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1. Introduction

1.1 Motivation

A new concert hall is often received with mixed reactions. While propo-

nents may offer the hall praise for its unprecedented clarity in the trans-

mission of musical detail, the critics may simultaneously tear it down for

its lack of envelopment and responsiveness to the music. The conflicting

views stem from the inherently subjective manner in which the acoustical

properties of halls are judged; that is, the judgments are based on indi-

vidual perception, expectations, and biases, instead of objective criteria

such as, for instance, the average octave band reverberation times com-

pared against design targets. As far as acoustical quality is concerned,

the concert hall’s purpose is to render music in a way that facilitates its

appreciation. However, whether a hall excels in this challenge is not at

all straightforward to assess.

Although largely unknown to the general public, the acoustical qual-

ity of concert halls has been at the focus of significant scientific efforts

in the last century. These efforts have spawned from, for example, the

acoustical problems encountered with the opening of new halls, where

the expectations for acoustical quality have not been adequately met, and

subsequent renovations have been necessary to redeem the flaws. They

have uncovered technical and auditory attributes that can nowadays be

taken into consideration when designing new halls. Examples of these

findings are, e.g., the implications of architectural shape, why the ’fan’

shape is not a very good choice, whereas the classical ’shoebox’ shape is a

particularly suitable one; that the auditory quality of halls involves mul-

tiple perceptual dimensions; and that the listeners are typically divided

into two or more groups that give different weights to the perceptual di-
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mensions, for instance, some preferring a loud and reverberant, powerful

sound, and others prioritizing musical clarity and perception of minute

details in the performance.

Past perceptual research has focused on relative ratings of concert

halls with regard to overall quality of acoustics (preference), or with re-

gard to specific auditory attributes such as reverberance, loudness, en-

velopment, apparent source width, etc. The method of study has often

been questionnaires filled by listeners at regular concerts. These stud-

ies have uncovered the primary auditory attributes that distinguish halls

from each other, as well as the differences evident in the way individ-

ual listeners weigh the importance of these aspects for the overall ex-

perience. However, the relative ratings of halls, and corresponding au-

ditory attributes, are insufficient for developing a full understanding of

the underlying perceptual phenomena. Among other challenges, conclu-

sions from relative ratings are limited by an incomplete sampling of the

possible parameter space. Furthermore, multiple attributes are usually

correlated (e.g. reverberance and loudness), and therefore impossible to

assess independently of each other. For a more complete understanding,

studies with a controlled, more psychoacoustical, approach are needed in

order to bridge the gap between overall ratings and dynamics of auditory

attributes.

Consequently, another line of research has been about mapping the

relationship of acoustical characteristics to auditory attributes using partly

or fully synthetic sound fields in a laboratory environment. This approach

gives the researcher more control over stimuli, and specific auditory at-

tributes can be studied in a detailed way. For instance, subtle links be-

tween acoustical qualities and auditory attributes have been succesfully

mapped, e.g. the importance of lateral late reverberation for the sense

of envelopment. However, at the most extreme, the sound field may be

reduced to extreme simplicity, for instance, to study the effect of one lat-

eral reflection on the apparent auditory width of a sound source. Apply-

ing the conclusions from studies with such ’reductionist’ approach to the

questions of concert hall acoustics may also lead to overemphasis of some

qualities that may not have similar effects when present as only a part of a

fully complex sound field. Some false conclusions have resulted from stud-

ies that have assumed that the perceptual effect of the concert hall sound

field is a sum over the effects of its parts. In reality it has been found that

the auditory attributes are non-linear and more or less interdependent. A

12
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further problem is that, although nowadays increased computational ca-

pacity and ever more sophisticated methods make it possible to work with

a high degree of realism even in the laboratory environment, it is unclear

to what extent and fidelity the laboratory setting can mimic the real au-

ditory experience of being in a concert hall. For this reason, the results

obtained in laboratory conditions are generally in need of confirmation

from real halls.

Despite the various studies, both in situ and in laboratory, and due to

the challenges involved, a great deal remains to be uncovered about how

the acoustics of concert halls influence listeners’ perceptions of musical

performances. Particularly, while the difference between good and poor

acoustics is overall rather well predicted, e.g. by the measurement-based

acoustical parameters described in Annex A of the ISO 3382-1 standard

(ISO 3382-1:2009, 2009), the difference between good and excellent acous-

tics remains elusive, and a source of debate. Strong opinions have been

expressed in favor of one or the other acoustical attribute being the deci-

sive factor for the higher ranking of best halls, but the opinions are typi-

cally based on anecdotal evidence instead of carefully executed perceptual

studies, and furthermore in conflict with the opinions of others.

Clearly, studying the auditory influence of concert halls is far from

trivial, and it is not the purpose of this thesis to try to present a silver

bullet for the challenges. The full coverage of the phenomena that under-

lie the auditory aspects of symphony orchestra performances in concert

halls would have to include – in addition to sound field metrics, knowl-

edge of relative ratings with regard to auditory attributes, and dynamics

of the attributes with regard to changes in the acoustical factors – the

knowledge of how the auditory system estimates sound source locations,

and how it associates reflected energy with sound sources to create higher

level percepts, e.g. timbre, and how the auditory scene analysis works

in integration/segregation of multiple concurrent sources simultaneously

and in sequences. This is currently unattainable, as it implies a high

level of understanding about neural activity at different levels through

the auditory periphery to the auditory cortex. It would require consider-

able advancements in multiple fields of research and some bridges built

between them.

Nevertheless, this thesis contributes to concert hall acoustics research

with new approaches and results yielding insights into some of its audi-

tory aspects. The work has been based on listening experiments in the
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laboratory. The individual studies have not been based on any one ex-

clusive theme, but are instead based on various questions that became

relevant in the process of a gradual growth of understanding regarding

the concert hall problem.

1.2 Scope

This thesis presents four publications (I-IV) that deal with various audi-

tory aspects related to listening to symphony orchestras in concert halls.

The research is conducted by means of laboratory listening experiments,

based on measurement and analysis/resynthesis methods that deliver the

concert hall sound field into the laboratory environment via convolution

with anechoic multitrack symphony orchestra recordings. Relevant back-

ground in the fields of concert halls and psychoacoustics are discussed,

and some sources of challenges and research areas of interest are identi-

fied in the process.

The general approach of the studies is a compromise between the ap-

proaches discussed in the previous section. Instead of looking for absolute

or relative ratings of halls, or using synthetic or extremely reductionist

sound fields to isolate specific phenomena, the studies are based on lous-

peaker orchestra (LSO, see Section 2.1.1) measurements of real halls, a

directional analysis/resynthesis of multichannel room impulse responses

(RIR) with the spatial decomposition method (SDM, see Section 2.2.2),

and reproduction through a multichannel loudspeaker system; either sit-

uated in an acoustically treated listening room (Publications I-III), or an

anechoic chamber (Publications III and IV).

The RIRs were modified in various ways in order to study perceptual

effects of specific aspects of the sound field. These modifications were

always applied channel-wise to each LSO channel RIR. In Publications I

and III, the modifications were used to study discrimination of differences

in the RIRs, while in Publications II and IV, different portions of the RIRs

were extracted and convolved separately in order to allow the listeners

to adjust the sound field to preference (II), or to a perceptual threshold

(IV). Various anechoic symphony orchestra recordings were used as source

stimuli for convolutions with the modified RIRs. Table 1.1 summarizes

briefly the research targets, experimental tasks, and RIR divisions used

in the Publications I-IV.

It should be noted that the work is concerned exclusively with the per-
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Table 1.1. A summary of the research targets, RIR time divisions, and experimental tasks
used Publications I-IV. The time limits are in milliseconds.

Publication Research target Participants’ task

I Discriminability of concert hall based on

early (0–80) or late (80–∞) sound.

Four-alternative forced choice.

II Optimal balance for direct (0–15), early (15–

80), and late (80–∞) components of the sound

field.

Adjustment of levels for two

components while one is kept

fixed.

III Discriminability and preference of seat-dip

effect related changes in the direct sound (0–

15) magnitude spectrum.

Triangle (discrimination) and

paired comparison (prefer-

ence) tests.

IV Direct sound (0–5) to reverberant response

localization threshold.

Adjustment of direct sound

level against a fixed reverber-

ant response.

ception of concert hall acoustics as a member of the audience, and there-

fore musicians’ perception of stage acoustics is not discussed.

1.3 Structure

The thesis is structured as follows. In Chapter 2, the background of au-

ditory perception in a concert hall is discussed using a source–medium–

receiver model as a framework. The symphony orchestra source and its

modeling, the acoustical response of concert halls and its measurement,

and some relevant characteristics of the human auditory system are briefly

discussed. Chapter 3 continues with a discussion of concert hall studies

and their challenges, and reviews the main findings in the field alongside

the main auditory attributes. Next, Chapter 4 reviews the background

and contributions of the publications presented in this thesis. Finally,

Chapter 5 summarizes the main findings and proposes some future direc-

tions.
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2. Factors of auditory perception in
concert halls

This chapter deals with the factors underlying the auditory experience of

music in concert halls, and the related technical background of this the-

sis. The factors are 1) the symphony orchestra sound source, which is

characterized by a frequency-dependent directivity and level-dependent

spectrum; 2) the concert hall medium, in which the sound propagates to

a listener’s ears through a direct path and myriad reflections, with diffu-

sion, diffraction, and absorption involved in the process, all of which are

frequency-dependent phenomena; 3) the listener’s auditory system as the

receiver, which is characterized by frequency-dependent directivity and

level-dependent sensitivity (which is also frequency-dependent), and is

furthermore equipped with specific abilities and limitations with respect

to making sense of sounds. This source–medium–receiver model (Lokki

and Pätynen, 2018) is illustrated in Figure 2.1.

Figure 2.1. The source-medium-receiver model for the auditory aspect of the concert hall
experience. Adopted from Lokki and Pätynen (2018).
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2.1 The symphony orchestra as a sound source

From an acoustical point of view, the symphony orchestra consists of a

large group of concurrent sound sources with different dynamic ranges,

spectral and temporal characteristics, and frequency-dependent directiv-

ities. The sources are set spatially apart, in isolation or as parts of larger

groups of similar instruments. Furthermore, due to stylistic choices, spe-

cific positions on the stage are allocated to different instrument families,

as in, e.g., the ’American’ arrangement in which the strings are positioned

so that the violins are on the left (from the point of view of an audience

member), and violas, cellos, and contrabass on the right (Meyer, 1972).

Thus, the whole orchestra forms a wide ensemble of sound sources with

a very complex directivity pattern and an overall spectrum dependent on

the dynamic level (Meyer, 1993).

Given this level of complexity, it is clear that the common practice

of measuring concert halls using a single omnidirectional loudspeaker at

one or a few positions on stage does not begin to approximate the source

characteristics of a symphony orchestra. For instance, there is no om-

nidirectional radiation above 500 Hz in the symphony orchestra (Meyer,

1993). Whilst useful for technical comparisons of halls, e.g. comparisons

of the duration of the reverberant decay in various halls, measurements

with omnidirectional sources cannot be expected to provide room impulse

responses for realistic auralizations1 of concert hall sound fields.

In estimating the relative importance of the various auditory attributes

of concert halls, it is crucial that sufficient attention is given to source

characteristics. For instance, it is quite possible that the importance of

apparent source width (ASW) has been overstated, due to studies being

conducted with methods that result in a point-source orchestra (e.g. one

source on stage recorded in halls, or a single loudspeaker representing the

direct sound in an anechoic chamber). Given that the orchestra is a wide
1The definition for auralization according to Kleiner et al. (1993):

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 listening experience at a given position in the modeled space.

Thus, one may speak of, for example, auralization of a concert hall sound field,
which means that the listener is presented with a stimulus corresponding (in
practice to some degree of approximation) to the real concert hall sound field.
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source by default, especially so at nearby listening positions, there might

not be a need for additional widening to the extent predicted by some past

studies.

2.1.1 The loudspeaker orchestra for hall measurements

The loudspeaker orchestra (LSO) was developed by Pätynen (2011) as

an answer to the previously mentioned challenges of adequately repre-

senting the symphony orchestra source for purposes of measurement and

auralization. The LSO approximates roughly the directional radiation

characteristics and spatial extent of a full-size symphony orchestra. The

present version of LSO uses 34 loudspeakers (various Genelec models)

set on stage (see Figures 2.2a and 2.2b). The loudspeakers represent var-

ious instrument groups and one soloist, a total of 25 channels, for which

room impulse responses (RIR, see Section 2.2.1) are measured separately

at listener positions using sine sweeps and a six-channel intensity probe.

The LSO is calibrated and setup similarly in all halls, effectively making

for a constant source between hall measurements. With measurement of

all source channels from similar listening positions in each hall, the LSO

enables accurate comparisons of halls in auralization-based listening ex-

periments.

The LSO is the source employed in the measurements that serve as a

basis for the concert hall auralizations used in the listening experiments

of Publications I-IV.

2.1.2 Anechoic symphony orchestra recordings

In addition to the approximate source representation given by the LSO

measurements, realistic auralizations require representative musical ma-

terial of adequate quality in a multichannel format. The work of this

thesis uses mainly the recordings of individual symphony orchestra mu-

sicians made by Pätynen et al. (2008). The recordings have been made in

an anechoic chamber with the aid of a conductor video and a piano accom-

paniment delivered to the musicians via headphones. The multichannel

source compiled from these recordings includes simulation of the section

sound for string instruments using the method of Pätynen et al. (2011).

Of the recordings, extracts of two symphonies from the classical and

romantic eras served as the musical source material for all of the Publica-

tions I-IV. The extracts were taken from the first movement of Ludwig van
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(a) The LSO setup on stage in Munich Herkulessaal during the 2012 measure-

ment tour in Europe.

(b) The predefined setup of loudspeak-

ers and channels in the LSO (with

one meter grid spacing). Some chan-

nels feature auxiliary loudspeakers

(depicted with triangles) that are di-

rected upwards for a better approxi-

mation of the high frequency direc-

tivity of string instrument groups

(Pätynen, 2011).

