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ABSTRACT
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THE DIFFUSE SOUND OBJECT

By Michael Patrick Cousins

The theoretical di�use sound �eld is one that is generated using an in�nite number

of uncorrelated plane waves from all directions. Spatial audio, in contrast, is generally

delivered using a �nite number of loudspeakers, potentially as few as only two. Therefore

there is a reduction in the di�useness of the sound �eld when reproducing di�use sound

�elds using loudspeakers. It is therefore important that sound �elds such as reverberation,

rain or audience noise�that are approximations of a theoretical di�use sound �eld�are

reproduced with minimal perceptual degradation to maximise the spatial audio experience.

In this research, the perception of di�useness has been investigated thoroughly using a

series of listening tests. Additionally, the relationships between the subjective perceived

di�useness and objective metrics for measuring di�useness have been investigated leading

to a simple metric for perceived di�useness based on the spatial coherence.
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Chapter 1

Introduction

1.1 Overview

This project �The Di�use Sound Object� is an investigation into the perception of di�use-

ness in reproduced audio for application in next generation, object-based spatial audio.

This introductory chapter covers the basic motivation for this research and lays out

the main contributions of the research. Firstly, the basic concepts of object-based spatial

audio are described and why di�use sound �elds deserve particular attention. The following

section looks at how this research provides further insight into reproduced di�use sound

�elds. And the �nal section provides a detailed overview of the structure of this thesis.

1.2 Spatial Audio, Object-based Audio and Di�useness

High quality reproduced audio is dependent not only on the ability of a system to produce

a wide dynamic range over a wide frequency range. We as humans can also gain a large

amount of spatial information from what we hear, often called spatial impression. We get

an indication of where sounds are coming from, their size and the acoustic environment.

A typical signal chain for spatial audio is shown in �gure 1.1. A source is captured,

processed, reproduced over loudspeakers and the resultant sound �eld is sampled by the

ears of the listener who perceives some spatial information about the source. There are

many factors that determine how a sound �eld is perceived by a listener and there are

many factors in the signal chain that will determine the reproduced sound �eld.

The reproduced sound �eld is dependent on the source properties and recording en-

vironment such as the source's frequency content, timbre and directivity, the distance

to the microphone(s) and reverberation of the recording environment. The microphones

used, their arrangement and directivity as well as any processing applied such as panning,

23



CHAPTER 1. INTRODUCTION

Figure 1.1: Signal chain of spatial audio.

compression, convolution and equalisation. The loudspeakers directivity, gains and ar-

rangement as well as the listening room acoustics will all a�ect the reproduced sound �eld.

It is this reproduced sound �eld that is then sampled binaurally by the listener. Aural and

interaural cues contained within this binaural signal along with other cues such as visual

cues and head rotation cues are combined by the brain to form the �nal complete spatial

impression of the sound �eld.

Historically, spatial audio has been channel-based with complex scenes composed of

many sources rendered to a few loudspeaker channels for loudspeakers in known positions

relative to the listener. Microphone techniques, panning algorithms and loudspeaker lay-

outs are implemented so the acoustic signal at the ears of a listener translate to aural and

interaural cues that relate to the desired spatial impression. This channel-based approach

allows good spatial impression from relatively few channels. However, if the reproduction

system does not match the sound engineer's listening system, then the spatial information

is distorted. The listener is also not able to alter the way in which the component parts of

the signal are combined to account for listener preference or listening environment.

The alternative is object-based audio formats that transmit separate audio objects with

metadata describing the location/size of the source. The reproduction system can render

the auditory scene to give an accurate spatial representation of the scene based on the

system's available resources. This may be a standardised layout of loudspeakers like 2-

channel stereo, 5.1 or 22.2; an arbitrary layout of loudspeakers; a binaural headphone

system or a wave �eld synthesis system. Object-based audio additionally allows user

interaction. Adjustment of the sound scene based on listener preference and listening
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environment. For example louder voice for the hard of hearing, e�cient di�erent languages,

or adjusting source positioning for di�erent screen sizes in audio visual material.

This object-based approach works well for point sources that are easily modelled as a

single mono object with a position. However, this is limiting when describing more spa-

tially complex sources and sound �elds. Signals such as reverberation, rain and audience

applause can be seen as many distributed sound sources that cannot be described solely

by a single mono audio object with a position. For example a grand piano has a large

soundboard that resonates producing the sound. A single mono stream cannot describe

this. A sound engineer would typically use multiple microphones panned to di�erent po-

sitions to give a sense of the large source. As the source becomes larger the number of

separate mono streams required to represent it increases. As the sound �eld produced by

a source approaches that of a di�use �eld (e.g. late reverberation) the sound �eld can still

be approximated using multiple sources positioned on a sphere around the listener how-

ever this is becomes ine�cient to encode. The theoretical di�use sound �eld is one that

is composed of an in�nite number of uncorrelated plane waves coming from all directions

simultaneously. For real sound sources, a point source can be seen as not di�use, and the

sound �eld in a reverberation room used for di�use sound �eld measurements can be seen

as highly di�use. These highly di�use sound �elds are the focus of this research as many

of the desirable attributes associated with spatial impression are dependent on the ability

of a sound system to represent the size and extent of a source, the size and extent of its

environment, in addition to its location.

1.3 This Research

The aim of this research was to better understand the perception of di�use sound �elds

and especially the salient components of a di�use sound �eld that a�ect the perception

of di�useness when reproducing di�use sound �elds using loudspeakers. From this under-

standing, optimal ways of representing di�use sound �elds in object-based audio can be

developed along with spatial audio tools for use by recording engineers. This was achieved

using a series of subjective listening tests in combination with a range of objective sound

�eld measurement techniques. This led to the development of an algorithm for the predic-

tion of perceived di�useness that in turn provides guidance on methods to maximise the

perceived di�useness.

The series of listening tests were designed to vary the sound �eld and elicit the change

in perceived di�useness. These experiments allow a broad understanding of the percep-
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tion of di�useness and provided data that could be compared to objective quantities of

the sound �eld. A range of methods for physically measuring sound �eld di�useness were

tested and the coherence between spatially separated points was found to correlate well

with the perception of di�useness in the majority of cases. From this, a novel metric of

perceived di�useness was developed. A further listening test was performed to optimise the

parameters of the metric and �nally the metric was critically tested and the limitations of

the metric discussed. The metric is simple, runs in real-time and is robust to factors such

as slight listener movements and the frequency content of the input material. The nature

of the metric reveals possible methods to maximise the perceived di�useness. An example

production tool is suggested that�based on the metric�optimally pans the frequency com-

ponents of a multichannel signal to loudspeakers to maximise the perceived di�useness for

a central listener looking directly forwards.

1.4 Terminology used in the Thesis

It is worth commenting on the terminology used during this thesis and how it evolved over

the course of writing the thesis. Throughout this thesis the terms perceived di�useness and

envelopment are very similar and can in some cases be considered equivalent. However,

where possible, the term perceived di�useness is used to determine if the listener thinks

that the sound �eld has the same perceptual qualities they would expect from a theoretical

di�use sound �eld. Whereas envelopment could be considered a perceptual sensation, part

of which is related to the physical di�useness.

An contrived example where these might di�er might be in a concert hall where lateral

energy is often associated with good spatial impression. Lateral re�ections are known to

reduce the correlation between the ears which is good for apparent source width (ASW) as

well as listener envelopment (LEV). However, objectively, and without the visual reference,

the listener might recognise the sound is not coming from all directions equally so would not

be perceptually di�use. From the point of view of object based audio, reproducing sound

from the sides of the listener is trivial in comparison to producing sound from all around

the listener. Therefore the focus is on the perceived di�useness and not on envelopment.

Despite these subtle distinctions, when explaining the concept of perceived di�useness

to listeners, the description is nearly identical to the standardised description of envelop-

ment from Zacharov et al. (2016) and so in general the two terms can be seen as functionally

equivalent.
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The �nal potential source of confusion is that the term �envelopment" is used in ex-

periment 6. In this case the material is not just static noise. Instead there are multiple

distinguishable components of the scene and the concept of perceived di�useness becomes

ambiguous. Therefore the decision was made to use the higher level attribute envelopment

to hopefully make the task simpler and more repeatable for listeners at the possible expense

of the collected data being slightly biased away from that of the earlier experiments.

The result of this is that where noise stimuli are used the words �perceived di�useness"

are used. For musical stimuli the word �envelopment" is used. However, for noise-like

stimuli especially, the two terms are equivalent and therefore research on more general

spatial impression is also included in the literature review.

Section 2.5.1 explains the terms envelopment and di�useness in more detail.

1.5 Thesis Overview

The existing literature is presented in the �rst chapter of this research. Firstly, the current

state of object-based audio in relation to di�use sound �elds is summarised (section 2.2).

Di�use sound �elds are then described in more detail including the mathematical model in

section 2.3 and a number of methods for measuring di�useness are described from a range

of application �elds in section 2.4. The focus of this research is to deal with di�use sound

�elds in a perceptually motivated manner and so the existing research on the perception

of sound �elds is summarised in section 2.5. Following this, listening test methodologies

are reviewed as the subjective testing forms the backbone of this research (section 2.6).

Finally methods of decorrelation are described as these describe the only current method

for handling spatially extended sources in object-based audio (section 2.7).

One of the main outcomes of this research is a greater understanding of the perception

of di�use sound �elds. Chapters 3 to 6 cover the �rst four listening tests that system-

atically tested a selection of di�erent factors of the sound �eld. Simultaneously, physical

measurements of the sound �eld were taken to investigate the relation between the objec-

tive and the subjective di�useness. In each experiment di�erent parameters that a�ect the

di�useness of the sound �eld are tested. Experiment 1 (chapter 3) was designed to allow

subjectively optimised di�useness reproduction for various loudspeaker layouts by using

di�erent loudspeaker gains for head-height and non-head-height loudspeakers. This allows

the di�erent loudspeaker layouts to be thoroughly examined in Experiment 2 (chapter 4).

In this experiment the di�useness of the sound �eld was varied by changing the arrange-

ment of the loudspeakers and the gains of the loudspeakers. Standardised loudspeaker
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layouts were investigated along with di�erent parameters of the arrangement of loudspeak-

ers such as the number of loudspeakers at head-height. The validity and importance of

the results from the �rst experiment were also investigated. Experiment 3 (chapter 5)

investigates the perceptual and objective e�ect on the perceived di�useness of using non-

uncorrelated signals. The Inter-Channel Correlation Coe�cient (ICCC) was varied for

di�erent loudspeaker layouts. The subjective data revealed the perceived di�useness to

be highly dependent on the ICCC but the objective measures revealed the ICCC to have

very di�erent e�ects on the sound �eld at both di�erent frequencies and di�erent listener

positions. Therefore, experiment 4 (chapter 6) added the variable of frequency to further

re�ne the e�ect of the ICCC.

Throughout these subjective experiments, objective measures of the sound �eld were

taken. These allowed the subjective data to be compared to objective data. This high-

lighted where di�erent metrics were successful and where there were errors or biases.

These comparisons between the objective and subjective data led to the development

of a new metric for predicting di�useness based on the coherence between points in the

sound �eld in chapter 7. Whilst the coherence showed a good �t to the data collected in

experiments 1 to 4, to ensure a more generalised solution for di�erent stimuli required some

re�nement of the metric. Experiment 5 was conducted to subjectively tune the window

length used for the FFT in the metric.

