A A D 60% 100% 0% D D N 021 N 012 D
-38,9 N A DDDAAAA D D B 50% 100% 0% D D N 012 N 006 D
-43,9 D ADDNAAD D A A A 4% 9% 10% A D N 007 N 004 N
200 -26,8 D DDDDODDDD D D D 100% 100% 0% D D N 062 N 03 D
-31,8 » DDDDDDDD A A D 80% 100% 0% D D N 03 N 021 D
-36,8 D DDDDTDTDD D A A D 8% 100% 0% D D N 02 N 010 D
418 B ADDADATDD D A D  60% 100% 0% D D N 012 N 005 D
-46,8 D ADDAANAA A A A 2% 9% 10% A D N 004 N 007 N
I I
400 294 b Db bDbDbDDDDD D D D 100% 100% 0% D D N 094 N 05 D
334 Db DDDDDTDD D D A D 9% 100% 0% D D N 060 N 034 D
384 D DDDDTDADD A A D 70% 100% 0% D D N 03 N 017 D
434 D D DDAAATDD A A D 5% 10% 0% D D N 019 N 009 D
-48,4 D AANNANARA AN D 0% 60% 40% A A N 011 N 004 N
Multiple 18 4 108 DN N NDNNAN NOA N 10% 30% 70% N D N 144 N 138 N
58 P NDNNNA AN N N B 10% 30% 70% N D N 13 N 125 N
08 D N NNNNNDN N N N 10% 10% 90% N D N 121 N 108 N
42 D N N N N NN A N N N B 0% 10% 90% N A N 102 N 08 N
13 36 D N DANNNTDN AN N 20% 40% 60% N D N 100 N 08 N
8,6 i N N NNNNDN A AN 10% 30% 70% N D N 08 N 063 N
136 N N NANNA N AN B 0% 30% 70% N A N 063 N 045 N
-18,6 rlﬂ N NN NNNAN N N ’f 0% 10% 90% N A N 044 N 030 N
23,6 N N A ANNNA N N NN 0% 30% 70% N A N 029 N 018 N
15 -43 D N NNANAD N AN N 10% 40% 60% N D N 05 N 048 N
9.3 D NN ANNA AN AN A 0% 40% 60% N A N 045 N 039 N
14,3 D N NANNA A N N N D 0% 30% 70% N A N 03 N 028 N
-19,3 ¥ NN ADNAAN N N D 10% 40% 60% N D N 02 N 019 N
243 AN N NN NN AN NN W 0% 10% 90% N A N 017 N 011 N
25 12,3 B N NANDA D N AN D 20% 5% 50% A D N 05 N 047 N
1473 D N N D N A A D N N N D  20% 40% 60% N D N 04 N 032 N
223 AN NDAAAA AN N N D 10% 50% 50% A D N 029 N 020 N
273 D NADNANA N N N D  10% 40% 60% N D N 018 N 012 N
323 D N NDNNN A N N A A 10% 30% 70% N D N 011 N 006 N
373 A N N A NNA AN N N N 0% 30% 70% N A N 006 N 004 N
50 -32,0 D N ADATDTOD A D A A D 4% %% 10% A D N 019 N 012 D
-35,0 B A ADANNAA AN b 10% 70% 30% A D N 014 N 008 N
-38,0 P ADDAANA A N A D 20% 8% 20% A D N 010 N 005 N
-42,0 L}) A DDAANAA N A [p 20% 80% 20% A D N 007 N 004 N
-47,0 P N NDNANA N A AN 10% 50% 50% A D N 004 N 004 N
I I
100 4 -331 D ADDODTODODA A A A D 50% 100% 0% D D N 04 N 027 D
-36,1 B A DDNAAAD D A B 40% 9% 10% A D N 033 N 018 N
-41,1 A A ADNANATD A A D 2% 8% 20% A D N 019 N 009 N
-46,1 ;IA A DDA AN A A A A [? 20% 90% 10% A D N 011 N 0,04 N
51,1 N N N ANANA A N N N 0% 40% 60% N A N 006 N 004 N
13 -33,9 D N ADDNDTD A b A D 50% 80% 20% D D N 03 N 018 D
3%9 B A ADDADAA D A D  40% 100% 0% A'D N 02 N 012 N
-41,9 D AADNNAAD A A D 2% 8% 20% A D N 013 N 006 N
-46,9 b N ADAANAA A A A 10% 80% 20% A D N 008 N 004 N
-51,9 D NAANNNAA AN N 0% 50% 50% A A N 004 N 004 N
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Appendix D