(c) The G.R.A.S. 50-VI 3D vector inten-

sity probe used in the hall measure-

ments. The probe consists of six om-

nidirectional capsules that are orga-

nized in pairs arranged along the x,

y, and z axes.

Beethoven’s symphony no. 7, and second movement of Anton Bruckner’s

symphony no. 8. Various excerpts suitable for the listening experiments

were chosen from these extracts. Additionally, an Italian recording made

by D’Orazio et al. (2016) of the aria ’O mio babbino caro’ from Giacomo

Puccini’s opera Gianni Schicchi was used as one of the excerpts in the

listening experiment of Publication IV.

2.2 The acoustical response of concert halls

When a sound source (e.g. a start pistol) produces an impulsive sound in

a concert hall, the pressure wave propagates from the source to all direc-
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tions until it interacts with boundaries and is reflected or absorbed. The

reflected waves continue along paths determined by the arrival angles of

the wavefronts and the shapes and material of the boundaries, and the

waves continue being reflected off of other boundaries until sound energy

has been dissipated through absorption into heat. Given a sound velocity

of about 343 m/s at room temperature (Kuttruff, 2009), the decay time

of the reverberant response of the concert hall beyond perceptibility, i.e.

the reverberation time, is typically around two seconds in an average con-

cert hall. During these two seconds the sound waves travel close to 700

meters, and reflect from boundaries dozens of times, leading to a highly

complex sound field.

All broadband sounds in a concert hall initiate this reflection decay

process, the exact characteristics of which are a function of the position

of the sound source within the hall. It is this reflection decay process, or

rather many such processes for different source positions – rather than

the individual sounds being played – that is of interest in specifying the

acoustics of a concert hall with respect to a specific listening position, and

thus it is also at the heart of concert hall studies. The reflection decay

process is captured in a measurement entity called the room impulse re-

sponse (RIR), which may be further analyzed in time and frequency. The

next section deals with the room impulse response and its measurement

and utility.

2.2.1 The room impulse response

The acoustical conditions of concert halls are quantitatively assessed from

measured room impulse responses (RIRs). The RIR specifies the acousti-

cal transfer of sound between source and receiver points as a trace of

sound pressure through time, and is based on an assumption of the con-

cert hall as a linear time-invariant system. In practice, this assumption

is never strictly true, since there is always some degree of air flow and

fluctuations in temperature and moisture levels. At high frequencies the

violation of time-invariance due to thermal and flow effects make mea-

sument results unreliable (Blesser, 2001). However, since ordinary de-

partures from the assumption do not affect most of the audible frequency

range, the measurement and analysis of the RIR also yields useful infor-

mation.

The RIR of a concert hall consists of a sequence of arrivals that have

different roles in perception: the direct sound, early reflections, and late
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reflections (also called reverberation2). The difference between early and

late reflections is roughly that the early reflections are discrete and co-

herent, while the late reflections are myriad and incoherent. Due to these

differences, as well as due to the different ranges of time delays relative to

direct sound, the early and late reflections have different roles in auditory

perception.

The RIR can be obtained in several different ways, but the most com-

mon method today is the swept-sine technique (Farina, 2000). Other

methods and their relative suitability depending on measurement circum-

stances is considered in Stan et al. (2002). As the time-dependent spatial

distribution of sound energy is a crucial aspect worthy of inspection, mul-

tichannel RIRs are necessary for directional analysis. For simple applica-

tions, e.g. the calculation of some ISO 3382-1:2009 (2009) parameters, it

suffices to measure RIRs additionally with a figure-of-eight microphone,

or a dummy head that yields a binaural RIR. For more sophisticated anal-

ysis, a B-format microphone or a multichannel array (see Figure 2.2c for

an example) can be used. The directional analysis may be performed with

e.g. the spatial decomposition method (Tervo et al., 2013), which decom-

poses the room impulse response into plane waves by estimating the di-

rection of arrival of sounds based on the multichannel RIR (see Section

2.2.2).

As the number of possible source and receiver position combinations

in a hall is impractically large, impulse responses are typically measured

for a small set of representative source and receiver positions; e.g. sources

set on stage at orchestra performer positions, and receivers at various

parts of the seating area (ISO 3382-1:2009, 2009). Sound field parameters

can then be calculated separately from the multiple RIRs and averaged to

yield a single value for the hall. However, a problem for some of the pa-

rameters is that they can have large variations within various positions in

a hall. For example, de Vries et al. (2001) have shown that the measures

for predicting apparent source width (JLF and 1-IACC, see Section 3.3.1)

have large fluctuations – even for displacements within the same seat –

which do not necessarily correspond with auditory perception. The rather

alarming implication is that a specific parameter value cannot be said to

correspond exclusively to a certain sense of apparent source width.

2The common use of reverberation includes two distinct meanings: 1) the late
reflections (typically taken from 80 ms after start of impulse response), 2) the
whole room response (excluding direct sound).
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The RIR can be utilized for auralization purposes by convolution with

acoustically dry (or anechoic) recordings, either through use of multichan-

nel RIRs for loudspeaker reproduction, or binaural RIRs for headphone

reproduction. The work of this thesis is based on the former method.

2.2.2 Spatial decomposition method

Auralization of a concert hall sound field and sophisticated analysis of

its directional aspects require measurement and analysis methods be-

yond the standard ISO 3382-1:2009 (2009) procedures. For the present

work, the hall impulse responses are based on measurements with a six-

channel intensity probe (see Figure 2.2c) and a subsequent directional

analysis and resynthesis with the spatial decomposition method (SDM)

(Tervo et al., 2013).

The SDM is based on the assumption that at any given time, the

sound propagation direction is the average of all the incident waves at

the measurement microphone array, and that the pressure can be taken

from a single microphone at the center of the array. The method further

assumes that the multichannel RIR can be decomposed and represented

as a finite set of image sources associated with specific pressure values

and directions for each sampling instant.

After the spatial decomposition, the image sources can be allocated

to reproduction impulse responses corresponding directly to loudspeaker

positions in a listening room (as in Publications II-IV), or panned flexibly

between reproduction loudspeakers with vector base amplitude panning

(Pulkki, 1997) (as in Publication I), or convolved with head-related trans-

fer functions (Blauert, 1997; Møller, 1992) corresponding to estimated di-

rections, for binaural reproduction.

For visual analysis of the spatially decomposed sound field, a cumula-

tive spatio-temporal analysis is useful (Pätynen et al., 2013).

2.3 Properties of the auditory system

This section reviews briefly the mechanisms by which the auditory system

senses sound, localizes auditory events, and organizes them into higher

level percepts. The characteristics of auditory localization also form the

basis of auditory spatial perception phenomena in concert halls such as

apparent source width and listener envelopment (ASW and LEV, respec-
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tively; see Sections 3.3.5 and 3.3.6).

2.3.1 Transmission of sound to the brain

A sound that enters the human ear is affected by shadowing, diffrac-

tion, and reflections caused by the head, shoulders, and the pinna. The

sound travels through the ear canal and causes the eardrum to vibrate.

The vibration is transmitted via the impedance-matching bones (ossicles)

in the middle ear to the membrane-covered oval window, and on to the

cochlea, causing the basilar membrane to vibrate in response to the trav-

elling wave. The position of the maximum displacement on the basilar

membrane is dependent on the frequency: high frequencies cause a max-

imum near the base and low frequencies near the apex. This frequency-

to-place ’mapping’ of the basilar membrane, in a way a Fourier analysis

of incoming sound, forms the basis for the principle of tonotopy observed

throughout the auditory system. The inner hair cells on the basilar mem-

brane transduce the vibration of the membrane into neural signals that

travel via the auditory nerve to the brain (Moore, 2012). The properties

of the basilar membrane also form the basis of the frequency resolution of

human hearing, which follows roughly the equivalent rectangular band-

width, however, in a continuous sense instead of a discrete filter bank

(Moore and Glasberg, 1983).

2.3.2 Directional localization

Localization of sound direction is based on two kinds of cues, monaural

and binaural. They result from path length differences between sound

arrival angles, and the effect that the human head, pinna, and shoulders

have on the incoming sound. There are two aspects to directional localiza-

tion: 1) how well the perceived direction corresponds with the true source

location, i.e. the accuracy of direction perception, and 2) the resolution

of the auditory space, i.e. what is the smallest perceivable shift in true

location, which is gauged with the concept of the minimum audible angle

(Moore, 2012).

Binaural cues

In the free field, the sounds entering the ears of a listener are identical

when the sound source is directly ahead, or indeed anywhere in the me-

dian plane (0◦ azimuth). However, when a source has non-zero azimuth,

the sound waves entering the left and right ears travel different distances
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and therefore arrive at different times, giving rise to interaural time dif-

ferences (ITDs). The sound entering the farther ear is also occluded by

the head, giving rise to interaural level differences (ILDs). The auditory

system makes use of these differences in the ear input signals as binaural

cues for localization (Moore, 2012).

Due to the wave nature of sound, the cues are useful for localiza-

tion in limited frequency ranges. The ITD is primarily a low frequency

cue; between about 1000 Hz and 1500 it becomes progressively more am-

biguous as the phase differences may correspond to delays of one or more

waveform cycles. Furthermore, the neural phase-locking to temporal fine

structure is lost at high frequencies. However, envelope ITDs of tran-

sients, and amplitude modulation can be used as cues for localization of

high frequency sounds (Henning, 1974). The maximum natural ITD is

about 800 μs, and the hearing system is sensitive to changes in ITD of

about 10 μs in the forward direction (0 reference ITD) where sensitivity

is best, which corresponds to about 1 degree difference in azimuth angle,

while sensitivity is markedly worse for directions closer to the side of the

head (Hartmann, 1999). A specific ITD is not enough for uniquely defining

a sound source direction, since it corresponds to a number of directions on

the so-called cone of confusion. These ambiguities, as well as ambiguities

in the vertical direction, may be resolved by rotating the head, or with the

aid of other directional cues.

In contrast to the low-frequency ITD, the ILD is primarily a high fre-

quency cue, as the shadowing effect of the head is negligible below about

500 Hz due to sound wave diffraction around the head. On the other hand,

high frequency ILDs can be as large as 20 dB. However, the auditory sys-

tem is sensitive also to ILDs at low frequencies, but they occur naturally

only for sources that are close to the listener. Sensitivity to ILD changes

is also best (about 1 dB) with a reference ILD of 0 dB (Moore, 2012).

Out of these binaural cues, ITD appears to be the dominant one.

Wightman and Kistler (1992) presented subjects with stimuli having con-

flicting ITDs and ILDs that corresponded to different directions. With

wideband stimuli, the perceived direction was almost always congruent

with the ITD, and when the low frequencies were removed, the percep-

tion was congruent with ILD. Wightman and Kistler suggested that the

roles of the various cues are such that the ITD is used to establish the

possible source positions, while ILD and spectral cues are used to resolve

confusion around the possibilities.
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In addition to localizing sound source directions accurately, binaural

listening offers several advantages over monaural listening. These are

the ability to distinguish other spatial details such as the sound source

distance and spatial extent, and the reduction of perceived reverberance,

as well as reduction of the coloration effect caused by early reflections

(Kohlrausch et al., 2013).

Monaural cues

The monaural localization cues are spectral patterns caused by the direction-

dependent filtering effect of the head and the pinna (and the shoulders/torso

to some extent). The transfer function between the spectrum measured at

the eardrum, and the spectrum measured at the middle of the head with

the listener absent, is called the head-related transfer function (HRTF)

(Møller, 1992). The auditory system makes use of the spectral patterns

in the HRTF to determine the elevation angle of a sound source, and the

direction of a sound source in the median plane when binaural cues are

absent.

As the direction is specified by spectral patterns that span the audible

frequency range, the spectral cues are more effective for wideband sounds.

High frequencies above 6 kHz are especially important, since short wave-

lengths are strongly affected by the shape of the pinna (Moore, 2012). On

the other hand, spectral cues can give an impression of specific locations

in the median plane independent of the actual location of the sound source

(Blauert, 1969/70; Hebrank and Wright, 1974); for narrow band sounds,

the elevation is solely determined by the frequency content rather than

the source direction (Blauert, 1969/70).

Room effect

In rooms, the directional cues of the direct sound are disturbed by re-

flections. For instance, reverberation causes fluctuations in the short-

term ITD and ILD, reduces ILD values, and changes the spectral shape

of sounds (Shinn-Cunningham et al., 2005). The highly regarded spatial

impression in concert halls (apparent source width and envelopment, see

Sections 3.3.5 and 3.3.6) is also due to the rapid fluctuations in instanta-

neous ITD and ILD values caused by reflections (Blauert and Lindemann,

1986a). Furthermore, reverberation degrades envelope shape and reduces

modulation depth, which affects the capacity to use envelope ITDs for lo-

calization (Monaghan et al., 2013).

Reverberation time has no effect on localization accuracy for transient
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sounds, while it has an effect on broadband noise (Hartmann, 1983). The

latter case may be measured with the concept of direct-to-reverberant ra-

tio (DRR): a 6 dB drop in DRR leads to at least 1 degree increase in lo-

calization error. Furthermore, spectral density is monotonically related

to the localization accuracy for sounds without attack transients. More-

over, reflections that have the same binaural cues as the direct sound (e.g.

a ceiling reflection) improve localization, while lateral reflections lead to

increased confusion.

The precedence effect (Wallach et al., 1973; Litovsky et al., 1999) aids

localization in reverberant surroundings. It refers to the ability to dis-

regard (to some degree, but not quite completely) the directional cues

of the myriad potentially confounding reflections that come from a va-

riety of directions, and instead perceive the sound source direction as

corresponding to that of the direct sound. For the precedence effect to

work, detection of sound onsets is crucial (Hartmann, 1983; Hartmann

and Rakerd, 1989) and sounds must include transients (Rakerd and Hart-

mann, 1985). Accordingly, the precedence effect is strongest for sounds

with short onset times, while the range of effective onset times extends

to around 100 ms (Rakerd and Hartmann, 1986). On the other hand,

onsets of sounds have to be at least 200 ms long to avoid influencing lat-

eralization of long-duration tones (Kunov and Abel, 1981). Furthermore,

binaural cues are integrated over time in the auditory system; the esti-

mates for the length of this temporal window are around and in the order

of 100 ms, and it appears to be independent of frequency (Grantham and

Wightman, 1978; Akeroyd and Summerfield, 1999; Boehnke et al., 2002;

Kolarik and Culling, 2009).