The metric was tested with some challenging material in chapter 9 to highlight the

remaining limitations of the metric and describe the conditions in which it is successful

(and more successful than other metrics) and where it is not.

Chapter 10 summarises how the results of this research relate to spatial audio in general

and how these results can be used to improve spatial audio with particular focus on object-

based spatial audio including descriptions of tools to maximise perceived di�useness based

on the results of the coherence based di�useness metric as well as brie�y covering the

questions that remain following this research that may serve as a platform towards further

research.
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Chapter 2

Di�useness in Reverberation Rooms,

Concert Halls and Reproduced

Audio: Implementation,

Measurement and Perception

2.1 Overview

This chapter summarises the relevant literature. Section 2.2 covers the current usage of

object-based audio, emphasising existing handling of di�use sound sources. Section 2.3

introduces the concept of the ideal di�use sound �eld. Section 2.4 covers di�erent metrics

designed to verify whether a sound �eld is di�use or evaluate the di�useness. Literature

relating to Perception is covered in section 2.5. The subjective attributes associated with

di�useness perception are summarised in section 2.5.1 along with other research on the

perception of di�use sound �elds in section 2.5.2. A variety of listening test methodologies

are compared in section 2.6 and �nally methods for increasing di�useness by means of

decorrelation are mentioned in section 2.7.

2.2 Existing Object-based Audio

There are some examples of commercially available object-based audio formats (MPEG4

and Atmos) and they handle non-point source objects di�erently.

In MPEG4 audio channels are transmitted along side BInary Format for Scenes (BIFS)

metadata which is encoded as scene information contained in a node structure. BIFS is
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a compressed version of Virtual Reality Modelling Language (VRML)(Hosseini and Geor-

ganas, 2002) in which nodes describe attributes such as position, audio e�ects, or mixing

of sources (Koenen, 2002).

Advanced Audio BIFS (AABIFS) add some additional functionality including the

WideSound node (Schmidt and Schroeder, 2004). The WideSound node allows the shape

and size of audio sources to be speci�ed (�gure 2.1) as well as parameters (density, decor-

relation strength and di�use select) that de�ne the amount of decorrelation applied by the

renderer and ensure di�erent decorrelators are used when attached to the same source.

This turns single point sources into many point sources. All the point sources are then

spatialised using techniques such as Vector Based Amplitude Panning (VBAP) for loud-

speaker reproduction (Plogsties et al., 2003) or HRTF based rendering for headphone

listening (Jang et al., 2005).

Figure 2.1: Cube built of uncorrelated sources speci�ed using the WideSound node
(adapted from Schmidt and Schroeder (2004)).

Atmos is Dolby's object-based format for cinema (Loftis, 2014). This format is designed

to improve localisation and allow for irregular loudspeaker positioning. Atmos uses object-

based techniques for rendering up to 118 localisable sources. These are layered over a 9.1

�bed� that encompasses the remaining point sources, and often di�use and ambient sound

�elds in a conventional channel-based format. This is a simple solution to representing

di�use �elds, however, considering the resources of the system with many discrete channels

available it seems there is no real quality gain over existing channel-based formats�for the

di�use components at least. Also, in cinema, the high channel count is less of an issue

but for consumer audio, the bandwidth required for 128 discrete channels may not be

appropriate.
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The main focus of these object-based systems is the improvements available in locali-

sation, system independence or interactivity (Jang et al., 2005; Plogsties et al., 2003).

Existing systems either describe di�use sound �elds in terms of a set of independent

discrete sources or apply decorrelation to a single source. Decorrelation algorithms have

their own drawbacks (section 2.7) and so the current tools are unlikely to give the desired

quality. However, the use of many independent sources is likely ine�cient requiring a lot

of data with little consideration of the perception of di�use sound �elds.

The target of this thesis is to discover the limitations of these existing object-based

formats when reproducing di�use sound �elds to allow high quality, perceptually motivated

reproduction.

2.3 The Ideal Di�use Sound Field

This section will introduce the physical parameters that de�ne an ideal, theoretical, di�use

sound �eld. This helps highlight when the sound �eld is �truly� di�use and when it is an

approximation of this ideal di�use sound �eld. The concept is of sound arriving equally

and simultaneously from all directions. A di�use sound �eld can therefore be thought of

as an in�nite number of uncorrelated sources far from the measurement position and from

all directions simultaneously. These uncorrelated sources do not add coherently so there is

no interference pattern. Therefore the sound �eld becomes homogeneous (same root mean

square (r.m.s.) pressure at all positions) and isotropic (arriving equally from all directions).

The temporal correlation function and coherence function between two points should also

depend only on their separation (Cook et al., 1955; Jacobsen and Roisin, 2000).

An ideal di�use sound �eld has many practical applications including measurement of

absorption, noise sound pressure, transmission loss in partitions and the standard di�use

�eld response/directivity index of a microphone (Cook et al., 1955; Veit and Sander, 1985;

Jacobsen and Roisin, 2000).

The sound intensity is one method of looking at the di�useness. The intensity of a

point in the sound �eld is a vector that describes the power per unit area or the �ow of

energy through an area (�gure 2.2).

The instantaneous sound intensity (Ir) is the amount of energy passing through an area

in direction r over a period of time.

Ir =
dEr
dt.dA

(2.1)
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dA

r

rI
rF

Figure 2.2: The energy transfer through dA due to the force F in the direction r. Adapted
from Gade (1982)

The energy Er is equal to the work done on the area dA by force Fr in the r direction.

dEr = Fr.dr = pt.dA.dr (2.2)

where pt is the sum of atmospheric pa and sound pressure p.

Hence the instantaneous intensity is,

Ir = pt.
dr

dt
= paur + pur (2.3)

where ur is the particle velocity in direction r given by dr/dt and pt is the sum of

atmospheric pressure pa and sound pressure p. pa is a d.c component that will, when time

averaged, average to zero. The time averaged intensity vector in direction r is therefore

the time averaged product of the pressure and particle velocity in direction r.

〈Ir〉 = 〈p.ur〉 (2.4)

where 〈〉 indicates time averaging. This assumes the particle velocity has no d.c. o�set

(i.e. no �ow).

In three dimensions this becomes,

−→
〈I〉 = 〈p.ux + p.uy + p.uz〉 (2.5)

= 〈p.~u〉 (2.6)

where ux, uy and uz are orthogonal components of the particle velocity and
−→
I is the

intensity vector (Gade, 1982).
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The sound intensity includes both active (real) and reactive (imaginary) parts. Figure

2.3 shows the relationship between the pressure and particle velocity for both the active

and reactive parts of the intensity .

Figure 2.3: Pressure, particle velocity and intensities of active and reactive sound �elds.
Adapted from Gade (1982).

If the pressure and particle velocity are correlated and in phase the intensity is purely

active, for example, a plane wave. All the energy is propagated and there is a phase

gradient but no amplitude gradient. This would be homogeneous but not isotropic.

If the pressure and particle velocity are correlated but 90◦ out of phase, then the inten-

sity is purely reactive. A standing wave is purely reactive because all the energy �uctuates

between the sources (real or imaginary) and the medium. No energy is propagated and

there is an amplitude gradient but no phase gradient. In this case there will be a instan-

taneous sound intensity but the time averaged intensity will average to zero. This is not

homogeneous or isotropic.

In a di�use sound �eld the pressure and particle velocity are uncorrelated at any point

in space. There is no amplitude or phase gradient with the r.m.s. sound pressure the

same at all points in space (homogeneous). The phase gradient is random and so the time

averaged intensity is also zero (isotropic) (Gade, 1982).

The exception to these rules is at pressure maxima and minima of standing waves where

there is either no particle velocity or no acoustic pressure. In these cases the the phase

gradient or amplitude gradient have no meaning.

This theoretical isotropic and homogeneous sound �eld generated by in�nitely many

uncorrelated plane waves from all directions is the upper limit of the type of sound �eld
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we are interested in for this research. This mathematical model is the basis for some of

the metrics described in the next section.

2.4 Measuring Di�useness

The metrics described in this section cover the ways in which di�useness can be measured.

Measurements made in reverberation rooms require a di�use sound �eld to ensure accurate

measurements. In concert hall acoustics, di�useness has been shown to be a perceptually

desirable quality. The metrics described in this section are commonly used to validate

reverberation chambers or compare the quality of concert halls by comparing the properties

of a measured sound �eld to those of a theoretical di�use sound �eld or an anechoic

environment. In this research these metrics are used/adapted to objectively evaluate the

di�useness of a given sound �eld.

The techniques for measuring di�useness are summarised well by Loutridis (Loutridis,

2009). They can be roughly separated into directional microphone techniques; angular

dependence of the reverberant �eld (sound intensity measures); frequency irregularity;

cross-correlation methods; uniformity and linearity of decay rate; and �nally subjective

methods. Several of these measures are focused on the di�useness of reverberation although

a di�use sound �eld need not be reverberation. The measures that are transferable to non-

reverberant di�use sound �elds�as is the case in spatial audio�are covered in this section.

It worth emphasising that the di�use sound �eld is only de�ned quantitatively in its

extreme states, not di�use or perfectly di�use (Spring and Randall, 1969). Therefore, there

is no single �di�useness� scale. A perfectly di�use sound �eld must be both homogeneous

and isotropic but a partially di�use sound �eld is not de�ned. The measures covered in

this section are designed to test the homogeneity and isotropy of a sound �eld. However,

many of the methods test only one of these and are therefore inherently limited in their

validity.

2.4.1 Directional Microphone Measures

Directional microphones can be used to test the isotropy of the sound �eld. By rotating the

microphone, the relative levels from each direction can be compared to show di�useness.

Meyer uses a microphone in a parabolic re�ector to show the energy in 10◦ intervals (Meyer,

1954). These are plotted at di�erent points in the room onto �hedgehog� diagrams. These

give a visual representation of the directivity of the sound �eld (�gure 2.4)(Meyer, 1954).

34



CHAPTER 2. LITERATURE

Figure 2.4: Hedgehog plots of directional di�usivity adapted from Meyer (1954). The top
plot has good di�useness, bottom has low di�useness.

Thiele then took these measurements and was able to calculate the �directional di�u-

sivity� which varies from 1 to 0 as the sound �eld changes from di�use �eld to free �eld.

If E(θ, φ) is the energy measured by the directional microphone pointing in a particular

direction, the average energy is given by M ,

M =

π
2∫

θ=θ0

2π∫
φ=0

E(θ, φ) cos(θ) dθdφ

2π

π
2∫

θ=θ0

cos(θ) dθ

(2.7)

where θ0 is the lowest used elevation angle. The variation in the energy is therefore

given by ∆M ,

∆M =

π
2∫

θ=θ0

2π∫
φ=0

|E(θ, φ)−M | × cos(θ) dθdφ

2π

π
2∫

θ=θ0

cos(θ) dθ

(2.8)

the ratio of these values m, is given by,

m =
∆M

M
(2.9)

And so, the directional di�usivity (d) is the m value normalised by the m value from

an anechoic environment (mo) (and subtracted from 1 so the metric increases with di�use-

ness)(Meyer, 1954).

d = 1− m

m0
(2.10)
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An alternate, similar metric is the di�usion index. This is a comparison between the

polar response of a directional microphone rotated in the test sound �eld and the polar

response of the same microphone rotated in an anechoic environment. A polar response is

generated by rotating a highly directional microphone in a stationary noise �eld (R(θ)).