5 € c
o I 2
5 5 5 S § S 8
8 e g § = g 5
g2 g 9 - < . ow Y £ £ % £ % %
[T
8 8 < B 8 F P25 0602382 D D+ N g s & 8 = 8§ 2
15 -341 b A DDDAADD A D b 60% 100% 0% D D N 017 N 010 D
37,1 D AADNAA ATD A A D D 30% 9% 10% A D N 012 N 006 N
421 H N NDNDNATD A A b 30% 60% 40% A D N 007 N 004 N
47,1 D N ADANNA A A A A 10% 70% 30% A D N 004 N 004 N
52,1 ANNAANNAA NN 0% 40% 60% N A N 002 N 004 N
25  -30,8 b ADDDODTODTDN A D B 70% 9% 10% D D N 0273 N 017 D
-34,8 b ADDDTDATD A D A D 60% 100% 0% D D N 018 N 010 D
37,8 D A DDNTUDA A D A A D 4% 9% 10% A D N 013 N 007 D
428 D N ADNAA A D A A D  20% 8% 20% A D N 008 N 004 N
478 A NADNDNAA AN A 20% 60% 40% A D N 004 N 004 N
] ]
50 325 D DDDDATDTD A D D D 8% 100% 0% D D N 03 N 018 D
-36,5 ® DD DDDADD D A b 80% 100% 0% D D N 020 N 011 D
395 D ADDGDTGDATD A D A D 60% 100% 0% D D N 014 N 007 D
425 B A A DNANAD A D b 30% 8% 20% A D N 010 N 005 N
455 P ADDNANA A A A D 2% 8% 20% A D N 007 N 004 N
] I
| ]
200 4 -393 P DDDODTDTDA D A A D 70% 100% 0% D D N 046 N 023 D
-42,3 q) A D DDDD D D D A q> 80% 100% 0% D D N 033 N 015 D
-453 P DDDDAAAD D A P 60% 100% 0% D D N 023 N 009 D
-48,3 D DDADATDD A A 60% 100% 0% D D N 017 N 052 N
523 A ADAANATD A N 20% 8% 20% A D N 011 N 004 N
| [}
13 -357 D DDDODTDTDD D D D D 100% 100% 0% D D N 048 N 026 D
397 b D DDADODTDD D A D 8% 100% 0% D D N 03 N 016 D
42,7 D DADDAATDD D A D 60% 100% 0% D D N 02 N 010 D
-47,7 b ADDAAADD A A D 40% 100% 0% A D N 013 N 040 N
52,7 A ANDAAAATD A N A 20% 8% 20% A D N 007 N 035 N
[} I
15 -358 ® D DDDDTDD D D D B 100% 100% 0% D D N 025 N 014 D
398 B D DDODODATUDOD D A D 809% 100% 0% D D N 016 N 008 D
-42,8 D DDDADTDA D A A D 60% 100% 0% D D N 011 N 005 D
-47,8 P DDDAAATD A A A D 4% 10% 0% A D N 007 N 004 N
528 A A ADAANAA AN D 20% 80% 20% A D N 004 N 004 N
25 36,2 b D DDNDTDDD D Db 0% 90% 10% D D N 026 N 023 D
-40,2 P DDDDATDD D A D D 8% 100% 0% D D N 017 N 014 D
-43,2 r]'J D DDAAATUDD A D q> 60% 100% 0% D D N 012 N 0,09 D
-46,2 A DDDTDAATDD A D D 70% 100% 0% D D N 009 N 060 N
-49,2 b AADNAADD A A D 30% 9% 10% A D N 006 N 004 N
5 32 D D DDDDDD D D D D 100% 100% 0% D D N 028 N 015 D
-40,2 D DDDDTDADD A D D 8% 10% 0% D D N 018 N 008 D
432 b D ADODODATDD A D b 70% 100% 0% D D N 013 N 006 N
-46,2 A DDDNAAATD A A D 4% 9% 10% A D N 009 N 004 N
-492 AAADNAADD A A D  30% % 10% A D N 007 N 004 N
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Appendix D