As for the perceptual onset time, it is directly related to the amplitude

envelope when the onset time is small. On the other hand, for gradual on-

sets the spectral cues have more influence, and the perceptual onset time

is more vague and the onset is easily masked by other sounds (Gordon,

1987). Since both onset duration and sound level affect the perceptual on-

set time, the rate of sound pressure change appears to be the determining

factor. Short-term adaptation (onset dominance) of neural responses has

been indicated as a possible basis for onset perception. It has been found

that the short-term adaptation emphasizes the directional cues in rising

portions of amplitude envelopes (such as onsets) (Devore et al., 2009).

Furthermore, onsets have been found to have a dominant role in the neu-

ral responses of the central auditory system, as well as in many aspects
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of auditory perception (Phillips et al., 2002).

The auditory system also appears to have a capacity to adapt to acous-

tics of rooms to some degree. This has been found, e.g., to improve un-

derstanding of speech in reverberant conditions (Srinivasan and Zahorik,

2012).

2.3.3 Distance perception

Distance perception has been reviewed by Zahorik et al. (2005) and Ko-

larik et al. (2016). The following paragraphs are mainly based on these

two papers.

The primary acoustical cues for the distance of stationary sound sources

are sound level, direct-to-reverberant ratio, and spectrum. The sound

level is a relative distance cue, with higher levels indicating closer dis-

tances. In the free field, the sound level drops by 6 dB for each doubling

of the physical distance away from the source, but in enclosed spaces the

decrease is smaller due to additional reverberant energy. When sound

level is the primary available distance cue, the auditory system tends to

underestimate distances beyond about one meter.

The direct-to-reverberant ratio (DRR) provides an additional, abso-

lute cue for distance in echoic spaces. In contrast to the 6 dB drop in the

direct sound level associated with every doubling of distance, the rever-

berant level is relatively constant throughout the space. Therefore, a high

DRR value is associated with a close distance, and a low value with a long

distance.

The spectral attenuation of high frequencies due to air absorption,

which in light of current knowledge appears to be a relative distance cue,

is a significant cue for distance for physical distances larger than 15 me-

ters. The relative decrease of high frequency energy is associated with an

increase in perceived distance.

Additionally, binaural coherence has an effect on the perceived dis-

tance of sounds. The higher the correlation between the sounds entering

the ears, the larger the perceived distance. In other words, the furthest

and closest auditory events are obtained with correlations of 1 and -1,

respectively (Kurozumi and Ohgushi, 1983; Kendall, 1995).

Kuusinen and Lokki (2015) studied distance perception in concert

halls using various positions at the same physical distances in different

halls. The results showed that the differences in the acoustics of the halls

also lead to differences in the perceived distance. The larger distances
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were limited (i.e. perceived to be closer) in the more reverberant halls,

which appears to be due to the reverberant response compensating for

the distance-dependent decrease in overall sound strength.

2.3.4 Auditory scene analysis

Although study of auditory scene analysis phenomena (Bregman, 1994)

is beyond the scope of this thesis, it seems appropriate to mention briefly

some of the perceptual grouping principles as they underlie the perceptual

organization of complex sound mixtures, of which a symphony orchestra

performance in a concert hall may be seen as a prime example (and ar-

guably one of the most complex).

Auditory scene analysis (ASA) is the process of disentangling and

making sense of mixtures of simultaneous and interlaced sequences of

sounds that arrive from many sound sources. It requires inferring rela-

tionships between the various sounds, so that a sequence of sounds from

one source may be linked together to form a coherent perceptual ’stream’

that stands out as distinct from other unrelated sounds. The well-known

"cocktail party problem" (Cherry, 1953), i.e. the ability to selectively at-

tend to a single speaker among a crowd of other interfering speakers, is

an example of this capacity.

The underlying principles of perceptual organization, the so-called

Gestalt principles (Moore, 2012), have been formulated mostly based on

vision, but apply well also to audition. The primary principles are:

• Similarity – Sounds with similar characteristics (e.g. pitch, timbre,

loudness, spatial location) tend to group together.

• Good continuation – Smooth and continuous changes in sounds tend to

retain a unitary grouping, whereas abrupt changes lead to segregation

into multiple streams.

• Common fate – Sounds that go through similar changes tend to group

together.

• Belongingness – Sounds can only belong to one stream at a time (al-

though there are some exceptions to this when the grouping is ambigu-

ous).
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• Closure – Sounds are perceived to continue through a temporary period

of masking (even when the stimulus is removed while masker is active).

• Figure-ground phenomenon – Only one stream may be the primary focus

of attention at a time, while the rest of the sounds are in the background.

The process of ASA involves two modes of organization; simultaneous and

sequential, which are dependent on somewhat distinct factors. Sequen-

tial segregation is mostly based on the principle of similarity, with differ-

ences in frequency, timbre, and spatial location being especially influen-

tial for segregation. The speed of presentation influences the sensitivity

to the streaming influences; for instance, with alternating low and high

tones, the minimum frequency difference required for stream segregation

is smaller when the speed of presentation is higher. On the other hand,

the segregation of simultaneous sounds follows a so-called old-plus-new

heuristic; as described by Bregman (1994):

If you can plausibly interpret any part of a current group of acoustic compo-

nents as a continuation of a sound that just occurred, do so and remove it from

the mixture. Then take the difference between the current sound and the pre-

vious sound as the new group to be analyzed.

Further influential clues for simultaneous grouping are spatial location,

harmonic relationships, as well as synchronicity of onsets/offsets and am-

plitude/frequency modulation (examples of the common fate principle).

Of special interest is the role of attention in perceptual grouping. For

instance, when listening to alternating low and high tones, large differ-

ences always lead to stream segregation and small differences to a single

stream, but in between there is a range of differences which may lead to

either segregation or integration, depending on the attentional set of the

listener.

Some aspects that are customarily attributed to sound sources, e.g.

melody and rhythm, are in fact emergent properties of a stream, i.e. ’com-

puted’ within the stream. On the other hand, judgments across different

streams are difficult to do; for instance, the temporal order of elements

of different streams are harder to judge than within the same stream.

Other examples of within-stream emergent properties are pitch, timbre,

consonance/dissonance, and the perception of chords.

30



Factors of auditory perception in concert halls

Streaming in concert halls

Although there are no studies that deal explicitly with ASA/stream segre-

gation in the context of concert halls3, studies in other fields offer clues as

to how the acoustical response of a concert hall may affect ASA through

its effect on some acoustical properties that are known to aid in stream

segregation.

One of them is localization. In concert halls, the diversity of source

locations provides an important aid for stream segregation. Studies into

the effects of spatial location on stream segregation have shown that tasks

requiring integration of sequences are only minimally affected even by ex-

treme differences in spatial location; however, in tasks that require seg-

regation, even modest differences in spatial location result in notable im-

provements in performance (Middlebrooks, 2017). The implication is that

diversity of sound source locations in ensembles facilitates (in so far as

they are localizable) stream segregation for individual sources when it is

desirable – e.g. a soloist standing out from the orchestra sufficiently –

while not interfering with the integration of sounds that ought to be per-

ceived as a single entity, such as a group of violins playing in unison.

For the diversity of locations to aid stream segregation, the sources

must be separately localizable. Since the correct clues for localization are

only provided by the direct sound (although ceiling and floor reflections

can also aid in perceiving correct azimuth), the direct sound should be

perceivable. Therefore, a minimum direct-to-reverberant ratio (DRR) for

localization might be defined. Griesinger (2016) has suggested an impulse

response based measure for assessing localizability, which is based on a fit

to a set of informal results with speech and ideal reverberation. In prac-

tice, it is not clear what the minimum direct-to-reverberant ratio is, and

it is likely to be different for various sources. In Publication IV (see Sec-

tion 4.4) the question for such a localization threshold was studied with

an adjustment test based on finding a low limit (where clear localization

disappears) and high limit (where localization becomes clear) for various

instrumental source pairs, and averaging over these to obtain an esti-

3Some informal remarks have been made: Kahle (2013) talks about stream seg-
regation into source presence and room presence, and Griesinger (1997) talks
about stream segregation with regard to different aspects of spatial impression
for sources and background; this is very interesting but the fact remains that
there are no formal results apart from the precedence effect -based fusion of di-
rect sound and early reflections for ASW. Particularly, the potential effect of a
concert hall’s acoustical response on the perceptual grouping of multiple instru-
ments remains unexplored.
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mate. The localization DRR (700-4000 Hz band) estimate for the halls in

the experiment was found to be between -2.7 dB and 1.7 dB, as averaged

over the excerpts. The implication is that at further distances from the

orchestra where DRR is reduced, the clear separation of sources might no

longer be possible. An additional factor is that the further the listener is

from the stage, the smaller the subtended angle between the endpoints

of the orchestra, and the greater the expected difficulty in separating the

sources.

It is likely that reverberation affects stream segregation in concert

halls through its effect on localization. For instance, reverberation has

been found to reduce the influence of spatial separation, and particularly

the ITDs, on perceptual segregation of sounds (Darwin and Hukin, 2000;

Culling et al., 2003; Lee and Shinn-Cunningham, 2008), and similarly on

spatial release from masking for speech (Plomp, 1976; Kidd et al., 2005).

Late reverberation has also been found to compress the range of later-

alization judgments, and a related compression in firing rates has been

observed at a neuronal level (Devore et al., 2009). However, the number

of simultaneous spatially separated sources that can be localized appears

to be limited: the auditory system can identify and localize around three

to four sound sources, depending on the type of source (Zhong and Yost,

2017).

A second aspect that is likely affected by the response of halls is onset

asynchrony. Even in small ensembles, the natural deviations in simulta-

neous onsets are in the order of 30 to 50 ms (Rasch, 1979). In this range

the onsets may still sound synchronous (depending on the instrument),

but the auditory system is able to make use of the asynchrony for im-

proved streaming (Rasch, 1978). Reverberation increases perceived onset

times (Naylor, 1992) by softening instrument envelopes, and this influ-

ence is dependent on the shape of the instrument attacks (Naylor, 1991).

In practice, it may result in different amounts of perceived onset shift de-

pendent on the instrument and playing style, and may furthermore blur

the distinction between individual onsets.

A third aspect is the effect of reverb on timbre and timbral differ-

ences. For instance, reverberation reduces the perceived brightness (spec-

tral centroid) of instrument tones (Kato et al., 2014). Reverberation also

smoothes envelope fluctuations, which reduces speech intelligibility (Hout-

gast and Steeneken, 1973), and might also reduce the differences between

instrument timbres (’intelligibility’ of individual timbres).
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The work of Wallace Sabine (1993), conducted during the late 19th and

early 20th century, forms the foundation of modern scientific study of

room acoustics. Sabine related the time that it takes for the reverberant

response of a room to decay to imperceptibility after excitation by a loud

sound – i.e. the reverberation time – to the room volume and combined ab-

sorption capacity of the room surfaces and objects within the room. This

advancement provided a new degree of predictability and control in the

design of concert halls, and opened doors for further research.

The identification of the perceptual dimensions relevant for describ-

ing the differences between concert halls through scientific means, and

the mapping of the physical sound field qualities related to these dimen-

sions, however, had to wait for over fifty years until they could be properly

studied and understood. The detailed study of the perceptual qualities –

which is the focus of this thesis – had to wait for the recording, synthe-

sis, and reproduction methods to evolve, in order to enable the study of

concert hall sound fields with sufficient quality in laboratory conditions

where the requisite degree of control was attainable.

It is worth noting at this point that there is no singular solution of

perfect acoustical conditions for all purposes, but rather the acoustical

requirements vary depending on the musical period, compositional style,

size of ensemble, and are also subject to individual tastes. In particular,

the right balance between clarity and reverberance depends on the musi-

cal style. However, general favorable ranges have been identified for some

of the perceptual dimensions. For example according to Beranek (2004),

a concert hall with a reverberation time between 1.8 and 2.1 seconds has

a chance of being excellent, whereas below 1.5 seconds it is bound to be

too dry, at least for the common repertoire. Although it is not trivial to

generalize what constitutes good concert hall acoustics, this quote from
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Beranek (2004) presents a rather useful informal set of requirements for

a good concert hall:

It must be so quiet that the very soft (pp) passages are clearly audible. It must

have a reverberation time long enough to carry the crescendos to dramatic very

loud (ff ) climaxes. The music must be sufficiently clear that rapidly moving vi-

olin passages do not melt into a general "glob." The hall should have a spacious

sound, making the music full and rich and apparently much "larger" than the

instrument from which it emanates. It must endow the music with a pleasant

"texture," an indescribable, but hearable, quantity that can be demonstrated by

electronic measurements. The bass sounds of the orchestra must have "power"

to provide a solid foundation to the music. Finally, there should be no echoes

or "source drift"; that is to say, all or part of the orchestra should not seem to

originate at some side or ceiling surface.

In other words, the hall should have a low level of background noise (from

air ventilation, nearby traffic etc.), be free of echoes and other acoustical

defects, have sufficient reverberance but also adequate clarity, add spa-

ciousness and a sense of source widening to the music, as well as a certain

degree of ’magic’, and have a good bass response.

The attentive reader might notice that the quote lacks any explicit

mention of timbre, or at least is very vague about it if one supposes that

’texture’, ’full’, and ’rich’ may point to timbral aspects. This may be also

seen as reflection of the general state of concert hall acoustics literature,

in which timbre remains a dark area about which very little is known

(timbre is further discussed in Section 3.3.7).