The polar response measurement is then repeated in an anechoic room D(θ) (�gure 2.5).

loudspeaker

normalising circle

D( )θ

R( )θ

0°

Figure 2.5: Directivity of the sound �eld and the microphone (adapted from Spring and
Randall (1969)).

The di�usion index d is given by,

d = (A0 −A)/A0 (2.11)

where A is the area of the polar response of the measured room and A0 is the area of the

polar response in the anechoic room (Spring and Randall, 1969).

Gover et al. use the same metric but use a a spherical microphone and beam-forming

techniques to steer a directional microphone to all directions (Gover et al., 2004).

The use of a microphone with a high directivity index is optimal as the directional

microphone measurements are limited by the directivity of the directional microphone

(Gover et al., 2002).

All these metrics have been employed to test the di�useness of rooms but directional

index measures are unusable in small room as the contribution of the source always over-

powers the reverberant measurement. This causes the result to be based on the amount

of absorption and the level of the reverberation more than the di�useness (Spring and

Randall, 1969).
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These directional microphone techniques only test the di�useness at a single point of

the sound �eld and not the sound �eld as a whole.

Another issue is that these metrics attempt to plot the distribution of the arriving

energy with direction. This is of use in reverberation where the number of re�ections is

high and the directions form a continuous distribution. However, in reproduced audio, this

may be less useful as the distribution of sound energy is already known, is discrete, and is

dependent only the positions of the loudspeakers.

2.4.2 Sound Intensity Measures

Intensity measurements can be seen as calculating the proportion of the magnitude of the

net �ow of energy to the total energy. This will be 1 for free �eld (with all energy from

one direction) and 0 for a di�use �eld (�ow of energy is from all directions and so averages

zero).

The intensity is given by the product of the pressure and particle velocity (section 2.3).

The particle velocity can be measured directly using an intensity metre (usually a �own

wire) or using the pressure gradient, which can be estimated from two spatially separated

pressure measurements (assuming the wavelength is much longer than the space between

the microphones) (Gade, 1982).

Using Newton's second law F = ma, the pressure gradient can be linked to the particle

acceleration d−→u /dt and the density of air ρ0.

ρ0
d−→u
dt

= −∇p (2.12)

in direction r this becomes,

ρ0
dur
dt

= −dp
dr

(2.13)

Therefore the particle velocity u in direction r is given by,

ur =
1

ρ0

∫
dp

dr
dt (2.14)

This can be approximated using two closely spaced pressure signals separated by ∆r.

ũr = − 1

ρ0∆r

∫
(PB − PA)dt ∆r � λ (2.15)
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where ũr is the estimate of the component of the particle velocity in direction r (Gade,

1982).

When applied orthogonally, a 3D intensity vector can be found and this is the basis of

Directional Audio Coding (DirAC) di�usion estimation (Merimaa and Pulkki, 2005). Dirac

processes a B-format signal to separate directional and di�use parameters in separate

frequency bands and time windows. This is then transmitted as metadata along side

the mono pressure signal to allow the spatial scene to be recreated at the receiver. The

di�useness estimation compares an intensity vector to the total energy.

The components of the instantaneous intensity vector are IX , IY and IZ and can be

calculated using,

IX(t, f) =
1√
2Z0

R{W ∗(t, f) ·X(t, f)}, (2.16)

where W (t, f), and X(t, f) are the Short Time Fourier Transform (STFT) spectra of

the zero-order pressure component and �rst-order component in the x direction respectively

of the B-format signal and ∗ denotes the complex conjugate. The expected energy density

given by,

E(t, f) =
1

2
ρ0Z

−2
0

(
|W (t, f)|2 +

|X(t, f)|2 + |Y (t, f)|2 + |Z(t, f)|2

2

)
, (2.17)

where ρ0 is the mean density of air and Z0 is the acoustic impedance of air. The

di�useness estimation is then given by,

ψ(t, f) = 1− ||E{[IX(t, f), IY (t, f), IZ(t, f)]T }||
cE{E(t, f)}

, (2.18)

where E{.} is the expectation operator and c is the speed of sound. The di�useness

coe�cient ranges from 0 to 1 for each frequency bin and time window.

The problems with purely sound intensity measures are that they are sensitive to room

modes (which also have an time averaged sound intensity of zero) and a single measurement

only tests the isotropy at a single position in the room.

2.4.3 Spatial Correlation/Coherence Measures

The isotropic and homogeneous properties of a di�use sound �eld mean the cross-correlation

function and the coherence function between two points in a di�use sound �eld can be found
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analytically and are dependent only on the separation between the points (Jacobsen and

Roisin, 2000).

In reverberation rooms, the di�use reverberation is not generated by an in�nite array

of independent, uncorrelated sources. Instead the room is driven by a �nite number of

sources (usually 1), but the irregular shape of the room and long reverberation time means

that the re�ections have random phase and therefore sum to become a di�use sound �eld.

This leads to a model for a di�use sound �eld composed of plane waves with random phase

and from all directions. In this case, the correlation function (Cook et al., 1955; Nélisse

and Nicolas, 1997) and coherence function (Jacobsen and Roisin, 2000) between two points

can be found analytically.

R

Figure 2.6: Plane wave.

Considering a sinusoidal plane wave as shown in �gure 2.6, the pressures px and py are,

px(t) = A cos(ωt) = R{Aejωt}

py(t) = A cos(ω(t+ τ)) = R{Aejω(t+τ)}

(2.19)

where ω is the angular frequency and τ is the delay between the microphone measure-

ment positions given by,

τ = R cos(θ)/c (2.20)

where c is the speed of sound, θ is the angle of the incoming plane wave and R is the

separation between the measurement points.

The cross-correlation coe�cient is, by de�nition, given by,

ρxy =
〈Px(t)Py(t)〉√
〈Px(t)2〉〈Py(t)2〉

(2.21)

39



CHAPTER 2. LITERATURE

Inputting the signals from equation 2.19 gives a cross-correlation coe�cient given by,

ρxy = R{e−jωR cos θ/c}

ρxy(kR) = cos(kR cos θ)

(2.22)

Where k is the wave number. The cross-correlation coe�cient as a function of kR

shows the cross-correlation coe�cient to be dependent on frequency, the incident angle of

the plane wave and the separation between measurement points.

To �nd the cross-correlation coe�cient between points in a di�use sound �eld composed

of plane waves of random phase, the plane wave case is integrated for all possible directions

(θ and φ) leading to,

ρxy(kR) = cos(kR) (2.23)

for a 1 dimensional case,

ρxy(kR) =
1

2π

∫ 2π

0
cos(kR cos θ)dθ = J0(kR) (2.24)

for the 2 dimensional case and,

ρxy(kR) =
1

4π

∫ 2π

0

∫ π

0
cos(kR cos θ) sin θdθdφ =

sin(kR)

kR
(2.25)

for the 3 dimensional case (Nélisse and Nicolas, 1997).

Jacobsen and Roisin (2000) use coherence in place of correlation. The coherence γxy

between the pressure at 2 points is given by,

γ2xy(ω) =
|Sxy(ω)|2

Sxx(ω)Syy(ω)
(2.26)

The coherence requires the cross-spectrum and autospectra of the two signals. The rela-

tionship between the cross-spectral density function Sxy and the cross-correlation function

Rxy is the Fourier transform.

Sxy(f) =

∫ ∞
−∞

Rxy(τ)ejωτdτ (2.27)

Therefore single sided cross-spectrum Gxy is given by,

Gxy(f) = 2

∫ ∞
−∞

Rxy(τ)ejωτdτ = Cxy(f)− jQxy(f) (2.28)
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where Cxy and Qxy are the cospectrum and quadspectrum respectively, these are the

real and imaginary parts of the cross-spectrum.

The cross-correlation function is therefore linked to the real and imaginary parts of the

cross spectrum by,

Rxy(τ) =

∫ ∞
0

[Cxy(f) cos(ωτ) +Qxy(f) sin(ωτ)]df (2.29)

In this equation the cross-spectrum is integrated over all frequencies. This can be

replaced by a limited integral over a limited frequency range and the cross-correlation

function for a given frequency band.

Rxy(τ, ω0,∆ω) =

∫ ωb

ωa

[Cxy(f) cos(ωτ) +Qxy(f) sin(ωτ)]df (2.30)

and the zeroth time lag this gives,

Rxy(0, ω0,∆ω) =

∫ ωb

ωa

Cxy(f)df (2.31)

For the coherence (equation 2.26) the cross-spectrum Sxy includes both the real and

imaginary parts,

|Sxy(ω)|2 = C2
xy(ω) +Q2

xy(ω) (2.32)

The imaginary part of the cross-spectrum can be related to the Hilbert transform of

the cross-correlation function by,

R̂xy(τ, ω0,∆ω) =

∫ ωb

ωa

[Cxy(f) sin(ωτ) +Qxy(f) cos(ωτ)]df (2.33)

whereˆdenotes the Hilbert transform. This gives the zeroth lag Hilbert transform of

the cross-correlation in terms of the quadspectrum,

R̂xy(0, ω0,∆ω) =

∫ ωb

ωa

Qxy(f)df (2.34)

For the autocorrelation the autospectrum is purely real and even and is therefore given

by,

Rxx(τ, ω0,∆ω) =

∫ ωb

ωa

Cxx(f) cos(ωτ)df (2.35)
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The equation for the cross-correlation coe�cient function is then used to �nd the co-

herence function. The cross-correlation coe�cient function is by de�nition given by,

ρxy(τ) =
Rxy(τ)√

Rxx(0)Ryy(0)
(2.36)

This can be found in narrow frequency bands using,

ρxy(τ, ω0,∆ω) =
Rxy(τ, ω0,∆ω)√

Rxx(0, ω0,∆ω)Ryy(0, ω0,∆ω)
(2.37)

The Hilbert transform of the cross-correlation coe�cient function will also be required

as this uses the Hilbert transform of the cross-correlation function which includes the

imaginary part of the cross spectrum (the quadspectrum).

ρ̂xy(τ, ω0,∆ω) =
R̂xy(τ, ω0,∆ω)√

Rxx(0, ω0,∆ω)Ryy(0, ω0,∆ω)
(2.38)

Again looking at the zeroth time lag the equations 2.31, 2.34 and 2.38 can be combined

in to give the cross-correlation coe�cient as a function of frequency using the narrow band

cospectrum and autospectra.

ρxy(0, ω0,∆ω) =

∫ ωb
ωa
Cxy(ω)dω√∫ ωb

ωa
Sxx(ω)dω

∫ ωb
ωa
Syy(ω)dω

(2.39)

The quadspectrum in combination with the autospectra gives,

ρ̂xy(0, ω0,∆ω) =

∫ ωb
ωa
Qxy(ω)dω√∫ ωb

ωa
Sxx(ω)dω

∫ ωb
ωa
Syy(ω)dω

(2.40)

Finally, combining equations 2.39, 2.40 with equations 2.26 and 2.32 shows the squared

coherence given by the narrow band correlation coe�cient and its Hilbert transform.