Speech, reverberant

Reflectogram
f=4
3 . % 5 % 5 8 . 3|z oz &
8 ¢ g g s g 3|3 T 3
2 » w 8 ¥ S x g X _g x ° x 1z ¥ =
3 & B EFEPLL2LIE B 2ES 2 D DA N 22 |18 3 § 3 838 83 § B3] 8 2
Reverberation 10 1 A DDDAADAATD ¢ 50% 100% 0% D D N 064 N 094 D 119 D 119 N 089 D
2 D DDDUDTUDTDTDDD o} 100% 100% 0% D D N 054 N 08 D 100 D 1,12 N 075 D
3 D DDDUDTUDTDATDD [0} 9% 100% 0% D D N 041 N 066 N 08 N 08 N 068 D
4 A DDDODTDTDATDTD d) 80% 100% 0% D D N 040 N 058 N 077 N 093 N 062 D
5 D DDDUDUDTDTDDD D 100% 100% 0% D D N 044 N 059 N 064 N 065 N 064 D
6 A DDDODODTDTUDDD ¢ 9% 100% 0% D D N 041 N 067 N 070 N 070 N 060 D
50 1 N NANNNANA A |{1 0% 40% 60% N A N 061 N 08 D 109 D 1,09 N 077 N
2 N NANNNANNN N 0% 20% 80% N A N 051 N 08 D 101 D 101 N 066 N
3 N NDANADN A A 4 20% 60% 40% A D N 065 N 087 N 087 N 087 N 075 N
4 N NANNNANN A N 0% 30% 70% N A N 043 N 063 N 069 N 070 N 072 N
5 N ADADNUDATD A [:) 40% 80% 20% A D N 049 N 065 N 071 N 070 N 072 N
6 A A DDA ADTDAATD A 50% 100% 0% D D N 045 N 068 D 1,19 N 071 N 065 D
Orchestra, reverberant
Reflectogram
=
’g [ W [ o ) 0 ) 2
g s s 2 30§ 8 3 8 3|8 § =
o z o ° s 5 S 2 S 2 > & > S
15 48 4o ¥ S: 0z 535235 23|88 3
3 & B3 FPL 2P B 3LES 2 D DA N 33 |8 8 § 8 & &8 % &8l & 2
Backwall 10 17 A D N N A AN A A A 0% 70% 30% A D N 084 N 1,07 D
1 D DA DA A N A D N 40% 80% 20% A D N 1,24 N 1,77 D
7 N A A NN N N N N N 0% 20% 80% N A N 171 D 233 D
15 A N N N N N N A NN 0% 20% 80% N A N 054 N 055 N
Reverberaton 10 17 A D N N A N N A N N 10% 40% 60% N D N 043 N 102 N 104 N 102 N 1,00 N
1 D A A NN A N A D N 20% 60% 40% A D N 078 N 123 N 129 N 137 N 0097 N
7 N A N N N N N N D N 10% 20% 80% N D N 072 N 09 N 093 N 093 N 075 N
15 A N N D N N N N D N 20% 30% 70% N D N 072 N 08 N 092 N 092 N 085 N
70 177 A N N A N N N A A N 0% 40% 60% N A N 043 N 061 N 073 N 073 N 149 N
1 A D A A N N N N A N 10% 50% 50% A D N 080 N 107 N 111 N 111 N 159 N
7 N N N N N N N A DN 10% 20% 80% N D N 067 N 100 N 103 N 103 N 1,03 N
15 N N N N N N N A AN 0% 20% 80% N A N 069 N 08 N 08 N 08 N 090 N
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Appendix D