3.1 Methods and challenges

Studies on the acoustical quality of concert halls have been conducted in

two principal ways.

The first and most traditional method is questionnaire studies, which

have mostly been conducted in the context of regular concerts, with either

experts or regular concertgoers who have been given the task to rate the

overall acoustic impression and/or some specific perceptual aspects. This

approach is mainly attractive for the authenticity of the experience. On

the other hand, problems come in the form of uncontrolled factors that
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bias the results. For example, no two performances are ever the same,

even if they are of the same orchestra playing the same program on con-

secutive days. Thus, the reproducibility of the experience is generally low,

and the characteristics of a specific performance are likely to affect sub-

jects’ judgments. Further challenges may come from individual biases,

since the subjects are not sufficiently deprived of additional knowledge

pertaining to the experience: non-acoustical factors such as how the hall

looks, its reputation, the orchestra that plays etc. likely influence the re-

sults. As a partial solution, experts may be used as subjects, but it is not

really known how well this alleviates the issues.

The other branch of research has been based on laboratory reproduc-

tion of the concert hall sound, either using recordings made in concert

halls, or convolutions of measured concert hall impulse responses with

anechoic music. The reproduction method has been either binaural (us-

ing headphones or loudspeakers with cross talk cancellation), or a mul-

tichannel loudspeaker system. The main advantages of the laboratory

approach are perfect reproducibility of stimuli across repetitions, and the

possibility of conducting double-blind listening tests, and thus eliminating

many sources of potential bias. It is also feasible to immediately compare

different halls or listening positions against each other, which enables

more detailed studies, as the severe limitations of auditory memory can

be partially overcome. On the other hand, the laboratory approach can be

doubted for its ecological validity, i.e., how closely does the perception of

the synthesized sound field resemble that of a real concert hall? The eco-

logical validity of laboratory reproduction/synthesis of concert hall sound

fields, especially when listening to looped excerpts that are only a few

seconds long (as is common), is not well established.

Several additional factors complicate the perceptual study of concert

halls. Although the acoustics of a hall is often discussed as a singular en-

tity, the different seats in a hall can have large variations in their acousti-

cal characteristics. For example, Okano et al. (1998), using measurement

data from 28 concert halls, found that the variations in LJ and IACC

within a single hall were at least as large or larger than the variations in

the averages between different halls. It follows that, for the perceptual

comparison of halls to be meaningful, sufficiently similar listening posi-

tions should be chosen between the halls, while avoiding positions that

are unusual in some sense, e.g. positions beneath balconies, close to side

walls, or behind the orchestra (mostly in vineyard halls).
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3.2 Perceptual studies

One of the most seminal studies in perceptual ranking of concert halls

has been the work of Beranek (2004), conducted primarily during the

1950’s and 1960’s. Beranek developed a ranking of concert halls around

the world from questionnaires and interviews with music critics and con-

ductors, based on their experiences at regular concerts. He also developed

– based on his own experiences and intuition – a list of 18 subjective at-

tributes that he regarded sufficient to describe the acoustical quality of

concert halls, and a scoring system for halls based on physical and mea-

surable quantities. Most notably, Beranek (2004) considered intimacy as

the most important subjective attribute and defined it as: "The subjec-

tive impression of listening to music in a large room and its sounding

as though the room were small". To assess the degree of acoustical in-

timacy, he proposed the initial time delay gap (ITDG), which is the time

delay between the arrival of the direct sound and the first reflection. A

shorter ITDG was associated with better intimacy, and Beranek reported

that the best liked halls had ITDGs below 25 ms. However, later studies

have not found a significance for this parameter. For instance, Barron and

Marshall (1971) found that short ITDGs resulted in no special quality for

earlier arrivals over later reflections, and Cox et al. (1993) found that the

ITDG was not significant for listener preference. Although Beranek’s 18

subjective attributes and the linear scoring system are not quite scien-

tific, the interview-based ranking of concert halls, which he continued to

develop further and finally included 58 halls around the world, has served

as a useful reference for later research in the field.

Hawkes and Douglas (1971) studied the listener experience in several

concert halls in the vicinity of London via questionnaires given to subjects

at regular concerts. The subjects consisted of music students and profes-

sional musicians. The questionnaires consisted of bipolar rating scales,

with 16 dimensions chosen from the list of attributes that Beranek devel-

oped. The results were analyzed using factor analysis, which revealed 4

to 6 independent subjective factors. These factors may best be summa-

rized as the following five: reverberance, definition, evenness, brilliance,

and intimacy/proximity.

Schroeder et al. (1974) studied listener preference for acoustics in 22

European concert halls. They played anechoic orchestra recordings from

two loudspeakers set on stage, and recorded the sound field at the listen-
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ing positions with microphones inside the ears of a dummy head. The

recorded stimuli were normalized for equal loudness and presented to the

listeners using two loudspeakers with crosstalk cancellation. A paired

comparison procedure was used where the listener was required to indi-

cate a preference between two halls that she could switch between instan-

taneously and at will. The results were subjected to a factor analysis that

revealed an overriding consensus factor, and one to three minor factors

that brought out individual differences. Correlation of several parame-

ters to a subset of results from 11 halls (reverberation times below 2.2 s)

showed that the reverberation time (in this case T15) was almost coinci-

dent with the consensus factor. Conversely, definition (D50) had a high

negative correlation with the factor. Another significant parameter was

interaural coherence, with a strong negative correlation. Correlation with

another subset of results using results from halls with T15 above 2 seconds

changed the sign of the correlation to negative (although the magnitude

of correlation was also lower), suggesting that there is an optimum rever-

beration time around 2 s.

The studies of Wilkens and Lehmann, which are summarized by Be-

ranek (1992) and in more detail by Cremer and Müller (1982), were based

on the same set of binaural dummy head recordings of the Berlin Phil-

harmonic orchestra playing the same program in six unoccupied German

concert halls prior to concerts. The recordings were played back to sub-

jects through headphones, and the subjects rated the acoustical quality

of the halls using 19 bipolar rating scales. In both cases the results were

subjected to factor analysis. Wilkens found in his study that 90 % of the

variance was explained by three factors: strength and extension of source,

definition, and timbre. On the other hand, Lehmann found in his study

that the subjects were divided into two groups, those who preferred sound

strength (and thus also reverberance), and those who preferred clarity.

Barron (1988) did a questionnaire study with expert listeners at live

concerts in 11 british concert halls. He developed a questionnaire of 10-

dimensional bipolar rating scales that was based on the subjectively sig-

nificant qualities found in the previous studies of Hawkes and Douglas,

Wilkens, and Lehmann. Barron found that the subjects were divided into

two groups that preferred either reverberance or intimacy. The correla-

tions of ratings pointed to the importance of parameters G, EDT, and JLF

(see Section 3.3.1).

Sotiropoulou et al. (1995) did a questionnaire study of concert hall
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acoustic qualities using a set of 27 bipolar rating scales specifically devel-

oped for the purpose. Questionnaires were filled by ordinary concertgo-

ers at three concerts in a concert hall in London, after which the results

were subjected to factor analysis. The analysis found four independent

factors: body, clarity, tonal quality, and proximity. Furthermore, in a sep-

arate paper, Sotiropoulou and Fleming (1995) report the correlations of

physical parameters with the subjective results, which showed that body

correlated with low frequency C80, tonal quality correlated with slope-per-

octave of EDT, proximity with the total sound level. Surprisingly, clarity

did not correlate with any of the physical parameters.

Kahle (1995) also did a questionnaire study at regular concerts, and

found eight factors that were mostly in line with the previously found

ones: total sound level, reverberance, balance, contrast, low frequency

level, high frequency level, muddiness, and hardness.

Soulodre and Bradley (1995) did a listening test study on overall pref-

erence and a number of perceptual factors using anechoic music convolved

with binaural room impulse responses recorded with a dummy head in

North American concert halls. The stimuli were presented using two

loudspeakers and crosstalk cancellation. The subjects consisted mostly

of recording engineers. They used a paired comparison procedure where

it was possible to switch instantly between two compared halls. Eight

separate listening tests were conducted to obtain results on a set of at-

tributes based on the criteria used by Barron (1988): loudness, clarity,

reverberance, bass, treble, envelopment, apparent source width, and over-

all preference. Soulodre and Bradley found that of the subjective at-

tributes, clarity and treble correlated significantly with the overall pref-

erence. They also commented that the correlation of treble with overall

preference might be explained by their subjects being recording engineers,

and thus having expectations for a higher overall treble content.

Lokki et al. conducted three studies (Lokki, Pätynen, Kuusinen, Ver-

tanen and Tervo, 2011; Lokki et al., 2012, 2016) on the acoustical quality

and listener preference of concert halls. In their studies, the subjects first

developed their own attributes for describing the differences between the

acoustics of halls, and later used the same attributes to rate the halls.

The first paper (Lokki, Pätynen, Kuusinen, Vertanen and Tervo, 2011)

studied the acoustical quality of three Finnish concert halls with a lis-

tening test using recordings of the loudspeaker orchestra (Pätynen, 2011)

playing anechoic music from the stage. Subjects developed four to six at-
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tributes/bipolar scales in preliminary tests, and then assessed the acous-

tics of the halls using the same scales. The results were subjected to hier-

archical clustering and factor analysis to find out the underlying structure

of the perceptual space. The analysis implied that there were at least five

perceptual dimensions: loudness/distance, size of space, envelopment, def-

inition, and width. Two dimensions, roughly loudness and reverberance,

explained 65.7 % of the variance in the data.

In the second study (Lokki et al., 2012), listener attributes and pref-

erence were studied with nine finnish concert halls measured at a sim-

ilar seat at 12 meters from the edge of the orchestra in each hall. Hall

impulse responses were measured with the loudspeaker orchestra, and

convolved with corresponding anechoic music tracks. Subjects developed

four of their own attributes which they used to rate the halls, in addition

to a preference rating using parallel comparisons. The results were sub-

jected to factor analysis, which found that the three main attributes, loud-

ness/envelopment/reverberance, clarity/definition, and proximity/bassiness,

explained 67 % of the variance in the data. The subjective attribute that

best correlated with preference was found to be proximity.1 The subjects

were further divided into two preference groups: those that preferred clar-

ity, and those that preferred a higher degree of reverberance. Objective

(ISO 3382-1) parameters were not found to be adequate predictors of prox-

imity and preference; a further analysis of the results by Kuusinen et al.

(2014) showed that proximity correlated with the high frequency lateral

fraction JLF (2 and 4 kHz octave bands).

The third study (Lokki et al., 2016) concerned the subjective attributes

and preference for three corresponding seats at each of six well-known

European concert halls of various designs. The halls were again mea-

sured with the loudspeaker orchestra, and the hall impulse responses

were convolved with anechoic symphony orchestra recordings. As in the

previous studies, listeners developed two to four of their own attributes to

rate the halls, and also rated them based on preference (paired compar-

isons). Three attribute classes were found independently for two music

excerpts. Although there were some differences in the classes between

the excerpts, overall they were the same: clarity/definition, timbre, and

reverberance/loudness/width. The subjects were again divided into two

1This finding is rather significant as the listening position in each hall was at the
same distance from the loudspeaker orchestra, and therefore raises the question
of what soundfield characteristics determine the differences in perceived prox-
imity.
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preference groups: those that preferred clarity, and those that preferred

a high degree of reverberance. Furthermore, the preference judgments

varied between the two contrasting music excerpts, and also between the

three listening positions in the halls, making it impossible to assign a

clear ranking between the halls. Correlations of standard parameters in-

dicated that reverberance/width was well predicted by LJ , that no param-

eter had a significant correlation with either of the timbre classes, and

that EDT (negative correlation) was a better predictor of clarity than C80.

Overall, these studies have found and confirmed the main perceptual

attributes of the acoustics of concert halls. Recently, the various percep-

tual attributes found to be relevant in concert hall acoustics have been

combined into a wheel of concert hall acoustics by Kuusinen and Lokki

(2017), analogous to a wine aroma wheel.

3.3 Auditory attributes of concert halls

Alongside the studies of hall ratings, as described above, another branch

of studies has focused on specific auditory attributes. By exploiting virtual

acoustics and manipulating the concert hall impulse responses, they have

mapped details of the links between physical acoustical characteristics

and auditory perception.

There are some challenges in studying high-level percepts. Since

there is no way to directly measure human auditory perception, the stud-

ies must rely on subjects’ comparisons of sound fields with regard to some

described perceptual attribute, and subsequent correlations of various

physical parameters with the results. As correlations can imply relation-

ships but not prove them, the search for the adequate physical predic-

tors of auditory perception is not at all straightforward. Furthermore,

the physical predictors are typically based on parameters that are based

on the impulse response; however, it is generally not clear how relevant

impulse response-based metrics are in predicting perception based on an

excitation signal (i.e. music) that is convolved with the impulse response.

3.3.1 ISO 3382-1 listener aspects

The main body of knowledge about the subjective aspects of concert hall

acoustics has been distilled into a standard (although only an Annex of it)

including five listener aspects, and related physical parameters that may
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Table 3.1. Subjective aspects and related physical parameters, adapted from ISO 3382-
1:2009 (2009). Names of subjective aspects have been simplified to better cor-
respond with the common terms used in the literature, and parameters centre
time TS and definition D50 have been omitted from the subjective aspect of
clarity because of redundancy (both are highly correlated with C80 and of less
practical importance). ’Frequency average’ denotes the recommended octave
bands to use when reporting single number averages for halls, and ’JND’ de-
notes the known/supposed just-noticeable-difference.