γ2xy(ω0,∆ω) = ρ2xy(0, ω0,∆ω) + ρ̂2xy(0, ω0,∆ω) (2.41)

This is equivalent to the envelope of the cross-correlation coe�cient.

In a di�use sound �eld where the cross-correlation coe�cient is given by equation 2.25,

this leads to the coherence as given by,

γ2xy(ω, r) =

(
sin(ωr/c)

(ωr/c)

)2

(2.42)
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assuming that the spectral resolution is very high (∆ω � ω). In this way the coherence

can be seen as calculating many correlation measurements at once (Jacobsen and Roisin,

2000). They point out that the use of the coherence is only useful if the sound �eld is

composed of uncorrelated sources. However, because the autocorrelation of random noise

is mostly 0 except for at 0 lag, for rooms with su�ciently long reverberation time, the

re�ections appear uncorrelated. This means that in a reverberation room driven with a

single loudspeaker, using a frequency resolution that is too high ( ∆ω < 1/T60 ) or using

pseudorandom noise synchronised to the length of the FFT, will lead to a coherence of 1 for

all frequencies. This is expected as the loudspeaker, reverberation, microphone process is a

linear time invariant system. The paper by Jacobsen and Roisin demonstrates the validity

of equation 2.42 but also demonstrates that if spatial averaging is used, even non-di�use

rooms, can lead to the coherence function given by equation 2.42 (Jacobsen and Roisin,

2000). The measurement of the coherence is not incorporated into a metric for measuring

di�useness (possibly due to these biases) but in this research, where the sound �eld can

be composed of truly uncorrelated discrete sources, the coherence is once again a valid

parameter.

2.4.4 Spatial Uniformity Measures

Spatial uniformity techniques compare the pressure at multiple positions in the sound �eld

to test the homogeneity. In the case of reverberation rooms, ISO standard 3741 (ISO,

1999) gives the permissible standard deviation of the Sound Pressure Level (SPL) between

points for di�erent frequency ranges for a given upper limit of reproducibility accuracy

when making reverberation room measurements (table 2.1).

Octave band Mid-frequencies/Hz 1/3 octave band mid frequencies/Hz Standard Deviation of SPL/dB

125 100 to 160 1.5
250 and 500 200 to 630 1.0
1000 and 2000 800 to 2,500 0.5
4000 and 8000 3,150 to 10,000 1.0

Table 2.1: Maximum permissible standard deviation of sound pressure level as speci�ed in
ISO standard 3741. (ISO, 1999)

The standard deviation is calculated over at least 6 measurement positions, each more

than half the wavelength of the lowest frequency of interest apart; no closer to the surfaces

of the room than 1m; and at least dmin for the source, where dmin is given by,

dmin = 0.4× 10(LWr−Lpr)/20 (2.43)
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where LWr and Lpr are the sound power level of the source (in dB) and the sound

pressure level of the source in the room (in dB) respectively.

An alternative spatial uniformity measure is to quantify a spatially limited di�use

sound �eld by specifying the area over which the sound pressure level is constant (Veit and

Sander, 1985). Viet and Sander simulated a di�use sound �eld using 8 loudspeakers. The

SPL was then calculated as a microphone moved from the centre of the sound �eld towards

the nearest loudspeaker. This showed the sound �eld to be constant up to a point and

then the SPL becomes non-uniform. This is shown in curve b from �gure 2.7, with curve

a showing the equivalent measure with a single loudspeaker in an anechoic environment.

Figure 2.7: SPL of reproduced di�use sound �eld as the measurement point moves towards
one of the loudspeakers for 1/3 octave band centred at 315 Hz (adapted from Veit and
Sander (1985)),

These spatial uniformity measures are applicable to the entire listening area, however,

they only measure the pressure so ignore the direction of arrival. For example a plane wave

has the same pressure at all positions but is not di�use.

2.4.5 Angular (Wavenumber) Spectrum Measure

One method of investigating isotropy is using spherical harmonics. The �rst order of the

spherical harmonics is synonymous with the isotropy metrics in section 2.4.2. Whilst the

�rst order has limited spatial resolution (only estimating the average direction of incoming

sound), higher order spherical harmonics have higher spatial resolution allowing for better

separation of incoming plane waves. Nolan et al. (2016) decompose spherical microphone

array simulations into a set of a plane waves. Either the phase or magnitude of each plane

wave is then translated to the spherical harmonic domain. The energy of the coe�cients

in each order are averaged and normalised to show how the magnitude or the phase of the

spherical harmonics is distributed across the orders of harmonics.

Firstly the sound �eld is described as a complex angular spectrum. In the paper by

Nolan et al. this complex angular spectrum is theoretical and therefore can be trivially
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discretised and simulated for 1000 points. The magnitude of the angular spectrum |P (k,Ω)|

is represented as a sum of spherical harmonics,

|P (k,Ω)| =
∞∑
n=0

m=n∑
m=−n

Amn(k)Y m
n (Ω). (2.44)

The energy of the spherical harmonic coe�cients Amn can then be normalised using,

1

N

n∑
m=−n

|Amn|2, (2.45)

Where N is the number of coe�cients contributing to each order.

The phase of the angular spectrum (φ(P (k,Ω))) can also be calculated as a sum of

spherical harmonics,

φ(P (k,Ω)) =

∞∑
n=0

m=n∑
m=−n

Bmn(k)Y m
n (Ω). (2.46)

The energy of the spherical harmonic coe�cients that relate to the phase (Bmn) can

then be normalised using,

1

N

n∑
m=−n

|Bmn|2, (2.47)

where N is again the number of coe�cients contributing to each order.

Figure 2.8 shows how the normalised energy varies between the harmonic orders in

terms of magnitude and phase for three di�erent plane wave situations. In an isotropic

sound �eld (middle and bottom) the sound comes equally from all directions. In the spheri-

cal harmonic domain this corresponds to only the zeroth order, omnidirectional component

of the magnitude of the plane waves. Sound �elds that are less isotropic (Single plane wave)

require higher orders to describe them. Additionally, if the incoming plane waves are corre-

lated, then the sound �eld will still not be di�use. The phase of the incoming plane waves

is therefore also converted into the spherical harmonic domain allowing the correlated and

uncorrelated cases to be di�erentiated.

This method of visualising the sound �eld is most suited to the suggested use case,

reverberation. In this case the plane wave assumption is most appropriate. Re�ections are

harmonically related to the source and the randomisation is the phase of the re�ections.

This phase relation between a re�ection and the direct sound is always constant. In

reproduced audio where the sources are truly uncorrelated, the phase shift between the

�plane� waves from di�erent directions varies with time. The randomisation of the relative
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Figure 2.8: Phase and magnitude of the normalised energy for di�erent orders of spherical
harmonics for di�erent sound �elds. Top a single plane wave. Middle Many plane waves all
in phase. Bottom Many plane waves of random phase. (adapted from Nolan et al. (2016))

phase with time means that the phase will likely average to zero over time. Therefore

it would be necessary to apply a time window to avoid the zero average phase di�erence

being re�ected in the reduction of the higher orders of harmonics. It is not immediately

obvious what this time window should be and how to combine separate time windows to

give a single value.

Another remaining issue with this method is there is no obvious way to combine the

phase part with the amplitude part. As is often a di�culty with measuring di�useness (a

combination of both homogeneity and isotropy) this measurement technique investigates

both but does not give any suggestion as to an optimal method for combining the two

parts.

The author also highlights that more research needed for low frequency signals where

the modal response of the room will encourage the lower order harmonics to dominate.

Whilst this e�ect at low frequencies might actually be highly relevant as highly modal sound

�elds may be less di�use, it is not clear exactly how this might a�ect the measurement and

further research would be required.
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2.4.6 Perceptually Motivated Measures for Concert Hall Acoustics

The metrics so far compare the properties of a measured sound �eld to the properties of

a theoretical di�use sound �eld. In concert hall acoustics the focus is slightly di�erent.

The source is generally small and re�ections from the walls either broaden the source or

are perceived separately as part of the environment. These desirable spatial attributes are

discussed in section 2.5.1 where the relevant factor is how these re�ections increase the

spatial impression over anechoic conditions. This di�erence is subtle but there are cases

where maximum di�useness according to these metrics may not equate to the value of

these metrics in a theoretical di�use sound �eld.

Lateral Fraction and Lateral Hall Gain The lateral fraction of Barron and Marshall

is a simple measure that compares the impulse response of an omnidirectional microphone

to the impulse response of a �gure-of-8 microphone with the �dead axis� pointed towards

the source (i.e. the lateral energy)(Barron and Marshall, 1981). A source in an anechoic

room would not be recorded on the �gure-of-8-microphone leading to a low lateral fraction.

Conversely, in a highly di�use environment, the �gure-of-8-microphone will pick up a lot

of the re�ections from the side walls giving a high lateral fraction.

LateralFraction =

80ms∫
0

xfig8(t)
2dt

80ms∫
0

xomni(t)2dt

(2.48)

The lateral fraction is measured over the �rst 80ms of reverberation for early re�ections.

The microphones are calibrated to give the same output for a source on-axis for both

microphones in anechoic conditions.

The Lateral Hall Gain of Bradley and Soulodre (1995) is used for late reverberation

and is given by,

LateralHallGain =

∞∫
80ms

xfig8(t)
2dt

∞∫
0

xomni_anc(t)2dt

(2.49)

In this case the late reverberation is measured at a standard distance of 10 m. The

omnidirectional measurement is calculated in anechoic conditions this time.

These metrics were designed based on the perception of early and late re�ections being

relevant factors of spatial impression (Barron and Marshall, 1981). They have found uses

in concert hall acoustics although the lateral fraction varies only a small amount between
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di�erent halls (Hidaka et al., 1995; Barron, 2001) and the lateral hall gain is found to

be strongly dependent on the amount of absorption which may or may not relate to the

particular spatial impression (Barron, 2001).

This metric is also not well suited to reproduced audio as the maximum value can be

obtained by increasing the level of the loudspeakers at the sides. This will not increase the

physical di�useness and is unlikely to increase the perceived di�useness but will increase

the measured lateral energy.

InterAural Cross-correlation Coe�cient (IACC) The InterAural Cross-correlation

Coe�cient (IACC) is very commonly used. In general these methods are the same and

the IACC is given by the maximum absolute value of the normalised interaural cross-

correlation function (IACCF) over the range of possible interaural time di�erences (ITDs)

(ISO, 2009).

IACCFt1,t2(τ) =

t2∫
t1

pL(t) · pR(t+ τ)dt√
t2∫
t1

p2L(t)dt
t2∫
t1

p2R(t)dt

(2.50)

where pL(t) and pR(t) are the left and right ear impulse responses respectively and t1

and t2 determine a section of the impulse response.

The IACC is given by the maximum absolute value over the range of possible ITDs.