Trumpet, reverberant

Reflectogram
. 5
T . 3% 5 8 5 5 - S|8 3 g
5 2 gs g g gz ¢
% 8 1) w X X E x .g X _g X S X % X =
8 & B9 FP QLI 2ES 2 D DA N g2 12 8 § 3 53 83 § 3]s 8 ¢
Backwall 10 17 i D DDDODTUDDD D D [?) 100% 100% 0% D D N 084 N 107 D
1 D DDDODUDD D D D 100% 100% 0% D D N 1,24 N 177 D
7 D DDDDGDADD D A D 80% 100% 0% D D N 1,71 D 233 D
1 O ND A DNNDN D A W 40% 60% 40% A D N 144 D 18 D
3 D N N A DN A A N A AN 10% 60% 40% A D N 1,08 N 122 N
14 ¢ N NNANAAN D N |}| 10% 40% 60 % N D N 083 N 0,96 N
5 P N N N NN N D N A N N 0% 20% 80% N D N 054 N 055 N
017 Do DDDDODDD D D D 100% 100% 0% D D N 049 D 228 D
1 b DbpbDDDDDD D D b 100% 100% 0% D D N 075 D 327 D
7 P DDDDGDTUDDD D D P 100% 100% 0% D D N 1,09 D 355 D
1 B D D D D A D D N D A A 70% 90% 10% D D N 096 D 270 D
3 DA NADNODTDN AN W 30% 60% 40% A D N 074 D 198 D
4 D N DN ND D D N N N D 40% 40% 60% N D N 058 N 159 N
5 b N NNNNNAN NN 0% 10% 90% N A N 038 N 101 N
1

Reverberation 10 17 A D D b D D A D D A D b 80% 100% 0% D D N 043 N 102 N 1,03 N 1,02 N 1,00 D
1 D DADNGDATDTD A A N 50% 90% 10% D D N 0776 N 123 N 1294 N 1,368 N 097 D
4 D DD E N N A A D A N A 40% 70% 30% A D N 0728 N 103 N 1064 N 1,137 N 065 N
7 N D D N N N A N AN K 30% 50% 50% A D N 0721 N 09 N 093 N 09 N 075 N
1 D D D D D A N D D D A D 70% 9% 10% D D N 0631 N 094 N 097 N 097 N 09 D
3 N D NDNNNAN NN 20% 30% 70% N D N 0619 N 08 N 081 N 0801 N 08 D
6 D N D |ID D DADOD A A rF 60% 90% 10% D D N 0416 N 064 N 0712 N 0712 N 075 D
7017 N D A D N A N A N N AN 20% 60% 40% A D N 0433 N 061 N 073 N 073 N 149 D
1 D NNDDAAAN N oA R 20% 60% 40% A D N 0804 N 107 N 111 N 111 N 159 N
4 N ANDNNN AN A N N 10% 40% 60% N D N 0573 N 08 N 08 N 08 N 097 N
7 NANBDDNNAN A AN 20% 60% 40% A D N 0667 N 100 N 103 N 103 N 103 N
0 D ADDPNANAN N N N 20% 50% 50% A D N 0688 N 100 N 1,03 N 1,03 N 1,05 D
3 D N N g AN A A N A N N 0% 50% 50% A D N 0653 N 08 N 092 N 09 N 09 N
6 A N A D AN AN AN § 20% 60% 40% A D N 0498 N 071 N 075 N 075 N 078 D