Subjective aspect Acoustic quantity Frequency average JND Typical range

Loudness Sound strength G 500 to 1000 Hz 1 dB -2; +10 dB

Reverberance Early Decay Time EDT 500 to 1000 Hz 5 % 1-3 s

Clarity Clarity C80 500 to 1000 Hz 1 dB -5; +5 dB

Apparent source width (ASW) Early lateral energy fraction JLF 125 to 1000 Hz 0.05 0.05-0.35

Envelopment (LEV) Late lateral sound level LJ 125 to 1000 Hz (energy) N/A -14; +1 dB

be computed from measured concert hall impulse responses (ISO 3382-

1:2009, 2009). The standard also defines just noticeable differences (JND)

for all but one of the parameters. While the understanding of the percep-

tual attributes and how they are linked with the physical parameters are

far from complete, the standard serves as a useful point of reference for

the study and design of concert halls, enabling comparisons across stud-

ies and measurements. The listener aspects, the parameters linked with

them, and the known JNDs and typical ranges are listed in Table 3.1.

The physical parameters have been criticized for inadequacy in cap-

turing the essential properties of excellent concert halls. Kirkegaard and

Gulsrud (2011) describe the essential difficulty:

The problem is not that scientifically developed parameters are incorrect, but

that they are insufficient for the task of designing acoustically superior concert

halls.

Bradley (2011) highlights the same issue of a lack of knowledge about

design criteria and optimal parameter ranges. One further problem is

that the frequency range normally considered in analysis is limited in be-

tween the 125 Hz and 4 kHz octave bands, leaving the low end bass and

most of the high frequencies out of consideration (Kirkegaard and Gul-

srud, 2011). Furthermore, parameter values for halls are often reported

based on an average calculated over various measurement positions, iron-

ing out a lot of details. Given that some parameter values may have large

fluctuations within a single hall (Okano et al., 1998; de Vries et al., 2001),

it is not clear what purpose a hall average serves in representing the

41



Study of concert halls

acoustical conditions within the hall.

As quite a few of the physical parameters are evaluated based on cor-

relations with subjective listening test results, it is not certain whether

they capture the essential quality, or are merely correlated with the es-

sential quality. For instance, Lokki, Pätynen, Tervo, Siltanen and Savioja

(2011) found a consistent ordering with regard to perceptual aspects and

preference with virtual halls that had different acoustical conditions but

similar physical parameter values. Results like this cast doubt on the

singular validity of the parameters as predictors of the perceptual dimen-

sions.

Finally, the standard set of parameters lacks criteria that would at-

tempt to capture the quality of timbre in any of its multiple dimensions

(see Section 3.3.7).

3.3.2 Loudness

The subjective loudness has been identified as a dominant aspect of the

concert hall sound field (Schroeder et al., 1974; Barron, 1988). The stan-

dard predictor for subjective loudness is the sound strength parameter

G = 10 lg

∫∞
0 p2(t) dt∫∞
0 p210(t) dt

, (3.1)

where p(t) is the measured RIR, and p10(t) is the RIR measured with the

same source at a distance of 10 m in the free field. The JND of G is 1 dB

(ISO 3382-1:2009, 2009).

Barron (1996) has suggested a minimum G of 0 dB for acceptable loud-

ness, taken as the average over 125-2000 Hz octave bands. However, it

appears that the subjective loudness is more or less independent of dis-

tance in average halls; a phenomenon referred to as loudness constancy

(Barron, 1996, 2012). This means that loudness is not determined solely

based on the sound level, and that the same sound level leads to a higher

perceived loudness at further distances (Barron, 2012). It appears that

listeners try to estimate the power of the source, and do so based on the

reverberant energy that is approximately constant within a room (Kolarik

et al., 2016). Usually within the context of concert halls, the more sound

strength the better, but it is also possible to have too much loudness, es-

pecially in the case of small halls (Barron, 2009).

From psychoacoustic studies it is known that the relative loudness of

different frequency components is dependent on the listening level. In
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particular, the ear is relatively insensitive to low frequencies, but the

growth of loudness with listening level is faster for low frequncies com-

pared to high frequencies (Moore, 2012). Furthermore, loudness is depen-

dent on the sound duration: the loudness of a sound at a given intensity

increases with duration up to about 100-200 ms (Moore, 2012).

3.3.3 Reverberance

Reverberance refers to the sense of liveness in a room, which is related

to the amount of late diffuse reverberation that is audible. There are two

aspects to it. The first is running reverberation, which corresponds with

the degree of liveness heard as the music plays, and the second is ter-

minal reverberation, which corresponds to the decay of the reverberant

response to inaudibility after the music stops. For perception of the for-

mer, the early part of the reverberant response is critical, as subsequent

notes tend to mask the reverberant tails produced by previous notes. For

this reason, the latter category of reverberation is perhaps less important

for concert halls, as it is not audible unless the music contains sufficiently

long breaks. There is also a further spatial aspect to reverberance, the lis-

tener envelopment (LEV), which is assessed separately (see Section 3.3.6).

Historically, the main parameter for estimating reverberance has been

the reverberation time T (or T60, to highlight the 60 dB decay range), which

denotes the time that it takes for the sound level produced by a sound

source in a room to decay by 60 dB when the source is stopped (ISO 3382-

1:2009, 2009). In practice, T is based on estimating the slope of the decay

curve that is obtained from the squared impulse response by Schroeder’s

method of reverse-integration (Schroeder, 1965). The slope of the decay

curve is estimated with a least-squares line fit. In principle, the slope is

supposed to be estimated from a 60 dB decay range, but in practice the

noise floor in measurements influences the tail end of the curve, and thus

the slope is estimated from a smaller decay range, and then extrapolated

to correspond to a decay of 60 dB. Commonly used parameters are T30,

which is estimated from -5 dB to -35 dB of the decay curve, and T20, which

is estimated from -5 to -25 dB.

As mentioned above, the terminal reverberation is mostly masked by

continuous music. For this reason, the running reverberation is generally

of more perceptual importance. An additional parameter, the early decay

time (EDT), is used for this purpose, and is subjectively more important

than reverberation time (ISO 3382-1:2009, 2009). EDT is otherwise sim-
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Table 3.2. Reverberation time recommendations for different programs (in occupied con-
dition). Adapted from Barron (2009).

Program T60 rec.

Organ music > 2.5 s

Romantic classical music 1.8–2.2 s

Early classical music 1.6–1.8 s

Opera 1.3–1.8 s

Chamber music 1.4–1.7 s

Drama theatre 0.7–1.0 s

ilar to the various T parameters, but the decay range is taken from 0 to

-10 dB. The ISO 3382-1 standard reports a JND of 5 % relative difference

for EDT.

Reverberance is also affected by the listening level: a higher listening

level results in a higher reverberance. This has been separately shown for

both RIRs (Lee and Cabrera, 2010), and music convolved with RIRs (Lee

et al., 2012). Based on these results, Lee et al. have proposed that percep-

tion of reverberance is related to the loudness decay function of the RIR. It

is also known that given a specific T , the amount of reverberance is depen-

dent on the source sound (Teret et al., 2017). Background noise appears

to reduce reverberance (Lee and Cabrera, 2010; Kahle et al., 2015).

The appropriate amount of reverberance, and hence the reverbera-

tion time, is dependent on the program (Table 3.2). For example, program

material that contains speech requires an acoustically drier environment

than symphonic music to ensure adequate intelligibility, whereas realiz-

ing the full potential of organ music necessitates reverberation times well

in excess of 2 seconds.

3.3.4 Clarity

Clarity refers to "the degree to which a listener can distinguish sounds

in a musical performance", and has two dimensions: horizontal clarity,

which refers to the ability to separate consecutive sounds, and vertical

clarity, which is the ability to separate simultaneous sounds (Beranek,

2004). It is generally accepted that the early reflections (up to 80 ms)

contribute to increased clarity, while the late reflections (after 80 ms) re-

duce it. A number of measures for assessing the subjective clarity through

quantifying the relationship between the early and late reflections have

been proposed along the years, most notably definition (Thiele, 1953), cen-

ter time (ISO 3382-1:2009, 2009), and clarity index C80 (Reichardt et al.,
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1975). While all of them are in practice closely correlated, the clarity in-

dex has become the standard convention. It is computed based on the

measured RIR as follows:

C80 = 10 lg

∫ 0.080
0 p2(t) dt∫∞
0.080 p

2(t) dt
, (3.2)

where p(t) is the impulse response. The early sound is taken from the

start of the impulse response up until 80 ms, and the late sound is taken

from 80 ms to the end of the impulse response. For assessments of speech

intelligibility in smaller rooms, an integration limit of 50 ms is preferred

(Bradley, 1986). The ISO standard reports a JND of 1 dB for C80; how-

ever, Vigeant et al. (2015) have reported a higher JND of 3 dB in their

subjective tests. Barron gives a tentative recommended range of C80 as

±2 dB, based on past objective and subjective studies (Barron, 2009).

3.3.5 Apparent source width

The apparent source width (ASW) has been found to be a crucial compo-

nent of excellent concert halls. de V. Keet (1968) studied the ASW with

listening tests using recordings of dry source material at four positions in

three concert halls. Participants listened to the samples stereophonically

and indicated the perceived source width. He found that there were con-

siderable variations in the ASW between the various positions and halls,

and furthermore, that ASW was level-dependent with a rate of increase of

about 1.6◦/dB. Barron and Marshall (1971) subsequently established the

positive contribution of early reflections, and found that the ASW could be

predicted by the lateral to non-lateral sound ratio. They also found that

for orchestral music, the ASW produced by a single side reflection is prac-

tically independent of the time delay (between 10 to 80 ms) relative to the

direct sound. With added reverberation the results were essentially the

same. The standard parameter used to estimate ASW is the early lateral

energy fraction

JLF =

∫ 0.080
0.005 p28(t) dt∫ 0.080
0 p2(t) dt

, (3.3)

where p(t) is the measured RIR, and p8(t) is a RIR measured with a micro-

phone with figure-of-eight directivity, with its null pointed to the source

(ISO 3382-1:2009, 2009). The parameter measures the relative amount

of lateral energy to the total energy in the impulse response. The JND of

JLF is reported as 0.05. Barron (2009) has proposed a range of 0.10 to 0.35
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as acceptable for JLF.

The psychoacoustical origin of ASW is linked to an increase in the

vagueness of the perceived source direction, due to modulating interau-

ral time- and level-differences (Blauert and Lindemann, 1986a) that are

caused by lateral reflections interfering with the direct sound. The per-

ceived width also corresponds to a decrease in the absolute value of the

interaural correlation, with the widest percept obtained at a correlation

of 0 (Kurozumi and Ohgushi, 1983).

Headphone studies show that even a modest reduction of interaural

coherence with pink noise results in a split-up of the auditory event into

one coherent event and two incoherent events next to the ears (Blauert

and Lindemann, 1986b). An extreme reduction (interaural coherence be-

low 0.4) results in losing the coherent event, and leaving only the incoher-

ent events. Furthermore, less experienced listeners may perceive these

multiple events as one broadened event. This has a couple of implications

for concert hall acoustics: 1) the exact amount of lateral energy (which

are known to reduce coherence) is likely not critical, as long as there is

enough to create an audible effect, and 2) even though there may be con-

siderable ’broadening’, or the presence of significant incoherent events,

the coherent auditory event may remain perceptually available.

Although a degree of source extension is favourable, too much early

reflected energy can result in an image shift, where the perceived location

of the auditory event is incongruent with the true source direction. Okano

(2000) studied image shift with variable amounts of early lateral reflec-

tions relative to the direct sound, and reported that when the amount of

early reflected energy is 5 dB above the direct sound energy, image shift

is likely to occur. Furthermore, reflection delay was not a major factor.

He also found that the type of image shift tends to be different for octave

bands below and above 1 kHz. Below 1 kHz the source direction is more

likely to be lost altogether, while above 1 kHz multiple auditory events

are likely to appear in addition to the auditory event at the source posi-

tion. Okano argues that this indicates the importance of higher frequency

bands for localization, since the auditory event at the original source di-

rection is seldom lost completely at the higher frequency bands.

Later research has also established the importance of low frequen-

cies for ASW (Barron and Marshall, 1981; Morimoto and Maekawa, 1988).

This is at least in part due to the effect of low frequencies leading to larger

auditory events, even with diotic stimuli (Perrott and Buell, 1982; Mason
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et al., 2005). As for the role of high frequencies for ASW, there appears

to be some conflicting views. Blauert has reported two studies (Blauert

and Lindemann, 1986a; Blauert et al., 1986) that show clearly that high

frequencies contribute to ASW. In particular, the frequencies above 3 kHz

were found to contribute to the width of the auditory events, whereas the

components below 3 kHz contributed mainly to depth (front-back exten-

sion). However, on the other hand, Morimoto has reported results (Mori-

moto et al., 2007; Morimoto and Iida, 2005) that indicate that the compo-

nents above 1 kHz would not contribute to ASW at all. However, the two

authors used different stimuli in their experiments (Blauert: symphonic

music, Morimoto: pink noise), which might explain the difference in their

results.

An alternative measure for estimating ASW is based on the interaural

cross-correlation function (IACF), which measures the similarity between

the left and right channels of a binaural impulse response measured with

a dummy head. It is computed as follows:

IACFt1,t2(τ) =

t2∫
t1

pl(t) · pr(t+ τ)dt√
t2∫
t1

p2l (t)dt
t2∫
t1

p2r(t)dt

, (3.4)

where pl and pr are the left and right ear impulse responses, respectively,

t1 and t2 are the time limits for the range of the impulse response that is

taken into account, and τ is the interaural delay (ISO 3382-1:2009, 2009).

Using time limits corresponding to the early time (t1 = 0; t2 = 0.080),

and taking the maximum absolute value of the IACF evaluated over the

-1 to 1 ms range of approximate possible interaural delays, yields the in-

teraural cross-correlation coefficient (IACC). In practice, often the value

1-IACC is reported so as to to have larger values correspond to greater

degrees of spaciousness.

One problem in using IACC as a stand-alone measure for spacious-

ness is that at low frequencies the IACC is always high, due to the max-

imum interaural delay corresponding to a relatively insignificant phase

difference. Given that low frequencies have been found important for

ASW, IACC alone is an insufficient measure of it. Furthermore, it is prob-

lematic to estimate spatial impression for musical signals from IACC cal-

culated from impulse responses, as IACC depends on the characteristics

of the music and its frequency content, onset/offset times, sound durations

and frequency modulation (Neher et al., 2005).
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ISO 3382-1 reports that the JND for IACC is assumed to be 0.075.