IACCt1,t2 = max |IACCFt1,t2| , −1ms ≤ τ ≤ 1ms (2.51)

The t1 and t2 values are commonly 0 ms and 80 ms respectively for early re�ections

and 80 ms and the length of the impulse response respectively for late re�ections. The

distinction is made as early re�ections are fused to the source whereas late re�ections are

perceived as part of the environment. The IACC is also commonly calculated in octave

bands and averaged. This is partly due to the logarithmic frequency response of the ear

and partly due to some frequency bands matching poorly to subjective data. Hidaka et al.

use the octave bands at 500 Hz, 1 kHz and 2 kHz based on the assumption of the likely

source material and the accuracy with which these bands di�erentiate di�erent concert

halls (Hidaka et al., 1995). At very high and low frequencies there is commonly less energy

especially with the types of music performed acoustically in concert halls. The IACC is also

always high at low frequencies where the long wavelength relative to the interaural distance

means a higher degree of correlation. Therefore, there is a smaller range of possible values
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making the measurements less accurate and poor di�erentiators between di�erent concert

halls.

There are several notable points regarding the IACC;

• The IACC is high at low frequencies due to longer wavelengths. Griesinger points

out the fact that the increase in IACC does not correlate well with subjective data

which shows spatial impression to be important at low frequencies (Griesinger, 1999).

However it is worth mentioning that this observation of Griesinger is slightly ambigu-

ous. It is understandable that the IACC is a poor measure of envelopment at LF as

it tends towards 1 where the envelopment may not tend towards �not enveloping�.

However this is not the same as determining that a lower value of IACC would still

not be more enveloping than a higher IACC, albeit there is a smaller range of possible

IACC values at low frequency than at high frequency as was found by Gribben and

Lee (2017).

• Measuring the IACC over a small range of octave bands may lead to ignoring frequen-

cies that may still be relevant to the perceived di�useness even if those frequencies

might be less important.

• A low IACC can be measured from sound �elds that are not physically di�use.

Ando and Kurihara ran experiments involving a single re�ection and the subjective

di�useness. They found, for a direct sound in front of the listener, a large azimuth

angle (±90◦) gave the highest subjective di�useness whereas frequencies above 700 Hz

require a narrower angle of the re�ection. The angle of the single re�ection that gave

the highest subjective di�useness also gave the lowest IACC (Griesinger, 1999; Ando

and Kurihara, 1986). However, in terms of a theoretical di�use sound �eld, there

was no change, there was still a single source and single re�ection. Of course this

distinction may not be important as the subjective perception is of more importance

to this research than the physical di�useness of the sound �eld.

Despite these issues and considerations, the IACC has been found to correlate well with

subjective attributes, Apparent Source Width (section 2.5.1) in (Hidaka et al., 1995) and

with perceived di�useness in (Power et al., 2014).

InterAural Di�erence (IAD) The InterAural Di�erence (IAD) is worth inclusion as

the metric is very simple and incorporates equalisation to account for the high correlation

at low frequencies due to longer wavelengths. The IAD expands on the lateral fraction and
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compares the level of the equalised di�erence between the binaural impulse responses of

the two ears to the total level of the impulse responses at the two ear signals (Griesinger,

1999).

IAD(t) = 10 log10

(
(eq(L(t)−R(t)))2

(L(t)2 +R(t))2

)
(2.52)

At low frequencies the di�erence signal is low due to the higher correlation between the

two ears. Therefore, the di�erence signal is equalised to give an IAD of 0 for all frequencies

in a large reverberant room and this can be estimated using a 6 dB/8ve boost below 300

Hz. This gives the IAD as a function of time and can be calculated in octave bands with

40 ms smoothing.

2.4.7 Summary

These metrics are designed to quantify the di�erences between non di�use sound �elds

such as plane waves, di�use sound �elds and sound �elds that lie somewhere in-between.

A useful metric in the context of spatial audio is one that correlates well with the perception

of the sound �eld. The actual di�useness of the sound �eld is of less importance than it

being perceived as di�use.

2.5 Perceiving Di�useness

In this section commonly used terminology is explained and existing subjective experiments

that relate to di�use sound �elds are covered.

2.5.1 Terminology and Subjective Attributes of Spatial Audio

In any subjective experiment the choice of language can be ambiguous or even biasing.

This section covers the di�culties with the terminology when describing di�use sound

�elds. Firstly the ambiguity of �di�useness� is explained and then the research investigating

semantic descriptors of sound �elds is covered. This allows clari�cation of the terminology

used throughout this research.

The term di�useness can be ambiguous for two reasons. The �rst reason for ambi-

guity is that technically, a sound �eld can only be either di�use, or not di�use, so there

cannot be a di�useness scale. It is logical that a single plane wave might be the lowest

possible di�useness and an ideal di�use sound �eld might have the highest di�useness but

there is no single scale in the middle to de�ne moderate di�useness. The second reason

50



CHAPTER 2. LITERATURE

for ambiguity comes from the subjective aspect of this research. Physical di�useness is

important in reverberation rooms where the sound �eld must be highly di�use in order

to make accurate measurements. It must be completely isotropic and homogeneous so it

is equivalent to the theory of an in�nite number of uncorrelated sources coming from all

directions simultaneously. This allows the measurements to be repeatable. Alternatively,

a sound �eld can be perceptually di�use, i.e. it sounds as if it is generated by an in�nite

number of uncorrelated sources far from the listener. This leads to the requirement to

specify di�useness as either physical di�useness or perceptual di�useness.

The ambiguity is complicated further as a physically di�use sound �eld may not be

perceived as an in�nite number of uncorrelated sources from all directions. This is found

in concert hall acoustics where the early re�ections are fused to the source and make it

sound wider and the di�useness of these early re�ections is proportional to its size. In this

case a better option may be to use the descriptors used by listeners for the e�ects they hear

when di�useness is increased. However, when listeners are asked to give verbal feedback

on what they hear, there tends to be a wide variety of ways of describing it. Fortunately, a

lot of work has been made into identifying attributes that are synonymous or antonymous

as to select semantic attributes that are independent, easy to understand and hopefully

consistent.

In concert hall acoustics, the most common terms used when referring to di�use rever-

beration are Apparent/Auditory Source Width (ASW) and Listener EnVelopment (LEV).

These were found by (Bradley and Soulodre, 1995) to be independent components of spa-

tial impression. The ASW is associated with early re�ections that are indistinguishable

from the source making it sound larger. LEV is dependent on the late reverberation and

is responsible for the feeling of being surrounded by the room.

For reproduced sound, Berg et al. derived �broad attribute classes� from verbal data

using a Repertory Grid Technique (Berg and Rumsey, 2003, 1999). These were,

• Authenticity/naturalness

• Lateral positioning/source size

• Envelopment

• Depth

Semantic descriptors from previous research were investigated including attributes from

concert hall acoustics and from reproduced sound. Berg and Rumsey then used the method

shown in �gure 2.9 to select the consistent and independent attributes shown in table 2.2.
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Context De nition

Purpose of Text

Selection of Stimuli

Elicitation of Costructs

Rating of Constructs

De nition of Attributes

Construction of Scales

Structuring of Constructs

Validation of Scales

Re nement of Scales

Evaluation

Stimuli Requirements, Listener Requirements

Stimuli Set

Personal Constructs, Associated Ratings

Groups of Constructs

Attribute Scales

Signi cance of Scales, Preliminary Test Results

Revised Set of Attributes

Test Results

Inconsistent Attributes

Figure 2.9: Method for evaluating semantic attributes. Adapted from Berg and Rumsey
(2003)

We can see from the attributes shown in table 2.2, that there is some extension on the

broader classes and on the attributes from concert hall acoustics. ASW is split between

individual source width and ensemble width and envelopment is both source envelopment

and room envelopment. Even with these well de�ned classes there are cases in the past

of di�erent uses of these terms and therefore there remains ambiguity in the literature.

Surroundedness is tentatively proposed by Berg as a new semantic descriptor for the at-

tributes describing sound that surrounds the listener emphasising when the de�nitions of

envelopment from the past may have contradicted each other (Berg, 2009).

Even further distinction can be made when investigating surround sound systems with

height where engulfment is proposed as an attribute that is independent of envelopment

when referring to loudspeaker systems with height (Paine et al., 2007).

The most recent attempt to standardise the de�nition of di�useness is given by Zacharov

et al. (2016). They recommend the use of the following description.

�Degree of being surrounded by a source, scene or ensemble. Typically,

envelopment is associated with a scene. Scale: Not enveloping to Completely

enveloping Being surrounded by reverberation would be considered highly en-

veloping. Being surrounded by a large number of dry sources may also be

highly enveloping. This may be heard when standing and listening to the rain
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Attribute Description

Naturalness
How similar to a natural (i.e. not reproduced through e.g. loudspeakers) listening experi-
ence the sound as a whole sounds.

Presence
The experience of being in the same acoustical environment as the sound source, e.g. to
be in the same room.

Preference
If the sound as a whole pleases you. If you think the sound as a whole sounds good. Try
to disregard the content of the programme, i.e. do not assess genre of music or content of
speech.

Low Frequency Con-
tent

The level of low frequencies (the bass register).

Ensemble Width

The perceived width/broadness of the ensemble, from its left �ank to its right �ank. The
angle occupied by the ensemble. The meaning of �the ensemble� is all of the individual
sound sources considered together. Does not necessarily indicate the known size of the
source, e.g. one knows the size of a string quartet in reality, but the task to assess is how
wide the sound from the string quartet is perceived. Disregard sounds coming from the
sound source's environment, e.g. reverberation - only assess the width of the sound source.

Individual Source
Width

The perceived width of an individual sound source (an instrument or a voice). The angle
occupied by this source. Does not necessarily indicate the known size of such a source, e.g.
one knows the size of a piano in reality, but the task is to assess how wide the sound from
the piano is perceived. Disregard sounds coming from the sound source's environment, e.g.
reverberation - only assess the width of the sound source.

Localisation
How easy it is to perceive a distinct location of the source - how easy it is to pinpoint
the direction of the sound source. Its opposite is when the source's position is hard to
determine - a blurred position.

Source Distance The perceived distance from the listener to the sound source.

Source Envelopment

The extent to which the sound source envelops/surrounds/exists around you. The feeling
of being surrounded by the sound source. If several sound sources occur in the sound
excerpt: assess the sound source perceived to be the most enveloping. Disregard sounds
coming from the sound source's environment, e.g. reverberation - only assess the sound
source.

Room Width
The width/angle occupied by the sounds coming from the sound source's re�ections in the
room (the reverberation). Disregard the direct sound from the sound source.

Room Size In cases where you perceive a room/hall, this denotes the relative size of that room.

Room Sound Level
The level of sounds generated in the room as a result of the sound source's action, e g
reverberation - i.e. not extraneous disturbing sounds. Disregard the direct sound from the
sound source.

Room Envelopment
The extent to which the sound coming from the sound source's re�ections in the room (the
reverberation) envelops/surrounds/exists around you - i.e. not the sound source itself. The
feeling of being surrounded by the re�ected sound.

Table 2.2: Attributes of spatial audio from Berg and Rumsey (2003).

hitting the pavement. Envelopment may occur with reverberation or other

aspects of the scene such as applause in a concert hall, atmosphere or air con-

ditioning (room tone). Holes (an absence of sound from a certain directions)

in the reproduction would normally reduce envelopment. Envelopment may be

subdivided in horizontal and vertical envelopment"

This de�nition was published in 2016. All experiments carried out after this date used

this description of envelopment as the basis for the description given to listeners.