Female chorus, reverberant

Reflectogram

c
5 o . u o e le o 2
2 5 5 2 8 2 3 2 3 =2|g& 3 bl
o 2 t ¢§ ¢ 8§ 2 ¢ 5 g5 ¢S 5
% 8 1) w X ¥ S x S < S x ° x % X =
8 & BLFLLPNEE 2L 2 D DA N g2 |18 3 § 3 3 83§ 3]s 8 2
Backwall 017 D D D D D D DDD D 100% 100% 0% D D N 084 N 107 D
1 D DDD D D DDD D 100% 100% 0% D D N 1,24 N 177 D
7 D DDD D D DDD D 100% 100% 0% D D N 1,71 D 233 D
9 D N DD N D A A DN 50% 70% 30% D D N 1,66 D 220 D
11 D N N D N N N A A N 20% 40% 60 % N D N 144 D 18 D
3 N N N N N N N N N N 0% 0% 100% N N N 1,08 N 122 N
70 17 D D D D D D DDD A 9% 100% 0% D D N 049 D 228 D
1 D DDD D D DDD D 100% 100% 0% D D N 0,75 D 327 D
7 D D DDA D DDD D 9% 100% 0% D D N 1,09 D 355 D
9 D DA DA D DA AN 50% 90% 10% D D N 1,08 D 321 D
1 D D A D A A A A A D 40% 100% 0% A D N 0,96 D 270 D
3 D N A A N N N N A N 10% 40% 60% N D N 0,74 D 198 D
5 N N N N N N N N A N 0% 10% 90% N A N 038 N 101 N
Reverberaon 10 17 D D D D D D A DD A 80% 100% 0% D D N 043 N 102 N 1,03 N 102 N 100 D
1 N N D A A AN A A N 10% 60% 40% A D N 0776 N 123 N 1,294 N 1368 N 097 D
7 N A N N N A AN AN 0% 40% 60% N A N 0721 N 09 N 093 N 093 N 075 N
0 D DD DD D DDD A 9% 100% 0% D D N 0638 N 095 N 0979 N 0979 N 08L D
1 D D D D A D DDOD A 80% 100% 0% D D N 0631 N 094 N 097 N 097 N 094 D
3 D D D D A D DDOD A 80% 100% 0% D D N 0619 N 087 N 081 N 081 N 08 D
6 D D D D D D DDA D 9% 100% 0% D D N 0416 N 064 N 0712 N 0712 N 075 D
70 17 D N D D D D N A D A 60% 80% 20% D D N 0433 N 061 N 073 N 073 N 149 D
1 A N D N A N N N A N 0% 40% 60% N D N 084 N 107 N 1,11 N 1,01 N 1,59 N
7 N N N A N N N N N A 0% 20% 80% N A N 0667 N 100 N 1,038 N 1,03 N 1,03 N
0 D D DD A D DA DA 70% 100% 0% D D N 0688 N 100 N 1,03 N 1,03 N 1,05 D
1 A N A N N AN A N N 0% 40% 60% N A N 0678 N 099 N 1,02 N 1,02 N 099 N
3 N N N N N N N N N N 0% 0% 100% N N N 0653 N 08 N 092 N 092 N 09 N
6 A D D D D D A DA D 70% 100% 0% D D N 0498 N 071 N 075 N 075 N 078 D
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Appendix E

APPENDIX E — CORRELATION ANALYSISOF LISTENING TEST RESULTS

A correlation analysis was performed to validate the listening test results. Test results are
discussed in Section 6.1. Results are reproduced in the following order:

*  Speech, anechoic
»  Speech, reverberant
» Cadlo, anechoic

e Trumpet, anechoic
e Trumpet, reverberant
» Guitar, anechoic

e QOrchestra, anechoic
e Orchestra, reverberant

* Female chorus, anechoic
* Female chorus, reverberant

Results from single echo situations where echo reflection are generated through a single
reflection from the back wall of the concert hall are included in the calculations of the
anechoic sections, which deviates from the division used in previous appendix. This is done
to address correlation coefficients of anechoic and reverberant situations separately.
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Appendix E

Speech, anechoic

L
3. £ § 2 2 ¢ 35 5 8 2 % 3
BS
JPS 0,66
PN 0,68
TG 0,56
AS 0,52
PS 0,63
UK 0,63
JT 0,53
GE 0,68
AB 0,61
HF 0,52
OAE
Average: 08 089 076 070 08 08 071 090 08l 072 0,80
Speech, reverberant
) L
@ o g 2 2 2 35 5 T 2 T S
BS
JPS 0,75
PN 0,83
TG 0,78
AS 0,86
PS 0,79
UK 0,78
JT 0,78
GE 0,79
AB 0,75
HF 0,79
OAE
Average: 08 095 08 09 091 09 08 091 086 0,90
Cello, anechoic
BS 0,51
JPS 0,56
PN 0,53
TG 0,53
AS 0,49
PS
UK
JT 0,58
GE 0,55
AB 0,60
HE 0,48
OAE 0,52
Average: 067 073 078 078 0,70 08 077 08 073 075 [ 076
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Appendix E