However, psychoacoustical studies have shown that the JND is dependent

on the reference IACC: with a high reference correlation, smaller differ-

ences can be detected; while at low reference correlations, differences need

to be up to an order of magnitude larger to be detectable (Pollack and Trit-

tipoe, 1959; Gabriel and Colburn, 1981; Culling et al., 2001).

3.3.6 Listener envelopment (LEV)

Morimoto and Maekawa (1989) first provided evidence that there were

two aspects to spatial impression. Bradley and Soulodre (1995a) estab-

lished that there was an additional aspect of spatial impression alongside

ASW that was related to late reflections from primarily lateral directions,

which is now called listener envelopment (LEV). It is dependent on the

level, direction of arrival, and arrival time of late reflections. Bradley &

Soulodre proposed the late lateral sound level for the assessment of LEV

in concert halls (Bradley and Soulodre, 1995b), which is now part of the

ISO 3382-1 standard. The late lateral sound level, LJ , is calculated as

follows:

LJ = 10 lg

∫∞
0.080 p

2
8(t) dt∫∞

0 p210(t) dt
, (3.5)

where p8(t) is the RIR measured with a figure-of-eight microphone with its

null pointed at the source, and p10(t) is the RIR measured with the same

source at a distance of 10 m in the free field (ISO 3382-1:2009, 2009). For

reporting a single-number, an energy average is taken over octave bands

125 to 1000 Hz. The JND of LJ is not known, and there appears to be no

knowledge about the range of values suitable for halls.

An alternative measure for LEV is the IACC. It is calculated similarly

as for ASW, using IACF (Eq. 3.4) and evaluating over τ of -1 to 1 ms, but

using time limits corresponding to the late sound (t1 = 0.080; t2 = ∞) for

IACF (ISO 3382-1:2009, 2009).

The experimental setup of Bradley & Soulodre considered only arrival

directions in the front half of the horizontal plane. However, later stud-

ies have found that late reflections from directions other than lateral also

contribute to LEV (Bradley et al., 2000; Morimoto et al., 2001; Lachen-

mayr et al., 2016). However, there is some disagreement as to whether

the contribution of non-lateral directions is significant. For example, Ev-

jen et al. (2001) found that the LJ parameter – which is based on a figure-
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of-eight directivity pattern that marginalizes over the directions front,

above and behind – is sufficient to predict the LEV ratings also for cases

of late energy that arrives from more diverse directions, suggesting that

the contribution of non-lateral directions do not make a significant differ-

ence. On the other hand, Furuya et al. (2001) found that equal lateral

energy and differing amounts of non-lateral energy led to differences in

perceived LEV, where the energy from non-lateral directions had a sig-

nicant impact on the results. Furthermore, Furuya et al. (2008) found

relative weights of 62 % and 35 % (with respect to late lateral energy) for

late energy from above and behind the listener, respectively. The results

of Hanyu and Kimura (2001) further suggest that the effect of reflections

on LEV is dependent on the arrival directions of other reflections.

Finally, Soulodre et al. (2003) found that considering separately the

influence of level and spatial distribution components of LEV, and taking

into account the frequency-dependence of the early/late integration times

gave a better match with their experimental results.

3.3.7 Timbre

The timbral variations due to characteristics of concert halls likely repre-

sent only a small portion, and are of a different nature than, the timbral

differences available between various orchestral instruments. Neverthe-

less, it is useful to consider the results of the studies specifically dealing

with timbre perception as a preamble to dealing with it in the context of

concert halls. To begin with, the negative definition and multifaceted na-

ture make timbre rather hard to assess (McAdams and Bregman, 1979):

Timbre tends to be the psychoacoustician’s multidimensional waste-basket cat-

egory for everything that cannot be labeled pitch or loudness, including short-

term spectral changes such as onset transients, long-term spectra, those dy-

namic qualities which a musician would term "texture," and so on.

However, timbre is a crucial quality for recognition of sound sources, and

has been found to have at least 3 to 4 perceptual dimensions (McAdams

and Giordano, 2014). The dimensions along with their physical correlates

(in parentheses) are: 1) brightness (spectral centroid), 2) impulsivity (log-

arithmic attack time), 3) spectral variability over time (spectral flux), and

4) spectral irregularity (spectrum fine structure). These dimensions have
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been found with studies using musical instrument sounds. A confirmation

study using synthetic stimuli was able to confirm all of the dimensions ex-

cept spectral variability over time, which was found to be less salient as

the others, and its saliency was also dependent on the covarying dimen-

sions (Caclin et al., 2005). Furthermore, Elliott et al. (2013) conducted a

perceptual study with sustained orchestral instrument tones that found

five dimensions for timbre. Additionally, they related the dimensions to

modulation patterns in the spectro-temporal domain, showing that four

of the five timbre dimensions related to spectro-temporal patterns, rather

than purely temporal or spectral features. The spectro-temporal patterns

have also been indicated for perception of musical timbre in the study by

Patil et al. (2012), and more specifically studied by Thoret et al. (2016).

Attributes related to timbre are not well captured by any of the ISO

3382-1 standard parameters (see e.g. Lokki et al. 2016). However, timbre

is an important consideration also in concert hall acoustics, as also indi-

cated by the comments gathered from listeners in Publications I-III of this

thesis. In audio reproduction, timbre has been found to be more impor-

tant than spatial attributes in the context of degradations of reproduction

quality with home theater surround systems (Rumsey et al., 2005). Tim-

bre is also one of the main features that determines the auditory grouping

of sounds (Bregman, 1994). Although non-standard parameters such as

the bass ratio (Beranek, 2004) and treble ratio (Soulodre and Bradley,

1995) have been proposed as perceptually relevant parameters for assess-

ing the presence of low and high frequencies in concert halls, these merely

address one aspect of timbre, spectral balance or brightness, and are not

very well established. At least one known effect of a reverberant room re-

sponse on instrument timbre is the lowering of the perceived brightness

of instrument tones, which comes about through a low-pass effect that

lowers the spectral centroid (Kato et al., 2014).

3.4 Diffusion of early reflections

Diffusion may refer either to spatial diffusion or scattering of sound en-

ergy, or diffusion in the time domain (i.e. altered phase). Diffusers pro-

duce both effects simultaneously (Cox and D’Antonio, 2009).

The question of whether to design for diffused or specular early re-

flections in concert halls has produced some contrasting views. Beranek

(2004) states that in rectangular halls with smooth side walls the sound

50



Study of concert halls

"takes on a brittle, hard, or harsh sound", and suggests that surface irreg-

ularities on the order of 2.5 to 5 cm deep should be added to the surfaces.

Similarly, Barron (2009) suggests that spatial diffusion of early reflections

can be used to reduce the intensity of discrete reflections, and hence their

audibility and risks of coloration and image shift.

As for the time-domain effects, Lokki, Pätynen, Tervo, Siltanen and

Savioja (2011) studied the effect of lateral vs median and time-domain-

diffused vs specular early reflections with six simulated concert halls. The

halls had similar monaural ISO 3382-1 parameter values but varied con-

figurations for the 11 simulated early reflections. Listeners developed two

of their own attributes first for assessing the differences between stim-

uli, and then rated the acoustics of the halls with the attributes as well

as according to their preference. Factor analysis of the results revealed

that two dimensions explained 74.1 % of the variance. The discriminating

factors were roughly envelopment/openness and clarity/bass. The halls

with either specular or high-frequency-diffused lateral early reflections

had highest scores in clarity/bass, and were the most preferred in all

cases. The hall with specular lateral early reflections was found to have

the highest degree of envelopment/openness. On the other hand, the halls

with only median plane reflections, and the one with lateral fully diffused

reflections, were found the lowest in both attribute clusters, as well as

preference. In contrast, however, Cox et al. (1993) found no preference be-

tween specular and diffuse early reflections, and furthermore concluded

that diffuse early reflections were not perceived differently from specular

reflections. However, the different conclusions of these studies are likely

due to different designs. In the study of Cox et al. (1993), the difference

between the conditions was only that the first lateral reflection was ei-

ther specular or diffuse, while in the study of Lokki et al. all of the 11

early reflections were either specular or diffuse. It may be expected that

the latter case leads to perceptually more salient differences between the

stimuli.

From studies on the effect of phase on auditory perception the follow-

ing has been found. Alterations to the phase spectrum (i.e. time-domain

diffusion) affects the timbre of sounds that have fundamental frequen-

cies below 800 Hz, and also the perceived level of bass (Laitinen et al.,

2013). Furthermore, summing the components of a complex harmonic

tone in cosine phase results in a louder sound than summing them in ran-

dom phase (Gockel et al., 2002), and also results in less forward masking
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(Gockel et al., 2003). It also appears that compared to reflections from

diffusive structures, specular reflections enable discrimination of the lat-

eral arrangement of close-by sources at narrower angles than diffuse re-

flections (Robinson, Pätynen and Lokki, 2013; Robinson, Pätynen, Lokki,

Jang, Jeon and Xiang, 2013).

As a summary, some spatial diffusion would appear to be beneficial

for early reflections for avoiding acoustical problems due to coloration and

image shift, but large time-domain diffusion or phase alterations should

be avoided in order not to reduce clarity, localizability and the perceived

amount of bass.

3.5 Organization of auditory perception in concert halls

In reverberant environments, localization of sound is aided by what is

termed either the precedence effect (Wallach et al., 1973), Haas effect (Haas,

1972), or the law of the first wavefront (Blauert, 1997). All of these terms

refer to the phenomenon of the first wavefront (direct sound) dominating

auditory localization in reverberant spaces. The reflected sound that ar-

rives within the so-called echo threshold is perceptually fused with the

direct sound, giving an impression of a single auditory event with a spe-

cific location. There are some additional concepts related to the main

effect and the terms have some differences in meaning (Litovsky et al.,

1999), but these are not crucial for the present discussion. Through the

precedence effect, early reflections in concert halls acquire their impor-

tance, as they combine with the direct sound to form the perception of

auditory events with specific loudness, timbre, location, and spatial ex-

tent (Blauert, 1997; Barron and Marshall, 1971). Furthermore, early lat-

eral reflections have recently been found to enhance the dynamic range of

music (Pätynen et al., 2014).

The role of late reflections, on the other hand, is to sustain and embel-

lish sounds, and provide an impression of the surrounding space, possibly

also with an added sense of envelopment which is a highly regarded qual-

ity in concert halls. Thus, the auditory perception in a concert hall may

be understood with respect to two basic constituents; source presence (the

perception of auditory events), and room presence (the perception of space)

(Kahle, 2013). The balanced relationship of these constituents is consid-

ered a basic requirement for a concert hall (Meyer, 2009), and is typically

expressed with the concept of ’clarity’ and the corresponding ISO 3382-1
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standard parameter C80. A sufficient amount of early energy is consid-

ered necessary for appreciation of musical detail (Barron, 2009), but on

the other hand, the late reflections enhance blending of the orchestra in-

struments into a "closed overall sound" (Meyer, 2009).

The crossover time between early and late reflections is generally

taken to be 80 ms (e.g. ISO 3382-1 parameters), but it is a simplifica-

tion. From the physical point of view, the transition between early and

late reflections is marked by the time when the sound field has become

more or less diffuse, the so-called mixing time (Jot et al., 1997). From

the perceptual point of view, two factors play a part. First, the percep-

tual mixing time is defined as the time after which the decay process is

perceptually interchangeable with that of any other position in the same

space (Lindau et al., 2012), including reorientation of the listener. Second,

from studies of the precedence effect it is known that the time limit for fu-

sion/echo threshold is dependent on the type of sound, and particularly

its attack characteristics. The fusion limit is short for transients such as

clicks (around 5-10 ms), and longer for sounds with more gradual attacks

such as speech (around 30-50 ms) (Litovsky et al., 1999). For orchestral

music the limit appears to be around 80-100 ms (Barron and Marshall,

1971). Furthermore, Soulodre et al. (2003) have pointed out that the

fusion limit appears to be dependent on frequency, with suggested low

frequency limits up to 160 ms, and high frequency limits down to 45 ms.

Therefore, the perceptual crossover time between early and late in concert

halls is in practice more or less dependent on the instrument character-

istics (register/timbre and onset/attack shape) and program material. To

further complicate matters, it appears that the precedence effect can be

partially broken down with the introduction of separate carrier and enve-

lope delays (Terada et al., 2005), the combination which is not unlike the

time-domain dispersion caused by some diffusers. Such alterations to the

early reflections have been found to lead to lower ratings for the perceived

quality of acoustics (Lokki, Pätynen, Tervo, Siltanen and Savioja, 2011).

There are different viewpoints on the effect of early reflections on lo-

calization. Benade (1985, 1978) argues – however without providing ac-

tual data to support the claim – that listeners are better able to localize

sources in reflective spaces instead of in the free field, due to early reflec-

tions providing further information about the geometrical arrangement

of the source and the room. He also suggests that the precedence effect

represents a form of accumulation of information about the acoustical fea-
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tures (timbre, articulation) of the source. The accumulation of features is

true for timbre in the sense that early reflections improve the listener’s

impression of the total sound radiated by the source, by providing spatial

integration of the various spectra that sources radiate to different direc-

tions. Another aspect is that reflections have been found to improve the

ability to detect resonances in transient sounds (Toole and Olive, 1988),

although it might also be due to the limited time resolution of the au-

ditory system and the principle of onset dominance, instead of the kind

of accumulation-without-delay mechanism that Benade envisioned. How-

ever, the claim for improved localization through reflections is in direct

opposition to the results of Hartmann (1983), which suggest that early re-

flections rather tend to delocalize sources, by increasing confusion around

the actual source position. On the other hand, Summers (2013), based

on an information-theoretic model of the concert hall, has shown that in

principle the room response supplies information that could help in in-

creasing the number of discernible source positions, although it has not

been shown that the auditory system actually makes use of this informa-

tion. However, the room response has been found to be an aid in distance

perception (Mershon and King, 1975).