Figure 2.10 is used to visualise di�erent cases that demonstrate how the choice of

vocabulary can a�ect the results.

The functions plotted around the circle represent the perceived directions of the sound.

Cases a, b and c represent sound �elds composed of discrete components�four in a and b

and three in case c�with case d showing a theoretical di�use sound �eld. In case a the
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a) b)

c) d)

Figure 2.10: Visualisation to help show the di�erences between apparent source width,
envelopment and perceived di�useness.

discrete components are di�erent scene components�for example voice, guitar, bass and

drums� that are relatively easy to focus on and separate whereas in cases b, c and d the

sound �eld components are all noise like and harder to di�erentiate. In all three of the

�rst cases there are directions where, less or no sound is coming from. From these example

cases it is possible to visualise how a listener might give very di�erent answers for the same

sound �eld depending on the speci�c phrasing of the question.

For example if asked about the extent or span from right to left of a source: in case a

the separate sound �eld components are easily separated and the extent could either be of

a single source or of the whole scene. In cases b and c, the noise signals are not separable

and the extent is only that of the scene which is identical in both cases despite b being

perceptually more di�use. The extent is further complicated in 3D where there may be

sources may be horizontally or vertically broad.

Alternatively, listeners could be asked to rate the how surrounding the sound �eld is.

All of these cases are likely to be surrounding because there is sound coming from in front,

behind, left and right in all cases. Envelopment is a similar high level attribute that may or

may not relate to the di�useness of the sound �eld. The feeling of envelopment is an overall

feeling of being surrounded by the sound which may not be equivalent to localisation of

the sound �eld to be equally from all directions. For example, the presence of gaps in the

perceived direction of arrival does not necessarily limit the envelopment of the sound �eld.

Finally, another possible term is the �perceived di�useness�. In this context, perceived

di�useness, would relate to how the distribution of perceived directions of arrival relate
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to that of case d. This has the advantage of including any variation between the size of

gaps in the directions of possible arrivals, for example the di�erence between cases b and c.

However, for complex sound scenes such as a, where the components of the sound �eld are

separable, the perceived di�useness is once again ambiguous as it could be for an individual

scene component, the whole scene or the average across all scene components.

Therefore, in this thesis, perceived di�useness is used in general to compare between

noise like stimuli as it is a feature of the number of sources as well as their distribution.

Envelopment is used for complex sound scenes where the overall perception of being sur-

rounded by the sound �eld is the most relevant salient feature for that type of sound �eld.

However, when using either the perceived di�useness or the envelopment as the feature to

be rated, in both cases the description is similar and relates to the description of envelop-

ment from Zacharov et al. (2016). The exact wording used in each experiment is reported

in the listener methodology sections of the relevant chapters.

2.5.2 Perceptual Evaluations of Di�useness

Although the majority of the work on perception of envelopment comes from the world of

concert hall acoustics, there has also been a lot of work on spatial impression in loudspeaker

systems.

Hiyama et al.

The work of Hiyama et al. (2002) provides a valuable basis for the work in this thesis. In

their experiments, a horizontal array of 24 loudspeakers was used. The envelopment from

this array was compared to layouts with fewer loudspeakers and in a range of con�gurations.

The layouts were also investigated for a range of frequencies. The �rst results are shown

in �gure 2.11.

They found a high correlation between the number of loudspeakers and the perceivable

di�erences in envelopment. The layout 12a is indistinguishable from the reference of 24

loudspeakers. As the number of loudspeaker reduces, the di�erence in envelopment from

the reference also increases.

This experiment was followed by another experiment looking at di�erent frequency

ranges and also included some additional layouts with loudspeakers at non-even spacings.

These results are shown in �gure 2.12.

There are signi�cant di�erences between di�erent layouts which might have the same

number of loudspeakers (for example the layouts with four loudspeakers). Equally there is
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Figure 2.11: Mean di�erence ratings between the reference of 24 loudspeakers and reduced
layouts. Adapted from Hiyama et al. (2002)

also a statistically signi�cant factor of the frequency range used. They recommend that,

to maximise envelopment, using a layout featuring a pair of loudspeakers at ±30◦ and a

second pair around ±90-120◦. This is in line with the 5.1 standardised layout. This was

concluded based on a combination of the subjective results, measurements of the IACC

below 1.8 kHz and the transfer function of the external ear above 1.8 kHz. They conclude

that the layout of 4 loudspeakers should produce the spatial impression of a di�use sound

�eld up to 1.8 kHz.

This work by Hiyama is highly relevant to this thesis but lacks the third dimension

of height which is increasingly common in new object- based audio formats. Paine et al.

(2007) demonstrate how the additional 3rd dimension can increase immersion and relates

to engulfment. This is not covered in the work of Hiyama et al.�understandably due to

the added complexity arising from the additional dimension. The work of Hiyama et al. is

also only ever relative to the layout of 24 loudspeakers. Although this can be assumed to

be highly di�use both physically and perceptually, it is not always clear if 24 loudspeakers

is the maximum di�useness and by using it as an explicit reference there is potential for

bias.
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Figure 2.12: Mean di�erence ratings between the reference of 24 loudspeakers and reduced
layouts for 3 di�erent frequency bands. Adapted from Hiyama et al. (2002)

Santala and Pulkki

Santala and Pulkki (2011) took the 2D layout a step further limiting the loudspeakers to

a frontal arc ±105◦ in steps of 15◦ and asking listeners which loudspeakers they could

localise in various combinations. Figure 2.13 shows the results of their �rst experiment.

The dark squares on the x axis indicate the positions of loudspeakers that were turned on
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for that stimulus. The histograms show which loudspeakers the listeners believed to be

switched on.

Figure 2.13: Histograms showing how often the particular loudspeaker was indicated as
emitting sound, 100% being the maximum. Black boxes denote the loudspeakers that were
emitting sound. Adapted from Santala and Pulkki (2011)

These results show that for wider groups of sources, the width was hard to determine

accurately (group 1) than for the narrower groups of loudspeakers. Group 2 shows the

existence of gaps was reliably perceived although the size of the gap was in general overes-

timated. In the complex scenes of group 3, the arrangement of loudspeakers was incorrectly
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determined. With three groups of active loudspeakers (group 4) �as was the case in group

2�the size of gaps overestimated slightly.

The second part of their experiments looked also at the frequency content of the stimuli

including the centre frequency and the bandwidth and the results are plotted in �gure 2.14.

In this experiment di�erence grades were given from the reference of 13 loudspeakers to

each of the reduced layouts.

Figure 2.14: Di�erence in spatial impression between the reference of 13 loudspeakers and
the tests subset. Adapted from Santala and Pulkki (2011)

In addition to the frequency dependence found by Hiyama et al., there is also a depen-

dence on the bandwidth with narrow bandwidths appearing more similar to the reference

than when a wide bandwidth is presented to the listener.

Once again this is a valuable starting point for this thesis but does not look at the

third dimension.

Romblom et al.

Romblom et al. (2016) looked at the perception of di�useness from the point of view

of auralisation of reverberation. Their experiments were to �nd the threshold for lack

of isotropy in the sound �eld arising from acoustics with di�erent absorption coe�cients

within the room in three dimensions. They used loudspeakers to vary the loudness in either

the front-back, left-right or up-down directions from an even distribution of sound energy

to determine perceptual thresholds of level di�erences. Loudspeakers were placed in two

rings at 0◦, ±24◦, ±54◦, ±76◦, ±104◦, ±124◦, ±154◦and 180 azimuth angles with the two

layers at 20 cm below head-height and 1.4 m above head-height for the upper layer. Both

rings having a radius of 2.2 m making the upper ring 2.5 m from the listener's head. The

subsets used in each condition are shown in �gure 2.15.
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Figure 2.15: Loudspeaker layout used in experiments of Romblom et al. (2016). Head-
height and above head-height layers were identical. The Lateral and Frontal conditions
involved varying intensity between the loudspeakers contained within the marked arcs
respectively and the other loudspeakers. The Height condition varied the intensity between
the two layers (in the same layout). Adapted from Romblom et al. (2016).

The in the lateral condition, the loudness of the loudspeakers denoted by inward facing

triangles on either the right or left would be varied relative to the rest of the loudspeakers.

In the frontal condition the loudspeakers denoted by solid shapes were varied relative to

the rest of the loudspeakers, and �nally in the height condition, the upper ring was varied

relative to the lower ring. An ABX test was used to determine perceptual thresholds and

a cut o� of 75% correct answers was used as a criteria for the threshold. The results are

shown in �gure 2.16.

Figure 2.16: Proportion of correctly identifying the reference and the test for di�erent
relative gains for each of the conditions. Adapted from Romblom et al. (2016)

This shows the lateral condition to be most sensitive (-2.5 dB) followed by the frontal

condition (-3.2 dB) and �nally the height condition (-6.8 dB). They propose that the lateral

condition has the largest e�ect on the monaural and interaural cues followed by the frontal

and height conditions as is re�ected in the results.

This work con�rms a threshold of perceivable di�erence as the sound �eld is reduced

from a highly di�use to less di�use. The �rst experiment of this thesis can be seen as an

extension of the height condition in this experiment. For the lateral and frontal conditions

it can be assumed the most di�use loudness distribution is that of all loudspeakers the same
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level. However, in the height condition, this is not so clear depending on the de�nition of

di�useness. For example, the time averaged intensity will be lower for the head-height only

layout rather than the 3D layout. However, in this experiment there is only a threshold

calculated relative to the 3D layout (which may not be the most di�use).

In all of these experiment the target or reference is the maximum number of loudspeak-

ers. One of the �rst parts of this thesis is to determine what is subjectively the most di�use

and not to assume it is the maximum number of loudspeakers.

2.6 Listening Test Methodologies

The �rst part of this research is focused on the subjective evaluation of di�useness for

di�erent stimulus material. This elicitation of subjective data needs to be appropriate

to the stimuli and give meaningful results with minimal bias. The common double-blind

methods for conducting listening tests are described and compared in this section.

2.6.1 Pairwise

Pairwise comparisons are a simple and very fast method to determine which of two stimuli

is better or whether there is no di�erence. Listeners have the option to select a preference

for stimulus A or B. In some cases there is also an option for no preference. If many stimuli

are compared in all combinations then it is possible to get a ranking of the stimuli using

frequency counts. A limitation is that there is no indication of the absolute di�erences

between stimuli, large di�erences and small but perceivable di�erences are both rated

equally.

Whilst this test is very fast for a single trial, to compare many stimuli in all combina-

tions can take a lot of time (De Man and Reiss, 2013).

2.6.2 ABX

ABX tests are used to determine whether or not there is a discernible di�erence between

two stimuli (Clark, 1981). Stimuli A and B are compared to the reference stimuli X where

one of A or B is the reference stimuli X. If there is no di�erence then the selection of the

correct stimulus A or B will be chance and so the expected value for each stimulus will be

50%. If the di�erences are large, the listener will identify the reference stimuli 100% of the

time. The reference shows the listener exactly what they are looking for so gives them the

best chance of discerning any slight di�erences.
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ABX tests are most suited to near negligible degradations in the audio. The test is

fast so many repeats can be made quickly. However, if the di�erences are not close to

negligible, then listeners will nearly always correctly identify the correct stimulus and, as

with the pairwise comparison method, there is no indication on the amount of degradation.