Trumpet, anechoic

1]
s £ 0§ g 2 ¢ % 5 8 2 % 3
BS
JPS 0,62
PN 0,54
TG 0,51
AS 0,41
PS 0,57
UK 0,48
IT 0,41
GE 0,55
AB
HE 0,54
OAE 0,56
Average: 0,88 0,79 0,75 0,63 0,82 0,70 0,59 0,80 0,77 0,80 0,75
Trumpet, reverberant
) 1]
8 s ¥ 2 2 2 5 5 & 2 & 3
BS -0,31 0,34 0,26 0,45 0,65 0,42 0,54 0,20 0,11 0,29
JPS -0,31 0,01
PN 0,34 0,32
TG
AS 0,26 0,20
PS 0,45 0,42
UK 0,65 0,29
JT 0,42 0,53
GE 0,54 0,53
AB
HF 0,20 0,26
OAE 0,11 0,38
Average: 0,45 0,28 0,65 0,45 0,75 0,47 0,92 0,91 0,54 0,75 0,61
Guitar, anechoic
) 1]
s £ 0z g 2 ¢ % 5 8 2 % 3
BS 0,67 0,21 -0,05 0,68 0,79 0,55 0,71 0,72 0,47 0,53
JPS 0,67 0,55
PN 0,21 0,13
TG -0,05 -0,09
AS 0,68 0,52
PS
UK
JT 0,79 0,59
GE 0,55 0,45
AB 0,71 0,55
HF 0,72 0,45
OAE 0,47 0,46
Average: 0,84 0,86 0,31 -0,12 0,85 0,91 0,75 0,87 0,79 0,76 0,68
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Appendix E

Orchestra, anechoic

() P z O] %) 0 N4
s} - o = < o )

BS 0,49 0,39 0,61 0,61

JPS 0,49

PN 0,39

TG 0,61

AS 0,61

PS

UK

JT 0,68

GE 0,37

AB 0,71

HF 0,79

OAE 0,58

Average: 0,78 0,81 0,72 0,76 0,71

Orchestra, reverberant

n @ z O] (%) n N4
s} ] o = < o o)

BS 0,34 0,65 0,27 0,14

JPS 0,34

PN 0,65

TG 0,27

AS 0,14

PS

UK

JT 0,71

GE -0,43

AB 0,10

HF -0,07

OAE -0,43

Average: 0,94 0,50 0,80 0,20 0,10

-

0,68

0,93

0,71

0,73

L
o

0,37

0,66

-0,43

-0,52

o
<

0,71

0,88

0,10

-0,07

LL
I

0,79

0,89

-0,07

0,05

O
0,58

0,79

-0,43

-0,52

0,58
0,60
0,53
0,55
0,53

0,71
0,50
0,66
0,66
0,60

0,79

0,14
-0,01
0,13
-0,16
-0,07

0,16
-0,05
0,00
-0,14
-0,05

0,22
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Appendix E

Female chorus, anechoic

%) @ z O %) n X
) = a [t < a )

BS 0,54 0,68 0,93 0,49

JPS 0,54

PN 0,68

TG 0,93

AS 0,49

PS

UK

JT 0,61

GE 0,59

AB 0,66

HF 0,65

OAE 0,44

Snitt 0,73 0,89 0,90 0,83 0,90

Female chorus, reverberant

%) @ z O] %) n X
) = a [t < a )

BS 0,67 0,76 0,77 0,71

JPS 0,67

PN 0,76

TG 0,77

AS 0,71

PS

UK

JT 0,81

GE 0,68

AB 0,75

HF 0,79

OAE 0,57

Snitt 0,88 0,86 0,80 0,92 0,83

-

0,61

0,92

0,81

0,93

L
o

0,59

0,95

0,68

0,80

o
<

0,66

0,96

0,75

0,91

LL
I

0,65

0,85

0,79

0,83

o
0,44

0,82

0,57

0,76

0,62
0,74
0,78
0,71
0,75

0,79
0,81
0,82
0,72
0,68

0,88

0,72
0,70
0,64
0,77
0,68

0,77
0,64
0,75
0,67
0,61

0,85
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Appendix F

APPENDIX F—-CD
See the included readme.txt file on the CD for information about its content.
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