While the above holds generally for any number of sources, a whole

new level of complexity is added when a larger ensemble of concurrent

sound sources, e.g. a symphony orchestra, plays in a concert hall (Deutsch,

2010). First, mutual masking between the sources limits the perception of

small nuances and quiet sounds. The severity of this effect is dependent

on the degree of overlap between the sources in the time and frequency

domains (Moore, 2012). Second, because the nature of music is continu-

ous, and the reverberant tails produced by previous notes are masked by

the following notes, the whole reflection decay process is perceived only

when the music stops. Third, the simultaneous and sequential segrega-

tion/integration of concurrent sound sources into higher level percepts are

subject to the complexity of auditory scene analysis (Bregman, 1994). Al-

though the detailed discussion of phenomena pertaining to auditory scene

analysis is beyond the scope of this thesis, it is good to keep in mind that

the auditory perception of musical ensembles in concert halls involves

an enormously complex field of phenomena, and that the interaction of

acoustics with auditory scene analysis may yet turn out to be among key

considerations when it comes to differences between good and excellent

concert halls.
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This chapter discusses the background and results of the publications in-

cluded in this thesis.

4.1 Publication I: perceptual weight of early and late sound

Many acousticians have put forward ideas about what aspects of the au-

ditory experience (and related physical sound field characteristics) might

explain the success of the highest ranking concert halls. Some of the pro-

posed aspects relate to the early sound field, e.g. the initial time-delay gap

for intimacy (Beranek, 2004), sufficient early lateral reflections for source

broadening (Barron and Marshall, 1971) and spatial responsiveness to

the music (Marshall, 2001); and some to the late sound, e.g. a sufficient

amount of late reflections for reverberance (Schroeder et al., 1974; Barron,

1988), or spatially diffuse late reflections for a sense of envelopment (Bar-

ron, 2001). Some of the propositions are based on scientific arguments,

while some are based on individual views and anecdotes. Furthermore, it

is not clear how to rate the relative importance of each proposed aspect.

In the light of past studies, listeners are likely to have different prefer-

ences, and hence likely give different weights to the perceptual aspects.

Therefore, it is unlikely that there would be a singular solution for the

question of excellence in concert halls.

In the study of Publication I, we asked a simpler but related question.

Given a task of comparing halls at a similar listening distance, is it the

early or late part of the impulse response that is more salient in charac-

terizing a hall, making it stand out from others? Although this is clearly

a different question than the prime determinants of acoustical success,

it is related in the sense that the ability to discriminate is the founda-

tion of preference, i.e., there can be no preference without a capacity to
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discriminate.

Therefore, a listening experiment was organized using auralizations

of symphonic music with spatial RIRs measured with the LSO at two

positions (11 m and 19 m from stage) in eight concert halls, reproduced

with a 24-channel loudspeaker system in an acoustically treated listening

room. The convolved stimuli were presented to the participants in a four-

alternative forced choice test, where they had to identify the stimulus

corresponding to the reference.

The following preparations were made for the listening experiment.

The RIRs from the halls were channelwise cut to early (0 to 80 ms) and

late (80 ms to ∞) portions, and combined with those of other halls to form

hybrid RIRs, which had the early response of one hall and the late re-

sponse from another. The hybrid RIRs were then convolved with the ane-

choic music excerpt, alongside the original hall RIRs, and versions of the

original RIRs that were truncated to the early portion only. Terminal re-

verberation tails were cut off from the ends of the convolved samples.

The listening experiment was divided into four rounds of different

identification tasks: A, B, C, and X, which were as follows (see also Figure

4.1):

A) Truncated RIR against a truncated reference.

B) RIR with variable early response against a full reference.

C) RIR with variable late response against a full reference.

X) Truncated RIR against a full reference.

Figure 4.1. Illustration of the types of hall impulse responses used in rounds A, B, C, and
X. Figure adopted from Haapaniemi and Lokki (2014).

The purpose of the rounds were as follows: A served as an anchor,

B measured the ability to identify the hall based on the early response,
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while C measured the ability to identify based on the late response. X

served as an additional test of the ability to identify based on only the

early response in case of a discrepancy in context (fully reverberant refer-

ence vs truncated samples).

The participants were able to listen to the samples as many times as

they wanted, while the time spent for each round was monitored without

their knowledge. After each round, the participants answered a question-

naire which enquired after the kind of differences they used to identify

the samples. Finally, the participants were asked to rate the difficulty of

each round on a scale from 1 (very easy) to 5 (very difficult).

The results (Figure 4.2) showed expectedly high results for round A,

but also a similar result for round B, with both giving a median of 100%

correct identifications, while the difference was that participants spent

more time on round B. Thus, the early responses of halls were equally eas-

ily discriminable in the presence of identical reverberation. In round C,

the result was notably lower, at a median of around 80% correct, and again

with more time spent on the task. This shows that the discriminability,

although quite good, is more challenging based on the late response. The

participants assessment of the difficulty of the tasks was in line with the

results: A was judged as easy, B moderate, and C difficult. The results

for round X were notably lower, at a median of about 60% correct, which

was rather unexpected. It appears that the difference in the contexts of

the reference and samples caused some confusion in the participants. The

surprising result is that the participants felt this round to be easier than

round B. A further thing to note is that there was more variation in the

percentage of correct responses among the participants in rounds C and

X, compared to A and B. As for the effect of listening distance (here 11 m

and 19 m), the median results were the same for both positions, but the

amount of misidentifications was larger for the further listening position.

Participants’ comments show that timbre and auditory width were

the most dominant attributes quoted for rounds A and B. This was also

true for X, but they were less dominant compared to other attributes. For

round C, bass and timbre were most often mentioned alongside reverber-

ance and width. Of these attributes, timbre is not well established as an

auditory criterion for concert halls, nor measured by the standard set of

parameters. However, the results of this study point towards the impor-

tance of timbral differences in characterizing concert halls.
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Figure 4.2. The results of the rounds as percentage of correct results (left), time spent on
the rounds in seconds (middle), and assessments of difficulty on a scale from
1 = very easy to 5 = very difficult (right). Dots show individual results and
"x" marks the median. Figure adopted from Haapaniemi and Lokki (2014).

4.2 Publication II: preferred level balance of direct, early, and late
sound

The auditory experience of listening to symphonic music in a concert hall

may be understood with regard to two main constituents: source presence

and room presence (Kahle, 2013). The source presence refers to the audi-

tory event of the sound source(s), as formed by the direct sound and the

early reflections, while the room presence stands for the perception of the

acoustical environment, e.g. it’s size and overall liveness, as formed by

the late reflections.

The balance of these constituents is a main consideration for the acous-

tical quality of halls (Meyer, 2009), and is typically assessed with the con-

cept of clarity and the clarity index C80 (ISO 3382-1:2009, 2009). Ade-

quate clarity is required for perception of musical detail (Barron, 2009),

but sufficient late reverberation is needed to blend the instruments of the

orchestra into a "closed overall sound" (Meyer, 2009).

The balance of the direct sound and early reflections is also of interest.

The direct sound spectrum is altered by the seat-dip effect (SDE) (Schultz

and Watters, 1964; Sessler and West, 1964) – a low frequency ’dip’ or notch

in the direct sound spectrum – caused by the seating area. The early

reflections, if sufficiently provided, serve to more or less level the SDE

(Pätynen et al., 2013; Tahvanainen et al., 2015). The early reflections

also affect the timbre of the sound, and if they arrive from lateral angles

with respect to the source, they also broaden the auditory extent of the

source. This broadening, if applied in moderation, is a highly regarded

effect essential for the best acoustical quality (Barron and Marshall, 1971;

Blauert and Lindemann, 1986a).

While aspects of these relationships are known (however mostly be-
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tween early and late sound), e.g. the range of suitable C80 values, there

have not been studies directly aiming at finding optimal relationships be-

tween each of the direct, early, and late components. As some studies have

found preference groups that emphasize different auditory aspects (e.g.

Barron 1988; Kuusinen et al. 2014), such optimal values may inevitably

be limited to averages or recommended ranges of values. Nevertheless,

such information would be useful, as concert halls need to be able to serve

many different tastes simultaneously.

Thus, in Publication II, the optimal acoustic conditions for concert

halls were studied in a direct way using an adjustment approach. As

stimuli in the experiment, auralizations of anechoic symphonic music at

two positions (11 m and 19 m from stage) in two measured concert halls

with contrasting acoustics were used. The halls were Berlin Philharmonie

(vineyard) and Berlin Konzerthaus (shoebox), and excerpts by Beethoven

and Bruckner were chosen for the experiment. Participants’ task was to

set a preferred level balance for the direct (0 to 15 ms), early (15 to 80

ms), and late (80 ms to ∞) components of the acoustical response. One

of the components – variably direct, early or late – was kept fixed, while

the participants adjusted the levels of the other two components to their

preference. The starting levels of the adjustable components were set to

low values with a further random fluctuation to ensure that memorizing

adjustment levels across trials was not possible.

The results show that the largest differences were between the two

halls, while differences between the listening positions were smaller. The

results were also found to be essentially independent of the music excerpt,

which is quite interesting as the excerpts were very different, with con-

trasting dynamics and playing styles. A significant tendency to increase

the level of the early component was seen for the vineyard hall. The effect

was even greater for the further (19 m) position. This suggests that the

original amount of early reflected energy in the hall was insufficient. In

contrast, the median results for the closer (11 m) position in the shoebox

hall were within 1.5 dB of the original levels, suggesting that this position

already had a close to optimal balance between the components.

ISO 3382-1:2009 (2009) parameter analysis of the median results shows

that for the further positions (19 m) of both halls, the adjustments on av-

erage led to a significant increase of C80, suggesting that these positions

had insufficient clarity. Furthermore, it appears that the relative levels

of the direct and early components were not adjusted solely on basis of
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clarity and apparent source width, but the analysis points to timbre as

an additional factor. A call for some measure of the energy relationship

between the direct sound and the early reflections has been put forward

by Toole (2006) in the context of small room acoustics (for loudspeaker lis-

tening); the results of this study suggest that such a measure could also

be useful for concert halls.

4.3 Publication III: discrimination and preference of the initial
seat-dip effect spectrum

The seat rows of a concert hall create a low frequency attenuation effect

(up to 15-20 dB) for sounds that arrive at low grazing angles to the seat

rows. This phenomenon is known as the seat-dip effect (SDE). Typically

at least the direct sound and a few of the early reflections are affected.

The SDE is caused by complicated patterns of reflections and diffraction

around the seat rows and the floor in the audience area, and can affect

frequencies up to about 1 kHz in some cases, while the center of atten-

uation is typically found at around 100 to 300 Hz (Schultz and Watters,

1964; Sessler and West, 1964). The exact frequency is dependent on the

seat structure – seat height, and whether there is an underpass below

the seats, etc. – and spacing between seats and rows. Furthermore, the

shape of the attenuated spectrum is dependent on the angle of incidence

with regard to the seating rows, and thus the direct sound and early re-

flections have different attenuation spectra. From the point of view of the

cumulative magnitude spectrum, the SDE is typically at its most promi-

nent about 15 to 20 ms after the direct sound, when the first reflections

from room boundaries have not yet arrived.

From the beginning of its discovery, the seat-dip effect has been linked

with a perceptual lack of bass in concert halls (Sessler and West, 1964),

although simultaneously it was also suggested that it might not present a

problem given enough low frequency energy in the late reflections (Schultz

and Watters, 1964; Schultz, 1965). Nevertheless, several studies have ex-

amined and recommended methods to remove or diminish the attenuation

effect, or reduce its supposed perceptual salience, e.g. by introducing a pit

under the seats (Cox and Davies, 1995; Davies and Cox, 2000), extending

the low frequency reverberation time (Barron, 1995), ensuring unatten-

uated early reflections (Davies et al., 1996) or strong ceiling reflections

(Bradley, 1991), or even shifting the frequency range of SDE to ’less criti-
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cal’ (i.e. lower) frequencies by raking the seating area (Sessler and West,

1964).

However, the perceptual importance of the effect has mostly been

based on anecdotes. One of the reasons why the effect has been consid-

ered harmful to acoustical quality may be because the measured initial

(up to about 15-20 ms from the direct sound arrival) magnitude response

often looks considerably severe. However, given the integrative processes

of the auditory system (e.g. the precedence effect), and the fact that dips

in the frequency response are not nearly as salient perceptually as peaks

(Bücklein, 1981), it may be that the perceptual importance of this effect

has been overestimated. The only previous study attempting to assess

perceptibility of the SDE has been the study by Davies et al., which mea-

sured a JND of −3.8± 0.2 dB in the 200 Hz octave band early energy (0 to

80 ms). However, the generalisability of their results is limited by several

factors:

• The effect of changes was studied only in one octave band (200 Hz center

freq.), while the SDE in halls spans frequencies from below 100 Hz up

to about 1 kHz.

• The same SDE spectrum was applied to the direct sound and early re-

flections, although in reality the spectrum is dependent on the angle of

incidence.

• The range of clarity values were rather high (0.2 dB to 3 dB) compared

to the best rated halls in Beranek’s studies (-5 dB to -1 dB). The percep-

tibility of the SDE is likely higher in comparatively dry halls.

An additional problem with the SDE studies in general is that they

have only considered the potential lack of bass while seemingly overlook-

ing a possible change in timbre. As the SDE in many halls can affect

frequencies up to 1 kHz, it could also be perceivable as a more general

change in timbre, even if not necessarily affecting the perceived amount

of bass.

As for the effect of subsequent reflections on the perceptibility of the

SDE, the early reflections and reverberation tend to level off the SDE

in the cumulative frequency spectrum of the RIR (Pätynen et al., 2013;

Tahvanainen et al., 2015). However, it is not clear to what extent this
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leveling affects the audibility of the SDE, as it is possible that earlier

arrivals have a higher perceptual weight. In other words, even though

the dip in the frequency response is more or less leveled by reflections,

the initial SDE might still be perceptible.