2.6.3 Triple Stimulus with Hidden Reference - BS.1116-1

The BS.1116-1 is a standardised test methodology commonly used to quantify small degra-

dations in sound quality. It is very similar to the ABX test but also includes some indication

of the amount of degradation (ITU-R, 1997). Once again the listener can switch between

3 stimuli, the reference and 2 test stimuli with one of these stimuli the same as the refer-

ence. The listener then rates both stimuli on a continuous scale labelled with 5 intervals.

Therefore the stimuli they believe to be the reference should be rated at the maximum

and the other rated according to the perceived amount of degradation. The 5 intervals are

usually labelled as shown in table 2.3.

Grade Impairment

5.0 Imperceptible
4.0 Perceptible, but not annoying
3.0 Slightly, annoying
2.0 Annoying
1.0 Very annoying

Table 2.3: 5 point impairment scale from BS.1116-1. (ITU-R, 1997)

This test is more time consuming than an ABX test but has the advantage of being

able to compare di�erent amounts of degradation. This test can still be used to determine

if a listener can tell any di�erence between two stimuli. Whilst well suited to small degra-

dations, it is less suited to medium or large impairments for reasons covered in the next

section.

2.6.4 MUltiple Stimulus with Hidden Reference and Anchors (MUSHRA)

- BS.1534-2

MUltiple Stimulus with Hidden Reference and Anchor tests (MUSHRA) is standardised in

BS.1534-2 and is used for intermediate quality audio systems (ITU-R, 2014a). Systems are

compared to a reference as with ABX and BS.1116-1 tests but in the case of MUSHRA,

more stimuli are included in a single trial and so can be compared to each other in addition

to the reference (�gure 2.17). This allows small di�erences between stimuli that are not

close to the reference to be compared more accurately. There is an explicit reference and
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selection of test stimuli. One of the test stimuli will be the hidden reference, another will

be the hidden anchor. The purpose of the hidden reference is twofold, �rstly it is a test

of the listeners ability to identify the non-degraded signal, secondly, it anchors the top of

the scale so the listeners know which stimuli to rate the highest and therefore encourage

the use of the top of the scale. The anchors are used to compare the results from di�erent

tests to a known degradation. For example, the systems under test may have a range

of di�erent degradations e.g. distortion, frequency response or signal to noise ratio. A

single test might look at only one of these but it might be of interest to see how distortion

degradation compares to frequency response degradation. In this case a common anchor

allows the results of the two experiments to be compared. However, the anchor should not

be used for rescaling the data. The scales are usually labelled as in �gure 2.17 or as in

table 2.3.

Figure 2.17: Example MUSHRA user interface. Adapted from ITU-R (2014a)

This type of test is very accurate but is not immune to potential bias. Zieli«ski et

al. report on some potential biases of the MUSHRA test methodology depending on the

choice of stimuli. They term these biases �range equalisation bias� and �stimulus spacing

bias� (�gure 2.18).

Figure 2.18: Potential Biases of MUSHRA. Left is equalisation bias, right is stimulus
spacing bias. The black bars represent a range of stimuli that are mapped by listeners to
a scale (the grey box). The red dot represents a stimulus that is the same for all trials but
gets mapped to di�erent parts of the output scale based on the other stimuli within the
trial. Adapted from Zielinski et al. (2007).
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The left �gure shows �range equalisation bias". The same stimulus (red dot) is rated

with a di�erent absolute value if the total range of the stimuli is di�erent. Listeners

automatically place the most and least di�use stimuli at the extremes of the scale thereby

adjusting the limits of the scale to the given stimuli and possibly ignoring the absolute

scale labels.

The �gure on the right shows �stimulus spacing bias" and how the distribution of the

data can e�ect the absolute rated values. The red dot represents the same stimulus in

both trials but mapped to di�erent parts of the scale depending on whether there are more

stimuli that should be rated high, or more stimuli that should be rated low. Listeners �nd

the ranking part of the task easier than judging the absolute di�erence between stimuli. For

both of these biases the rank order of the stimuli remains the same, only the absolute ratings

are biased. Therefore even with these biases it is possible to draw accurate conclusions

on relative performance even if the absolute performance may be biased. Zielinski et al.

(2007) found this deviation could be as high as 22% of the scales range .

Depending on the normality of the distribution of the data, ANalysis Of VAriance

(ANOVA) can be used to identify statistically signi�cant factors as well as the interactions

between factors.

2.7 Methods of Signal Decorrelation

The theoretical di�use sound �eld requires that all the signals are uncorrelated. In spatial

audio this requires many discrete channels. One method to have multiple uncorrelated

signals is to generate uncorrelated signals from a single source by means of decorrela-

tion. There are several ways to perform the decorrelation each with various bene�ts and

drawbacks. In this section a few of the possible methods of decorrelation are summarised.

Pulkki and Merimaa (2006) compare a range of decorrelation techniques. The �rst

is amplitude panning. In this case the direction of arrival is estimated from a B-Format

recording and the pressure component of the B-Format signal is amplitude panned to the

estimated location. As the angle of arrival will be random for a di�use sound �eld, the

position will move rapidly and ideally appear di�use. This is found to be e�ective at low

frequencies. Unfortunately, the fast panning leads to amplitude modulation manifesting as

distortion. This becomes a trade-o� between the amount of distortion and the possibility

of perceiving the movement of frequency components.

Convolutional di�usion involves convolving the audio with short noise bursts. These

noise bursts are uncorrelated and �at in frequency response. Noise bursts longer than 50
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ms a�ect the perceived length of the reverberation. However, limiting the length of the

noise burst to 50 ms means low frequencies (below 200 Hz) cannot be decorrelated as much

as higher frequencies (Pulkki and Merimaa, 2006).

Alternatively, all-pass �lters with random phase responses can be used. The all-pass

�lter has a �at magnitude response to avoid colouration. This can be easily implemented

using the Inverse Fast Fourier Transform (IFFT) of a response with �at magnitude and

random phase. Any number of random phase responses can be generated and, when

convolved with a single mono source, the output will be uncorrelated (Kendall, 1995).

(Pulkki and Merimaa, 2006) perform the decorrelation in the STFT domain. This phase

randomisation is limited by the length of the FFT window. Long FFT windows ensure

minimum distortion but introduces temporal smearing. Transients have wide bandwidth

but short duration. When the transient is decorrelated, the energy is rearranged to �ll the

whole FFT window and the transient becomes noise. This reduces the quality although

attempts have been made to remove the transients from the audio prior to decorrelation

to avoid smearing (Laitinen et al., 2011).

Decorrelation can be seen as a compromise between the amount of decorrelation and

the artefacts generated.

2.8 Summary

This second chapter covered the relevant literature that in�uenced the research in this

thesis. The current tools available in object-based audio were summarised and the lack

of e�cient ways to represent distributed sources was emphasised. The ideal di�use sound

�eld was quanti�ed showing an idealised version of the type of source that is currently

di�cult to represent. This idealistic di�use sound �eld can never be truly reproduced and

so metrics were introduced that attempt to quantify di�useness. The appropriate termi-

nology was clari�ed with respect to the terminology used in other research and existing

research into the the perception of di�use sound �elds in spatial audio was summarised.

The methodologies of di�erent listening tests were compared and �nally, techniques for

decorrelation were summarised. This literature was than used to design the experiments

described in the next chapters.
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Chapter 3

Experiment 1: Relative Loudness

Between Head-height and

Non-head-height Subsets of

Loudspeakers

3.1 Overview

Advocates of 3D loudspeaker layouts claim 3D layouts to be more enveloping and surround-

ing than 2D layouts. A contrived example to investigate this claim would be 12 head-height

loudspeakers with an additional single loudspeaker above the listener with 12 head-height

loudspeakers (reported to be maximally di�use in two dimensions by Hiyama et al. (2002)).

In an informal listening test it was noted this single loudspeaker above the listener made

little or no di�erence to the perceived di�useness. The single loudspeaker had very little

e�ect as the loudspeaker could not be heard over the 12 head-height loudspeakers. How-

ever, if the single loudspeaker was 12 times louder than each loudspeaker at head-height

then it would be too loud, easily localised, and the sound �eld not di�use. It therefore

follows that there is some optimal level of this additional loudspeaker relative to the level

of the head-height loudspeakers that might take the 2D layout with 12 loudspeakers to a

3D layout that is more di�use.

In this �rst experiment an adjustment task allowed listeners to vary the distribution

of sound energy between the loudspeakers at head-height and those not at head-height

to the point they determined most di�use using a slider. The total level of the stimulus
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was maintained across the length of the slider and the layouts of loudspeakers chosen

investigated the e�ect of,

• the number of loudspeakers at head-height,

• the number of loudspeakers in layers not at head-height,

• the position of the non-head-height layer(s) above and/or below the head-height

layer.

Section 3.2 covers the choice of stimulus material and the layouts of loudspeakers tested.

Section 3.3 the listener response method and UI design. Section 3.4 covers the experimen-

tal set-up, the loudspeaker arrangement and system calibration with section 3.5 covering

the listeners who sat the test. Section 3.6 examines the results and conclusions of the

experiment. These optimised relative levels are evaluated further in the second experiment

in chapter 4.

3.2 Stimuli

The goal of this experiment was to �nd, for a given loudspeaker layout, what loudspeaker

gains maximise the perceived di�useness. This leads to an enormous range of continuous

variables. Both the quantity of loudspeakers and their positions in azimuth and elevation

as well as the individual gains of each loudspeaker. To minimise the number of variables

the focus was placed on the di�erence between 2D and 3D. Therefore the loudspeakers

were evenly distributed in azimuth and the only level adjustment was the relative level

between the loudspeakers at head-height and those not at head-height. The details behind

the exact choice of stimuli are covered in this section.

3.2.1 Stimulus Material

It was important that all the loudspeaker signals had minimal inter-channel correlation.

This is di�cult with recorded audio signals and decorrelation techniques add artefacts

that may bias the results (section 2.7). Uncorrelated pink noise signals were chosen over

white noise as the logarithmic nature of pink noise is more relevant to humans' logarithmic

hearing of frequency. Static noise stimuli are not subject to material preference bias, do

not vary with time and therefore, should give repeatable results.
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Uncorrelated pink noise was generated using the dsp.ColoredNoise object in Matlab.

These signals are generated using independent random sequence generators to ensure a

correlation coe�cient of 0 (for a long sequence).

3.2.2 Loudspeaker Layouts

Each stimulus was a 3D layout of loudspeakers divided into the subset of loudspeakers

at head-height�the 2D component�and the subset of loudspeakers not at head-height�the

additional 3D component. The Audio Lab at the University of Southampton features 37

loudspeakers that could be split into 10 subsets of loudspeakers, 3 head-height subsets

(table 3.1) and 7 non-head-height subsets (table 3.2). Each 3D stimulus comprised of a

head-height subset and a non-head-height subset and allowed the listener to cross-fade

between the two.

Azimuth Elevation n = 12 n = 6 n = 4

0 0 X

± 30◦ 0 X X X

± 60◦ 0 X

± 90◦ 0 X X

± 120◦ 0 X

± 150◦ 0 X X X

180◦ 0 X

Table 3.1: Azimuth and elevations of loudspeakers in the head-height subsets.