As the SDE has been considered a defect, the difference between the

perceptibility of the initial SDE makes a difference in architectural de-

cisions: If the initial SDE is perceivable regardless of the later leveling

by reflections, the rectification of SDE necessitates a careful design of the

audience area as the only possible solution. However, if the leveling is

sufficient to render the initial SDE imperceptible, it is enough to ensure

that the audience area receives sufficient reflected energy, by means of

appropriate concert hall design choices.

This question of perceptibility was explored in Publication III with

discrimination and preference tests of two common types of initial SDE

spectra and a free field version of the direct sound. The SDE spectra were

modeled based on the commonly encountered types of average SDE spec-

tra (Tahvanainen et al., 2015). The tests utilized realistic auralizations

of symphonic music at a single representative listening position in four

measured unoccupied concert halls (two shoebox and two vineyard halls;

listening position RIR was measured at the same distance in all halls),

chosen for their varying degrees of leveling of the initial SDE. The direct

sound in the hall RIRs was edited to be the same between each hall, en-

suring that only the hall response was varying. The SDE spectra were

applied to the direct sound using FIR filters.

The general result was that the leveling by subsequent reflections ap-

pears to be enough to render the initial SDE inaudible. This leaves ar-

chitects and acousticians with more freedom for choosing a design that

ensures adequate low frequency energy. The changes in the direct sound

spectra were significantly discernible only for a subgroup of listeners in

one of four halls, and only for two out of three spectrum comparisons; the

difference was better discernible from the wide SDE spectrum, although

the narrow spectrum had about 5 dB deeper notch. The subsequent pref-

erence tests showed that the preference toward uncolored spectrum was

significant for the halls with higher clarity (vineyard: C80 of 2.2 and 1.7

dB), but not for those with lower clarity (shoebox: C80 of -0.7 and -2.5 dB).

Comments gathered from the participants indicated that the differences

were mainly discernible as differences not only in the amount of bass, but

also as changes in timbre. This supports the point made above about the
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changes in timbre potentially being one of the effects of the SDE, but it

appears it is also subject to the leveling off by the reflections, and is proba-

bly therefore not a problem at most seats in halls with sufficient reflected

energy.

4.4 Publication IV: localization of sound sources

Clarity has been found to be an important attribute of concert halls, and

is considered a requirement for appreciation of musical detail. The con-

ventional notion of clarity is defined as "the degree to which a listener

can distinguish sounds in a musical performance" (Beranek, 2004). It is

further divided into two aspects: vertical clarity, the degree to which si-

multaneously occurring sounds can be separated, and horizontal clarity,

the degree to which successive sounds are separable. However, this def-

inition does not consider localizability of sounds, which, as has been ar-

gued (Griesinger, 2016, 2010), might be considered a prerequisite of clar-

ity. For example, it is entirely possible in the absence of direct sound to

"distinguish sounds in a musical performance" from the early reflections,

although the localization would not be correct.

Since localization appears to be based mainly on the perception of in-

strument onsets and the directional cues (ITD, ILD, spectrum) from the

direct sound, and reflections are known to degrade both onsets (Naylor,

1992) and the directional cues (Shinn-Cunningham et al., 2005), it is rea-

sonable that in reverberant spaces a threshold level may be found for the

direct sound below which it is no longer possible to localize clearly or cor-

rectly. Thinking in this way, Griesinger (2016) has proposed a measure,

LOC, to predict localizability based on the relative amount of direct and

early reflected sound. He argues that the early reflections within 100 ms

impede localization of direct sound onsets when the total reflected energy

is too high relative to the direct sound and/or the strong reflections ar-

rive too early. He has further suggested that a distinct threshold may be

found where perception changes from blurred to clear localization. How-

ever, these claims have not been backed with perceptual data from formal

listening experiments.

Thus in Publication IV, the question of a localization threshold was

pursued with an experiment featuring three orchestral instrument pairs

auralized at the same listening distance in three halls. An adjustment

protocol was used, where the participants’ task was to adjust the direct
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sound to a threshold level for localization, while the halls’ acoustical re-

sponses were kept at a fixed level. The direct sound was edited to be

identical in each hall to avoid its influence on the results. In order to curb

potential inflation effects, the direct sound was adjusted to both an upper

and a lower threshold for localization, corresponding to levels at which the

localization percept becomes precise and imprecise, respectively, and the

final localization threshold estimates were then based on the average of

these threshold estimates for each case. The terms precise and imprecise

correspond to the definitions for the scale of localisability given in ITU-R

BS.2399-0 (2017). As a thing of additional interest, a threshold for clear

articulation was also measured with one of the three excerpts, to see how

it might relate to the localization thresholds.

The stimuli included instrument pairs from different orchestra in-

strument families (strings, brass, woodwinds) in order to see if different

instrument characteristics – particularly onset times – affect the thresh-

olds in a consistent way. The reported onset times for non-percussive or-

chestral instruments vary between 14 ms to 85 ms, taken as averages

over various note frequencies and dynamic levels Luce and Clark (1965).

This is within the range found effective for localization (Rakerd and Hart-

mann, 1986), which suggests that all the instruments are localizable in

favorable conditions. When the direct-to-reverberant ratio (DRR) is low,

it may be expected that the localizability varies to some degree depend-

ing on the onset shape and other characteristics, e.g. spectral structure,

of the instruments. In particular, gradual onsets are more susceptible

to perceptual interference from reflections, and may necessitate a higher

DRR for localizability. As the amount of liveness of a hall likely affects

detection of onsets as well as localizability, halls with some extremes in

their characteristics were chosen for the experiment.

The results show that the concert hall had a statistically significant

influence on both thresholds (about 3 dB). The excerpt also had a signifi-

cant effect on the imprecise threshold (around 4 dB), as well as a signifi-

cant interaction with the hall. Although similar tendencies were evident

for the precise threshold, they were not found statistically significant in

this study. Thus, the stimulus type, i.e. instrument characteristics and

compositional effects, was also found to have an effect on the threshold.

However, the interaction of excerpt and hall was not found to be easily

attributable to a clear cause. Furthermore, the results show a difference

of about 7 dB between the imprecise and precise thresholds, with a range
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of 5 to 8 dB across hall/excerpt combinations. This transition range, as

well as the rather high overall variability observed in the results, implies

that the threshold is in practice perceptually more subtle than the ’sudden

disappearance of localization’ previously reported by Griesinger (2016).

The DRR and LOC values for the excerpts, computed based on the

average of the imprecise/precise estimates, were divergent between the

hall with strong lateral early reflections and the two other halls, with

the localization thresholds found at notably lower values for the former.

A weighting function that marginalized over lateral angles of arrival im-

proved the matching of the parameter values across halls, suggesting that

the interference of reflections on localization may be dependent on the di-

rection of arrival relative to the direct sound. With this weighting applied,

both DRR and LOC gave equally well-matching results.

The localization threshold estimates for the halls, taken as averages

of the imprecise and precise thresholds over all three excerpts, were found

to be between -2.7 dB to 1.7 dB DRR in the 700-4000 Hz frequency band.

Finally, the cursory study of articulation thresholds, which were found

to be about 2-4 dB higher than the corresponding precise threshold re-

sults, suggests that clear localization may not yet guarantee clear artic-

ulation. Overall the amount of dispersion in the results implies that the

localization threshold in realistic concert hall sound fields is more subtle

than previously suggested, and not quite critical to a 1 dB level difference.
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5. Summary and future directions

This thesis has presented an overview of the scientific background of con-

cert hall acoustics, and four separate studies on various aspects related to

auditory perception of music in concert halls, conducted using state of the

art methods for capturing, analyzing and auralizing room acoustics. The

main findings of the publications presented in this thesis can be summa-

rized as follows:

• Given a listening position at the same distance in different concert halls,

the differences between the halls are more salient in the early reflec-

tions compared to late reflections. Although differences can be perceived

in both, the discrimination of halls is more challenging based on the

late response; in a discrimination task where either the early or late

response was variable, the participants performed worse and took more

time when the discrimination was based on a variable late response.

Among other better-accounted-for (in terms of sound field characteris-

tics) auditory attributes, timbre was one of the most often quoted per-

ceptual attributes for distinguishing between the halls, which suggests

that timbral differences have an important role in characterizing con-

cert halls.

• In a level-optimization task for the balance between direct, early, and

late response for two concert halls (shoebox and vineyard), results show

that the shoebox hall was already closer to optimal balance, while the

vineyard hall clearly lacked early reflected energy. Furthermore, ISO

3382-1 parameter analysis suggests that the more distant positions in

both halls had insufficient clarity. The results were essentially inde-

pendent of the musical stimulus, although two widely differing excerpts

were used. The largest differences were found between the halls, while
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differences between the two positions at different listening distances

were smaller. Furthermore, the analysis points to timbre as an addi-

tional factor – alongside clarity and apparent source width – in deter-

mining the optimal level balance between the direct and early sound.

• The perceptual significance of the initial seat-dip effect (SDE) appears

to have been overestimated. The results of discrimination and prefer-

ence tests with variable SDE spectra for the direct sound suggests that

the initial SDE may be rendered inaudible if sufficient reflected energy

is provided. This allows architects and acousticians more freedom in

choosing a design that provides adequate low frequency energy through

subsequent reflections, rather than having to tackle the problem exclu-

sively as one of seating area design. A wider dip was more easily heard,

while a considerably deeper but narrower notch was harder to detect.

Preference for the uncolored spectrum emerged only for the halls with

a clarity index around 2 dB, but not for those below 0 dB. This suggests

that the initial SDE is a cause for concern only in comparatively dry

concert halls. Furthermore, timbre was found among the discriminat-

ing attributes alongside the perceived amount of bass.

• The direct-to-reverberant localization threshold for orchestral instru-

ment pairs in concert halls was found to be affected by the concert hall

and the instrument/composition characteristics, as well as an interac-

tion between the two. The difference between the upper precise thresh-

old and the lower imprecise threshold was found to be about 7 dB, sug-

gesting that previously made claims about the ’sudden disappearance

of localization’ in halls at a certain distance (Griesinger, 2016) may ei-

ther be overstated, or possibly due to some other factor(s) apart from

a change in the direct-to-reverberant ratio. The overall high variabil-

ity in the results – in spite of the steps taken to train and instruct the

participants in the task – may be seen as a further support of this no-

tion. The localization threshold estimates for the three halls were found

between -2.7 to 1.7 dB direct-to-reverberant ratio in the 700–4000 Hz

frequency range, taken as averages of the upper and lower thresholds

over all three excerpts. One hall with prominent early lateral reflec-

tions had its threshold at a notably lower value than the others; a direc-

tional weighting that marginalized over lateral arrival angles improved

the matching of parameter values across halls, suggesting that lateral
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reflections may be of less interference to localization than reflections

from directions closer to the source. The additional study of articulation

thresholds, which were found to be 2–4 dB above the corresponding pre-

cise localization thresholds, suggests that precise localization may not

yet guarantee clear articulation.

In the process of working on this thesis, several areas with room for

improvement and potential for future research were identified:

• Several of the presented studies point to timbre as a discriminant qual-

ity and a determinant of preference. This predicts an important role for

timbral effects in concert halls. However, given its multidimensional na-

ture and negative definition, timbre is a difficult subject to study. Nev-

ertheless, future studies could try to uncover the type of effects that

concert halls have on timbre, the kind of timbral differences that exist

between halls, and what aspects of the room impulse response relate to

each timbral effect. Furthermore, potential studies should try to relate

their findings to those presented in the timbre literature.

• Source diversity, i.e. position, orientation, and directivity, should be

better taken into account in measuring concert halls for auralization

purposes. The bar has been raised by the work of Pätynen (2011), and

others in the field ought to improve on it, rather than relying on obsolete

methods. In other words, a couple of omnidirectional source positions

are not a sufficiently realistic representation of the symphony orchestra

source for auralization purposes. They may be useful as far as stan-

dard (ISO 3382-1) measurements are concerned – for technical compar-

isons between halls – but the meaningfulness of these measurements

with regard to perception is questionable, as inaccurate representation

of source characteristics can bias the relative importance of standard

parameters. 1

1For example, when comparing shoebox (closed stage) and vineyard (open stage)
halls at similar positions in the front part of the hall, measurement with omni-
directional sources can make the shoebox seem to have more high frequencies in
the early response. This is because the high frequencies are also radiated behind,
and then reflected back from the stage enclosure toward audience; whereas for
vineyard halls the absence of a stage enclosure will make this difference in direc-
tivity relatively insignificant, as the high frequencies continue to radiate back,
and are likely absorbed in the audience area.
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Summary and future directions

• In addition to source diversity, it is also important to take into account

the effect of musical stimulus. Although some studies (e.g. Publica-

tion II of the present thesis) show a negligible stimulus effect, others

have found clear differences between stimuli. Whether there is such an

effect is probably linked to the specific questions that are studied. For

example, Lokki et al. (2016) found in their study that the relative impor-

tance of perceptual attributes varied between different music excerpts,

and Kuusinen et al. (2014) found that listeners’ preferences were more

homogeneous with one excerpt, while the other excerpts brought out

differences between the listeners. As further examples, the perception

of reverberance is dependent on the spaces between notes (masking),

and ASW has been found to be dependent on both frequency content

and level. These factors all vary with stimuli. Additionally, it has been

found that the rendering of musical dynamics varies between halls (Pä-

tynen and Lokki, 2016), which is yet another aspect that might be taken

into account in concert hall studies.

• Finally, some work could be done on the effects of concert halls on au-

ditory scene analysis. In particular, it is not known how many auditory

streams result from listening to a symphony orchestra in a concert hall,

and to what extent this is influenced by, e.g., the angle subtended by the

orchestra, the direct-to-reverberant or early-to-late ratio, or the early

reflections. It would also be interesting to know what effect listening

distance, which affects all the above-mentioned factors, has on stream-

ing in concert halls. This is likely a tough subject to study.
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