Azimuth Elevation 12/n/13 8/n/8 8/n/0 0/n/8 0/n/4w 0/n/4 0/n/1

± 45◦ -56◦ X

± 135◦ -56◦ X

0◦ -20◦ X X X

± 45◦ -17◦ X X X

± 90◦ -24◦ X X X

± 135◦ -17◦ X X X

180◦ -20◦ X X X

0◦ 27◦ X X X

± 45◦ 24◦ X X X X

± 90◦ 32◦ X X X

± 135◦ 24◦ X X X X

180◦ 27◦ X X X

± 45◦ 52◦ X X

± 135◦ 52◦ X X

0◦ 90◦ X X

Table 3.2: Azimuth and elevation angles of the loudspeakers in the non-head-height subsets.
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The subsets were chosen to investigate; the number of loudspeakers at head-height;

the number of loudspeakers in the layer(s) not at head-height; and the position of the

non-head-height layer(s) either above and/or below the head-height layer. Standardised

layouts were not used in the �rst test as they are not evenly distributed in azimuth around

the listener and therefore would not have a constant energy from the front and the back

as the relative level between head-height and non-head-height subsets was varied.

The non-head-height subsets are labelled in the format mB/n/mA where mB is the

number of loudspeakers below head-height, mA is the number of loudspeakers above the

head-height and n is the number of loudspeakers at head-height.

The head-height subsets, n = 12, n = 6 and n = 4, compare di�erent numbers of

head-height loudspeakers (table 3.1). The n = 12 loudspeaker subset is designed to have

maximum horizontal di�useness (Hiyama et al., 2002). The subset n = 6 is still evenly dis-

tributed around the listener but perceptually less di�use than the n = 12 subset (Hiyama

et al., 2002). The n = 4 subset has no loudspeakers at ±90◦ and is not evenly distributed

around the listener however the energy from in front of the listener and from behind the

listener is the equal. The 0/n/8, 0/n/4 and 0/n/1 subsets were chosen to compare vari-

ations with number of non-head-height loudspeakers. Subsets of 4 elevated loudspeakers

in wide and narrow arrangements (0/n/4w and 0/n/4) were chosen to compare di�erent

elevations with the same number of loudspeakers. The 8/n/0, 8/n/8 and 0/n/8 subsets

were chosen to compare how layers above and/or below the head-height layer would be

adjusted. The 8/n/8 and 12/n/13 subsets were chosen to compare the e�ect of number of

channels when there are many non-head-height loudspeakers. All combinations of head-

height and non-head-height subsets were investigated, leading to 21 unique subset pairs.

Each stimulus was assessed and adjusted twice by each listener.

3.3 Listener Response Method

Listeners were asked to perform an adjustment task that involved moving a slider to �nd

the most di�use setting which corresponds to a speci�c relative level between the two

loudspeaker subsets. To avoid the expectation of the listener biasing the results, the

listeners were not informed of the e�ect of the slider. Listeners were asked to;

�Move the slider from left to right, in order to vary the spatial attributes of a

noise stimulus. Your task is to �nd the point at which you perceive it most

di�use.�
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The de�nition of di�useness for this experiment was,

�Di�useness is de�ned in this experiment as the sound coming from all direc-

tions with equal intensity. Therefore, the sound should ideally be impossible

to localise and without any gaps (areas you perceive there is no sound coming

from) all in three dimensions.�

A user interface was designed in Max 6.1 (�gure 3.1) that featured the slider, a button to

play or pause the stimulus, a button to progress to the next stimulus, and a slider that

allowed ±2 dB of gain (however all listeners left the gain at 0 dB) .

Figure 3.1: Screenshot of user interface.

All subsets were aligned to the same SPL at the central listening position. The total

level of the stimuli was maintained across the length of the slider using a constant power

(-3 dB) cross-fade between the head-height and non-head-height subsets. The slider value

(ss) ranged from 0 to 1. The levels of the head-height (X) and non-head-height (Y) subsets

are given in dB by,

X = 10 log10(s) (3.1)

and

Y = 10 log10(1− s) (3.2)

respectively where s = ss, if the non-head-height subset was on the left or s = 1 − ss, if

the head-height subset was on the left.

This leads to an Inter-Subset Level Di�erence (ISLD) in dB of,

ISLD = 10 log10(s/(1− s)) (3.3)
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Positive ISLD values indicate the head-height subset is that number of dB louder than

the non-head-height subset. Negative ISLD values indicate the non-head-height subset is

louder.

Keyboard shortcuts were provided to allow the slider to be changed quickly without

looking at the computer screen. The stimulus presentation order, which of the two subsets

was presented on the left, and the slider start position (left or right) were all randomised.

This encouraged the listener to listen to the stimulus rather than make judgements based

on previous ratings. The 42 stimuli were rated in two sessions of 20 minutes with a 5

minute interval.

3.4 Reproduction System

3.4.1 Room and Loudspeakers

The Audio Lab at the University of Southampton measures 4.80 m×3.97 m×2.56 m and

had a reverberation time of 0.12 s ±0.02 s in 1/3 octave bands between 125 Hz and 8 kHz.

The loudspeakers were 37 Kef HS3001SE driven by a PC with 40 channel RME audio

interface were arranged into 6 layers all evenly distributed in azimuth around the listener

(�gure 3.2).

Loudspeakers were mounted at uniform height from the �oor and so the elevation angle

varies with distance to the listener.

3.4.2 Calibration

All individual loudspeakers were aligned in level, time and frequency. Firstly, digital gain

was applied to each loudspeaker so the Sound Pressure Level (SPL) at the listening position

would be the same for a given input signal. To avoid any potential precedence e�ects, all

loudspeakers were also time aligned to within 100 µs (ITU-R, 2014b) using digital delay.

The frequency response also varied between loudspeakers due to strong ceiling and �oor

re�ections and the necessary positioning of loudspeakers close to the walls of the room.

Frequency response matching was implemented using 1/6 octave band equalisation for each

loudspeaker individually. Five seconds of pink noise was replayed over each loudspeaker;

recorded using a calibrated B&K free-�eld microphone type 4190 with B&K preampli�er

type 2669 pointed towards the loudspeaker; and analysed using a bank of 1/6 octave �lters

implemented in Matlab. The target response was the 1/6 octave band �ltered input signal

weighted below 95 Hz to mimic the low frequency roll-o� of the loudspeaker. The error,
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Figure 3.2: The Audio Lab at the University of Southampton.

in dB, between the target response and the measured response was added to the gain

coe�cients for each sub-band and the process was repeated until the error was within ±0.5

dB for all sub-bands above 95 Hz. The iterative process allowed the frequency selectivity

of the �lters and any extraneous noise during the �record� stage to not a�ect the choice of

sub-band coe�cients. An example 1/6 octave band analysis of the signal, at various stages

in the equalisation process, is shown with the resultant sub-band coe�cients and residual

error in �gure 3.3. The coe�cients generated were then applied to the �ltered stimulus

material (in this case also pink noise).

Some of the frequency irregularity is due to re�ections in the room. Over equalisa-

tion could lead to di�culties at other frequencies as the listener moves slightly and so

1/6 octave band equalisation was used in place of techniques that invert the frequency

response. Unfortunately there may still be slight colouration di�erences between stimuli
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Figure 3.3: 1/6 octave band equalisation of the loudspeaker at head-height, directly in
front of the listener. The blue line shows the sub band gains and the pink line shows the
remaining error between the target response and the response after equalisation.

as the ears of the listener are not exactly at the alignment position although there was a

clear improvement in tonal colour consistency following the equalisation.

3.5 Subjects

The listening test was approved by the ethics and research governance committee (ID:

11554). The listening test was sat by 16 PhD/Masters students at the University of

Southampton with self-reported normal hearing.

3.6 Results

The results are �rst screened for listener quality and consistency. The remaining results

are then analysed, compared and conclusions are drawn.

3.6.1 Post-screening

The listeners were compared on their ability to produce repeatable results. The di�erence

between the two repeats of the same stimulus for each listener was used as a metric for

consistency. The �gure 3.4 shows the mean absolute di�erence between repeats for each

listener.

Most listeners are, on average, less than 0.2 between the repeats of the same stimulus.

Listeners who had, on average, greater than 0.2 di�erence between their adjustment for the

same stimulus were excluded. This removed listeners 4, 5, 11, 14 and 15. Visual inspection

of the histograms for each stimuli showed the remaining listeners to be fairly consistent
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Figure 3.4: Listener consistency based on the di�erence between the adjustments given to
the same stimulus across the two repeats.

with the data close to normal distribution. The cut-o� of 0.2 is arbitrary and chosen to

remove some of the least consistent listeners whilst retaining a su�cient number of data

points.

With inconsistent listeners removed, the two repeats for each listener and each stimulus

were averaged and are plotted in �gure 3.5.

Figure 3.5: Box and whisker plot of data from all consistent listeners. Point labels are
listener IDs.
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There are several outliers for the n = 12 stimuli however, as many listeners have already

been removed, this may be slightly exaggerated by the small number of data points. None

of the outliers are very far from the median so no further listeners were excluded. The

means slider values of the remaining data (following removal of the inconsistent listeners)

are used from this point. The mean is used in place of the median due to the low number of

data points and the removal of inconsistent listeners means the advantages of the median

being unbiased by outliers is less relevant. The slider values are averaged in the following

plots but these values are converted to the ISLD and labelled as the ISLDMean as the

ISLD is a more tangible concept than the slider value. The results show the choice of level

to vary depending on both the number of loudspeakers in the head-height and non-head-

height layers, as well as the position of the non-head-height layer.

3.6.2 Analysis and Discussion

The mean slider values are plotted in �gure 3.6 and labelled with the associated ISLD.

Figure 3.6: ISLD of mean adjustment from consistent listeners. Pink lines show the e�ect
of changing of the number of head-height loudspeakers.

Most of the ISLDMean are above 0 dB meaning, in general, the head-height subset

was preferred to be louder than the non-head-height subset. The number of loudspeakers

in each subset as well as the position of the subset appears to make a di�erence to the

preferred ISLD.

Repeated measures ANalysis Of VAriance (ANOVA) shows both the head-height and

non-head-height subset to be signi�cant factors (F (2, 9) = 6.674, p = 0.017 and F (6, 5) =

16.815, p = 0.004 respectively) with p-values less than 0.05 indicating statistical signi�-
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cance at the 95% con�dence level and high F-statistic indicating good �explained variance

to unexplained variance� ratio.

The signi�cant di�erences when looking at pairwise comparisons tend to be between

the more extreme layout di�erences. This is to be expected considering the di�culty of the

task. Romblom et al. (2016) determined the minimum perceptual level di�erence between

a head-height layer and an elevated layer to be -6.8 dB . In the format of this experiment,

this would be equivalent to an ISLD of -6.8 dB for a layout of 0/14/14 being the just

noticeable di�erence relative to an ISLD of 0. Therefore the fairly wide range seen here

is to be expected and because there are relatively few listeners, the statistical signi�cance

su�ers.

Number of Head-Height Loudspeakers In general, as the number of head-height

loudspeakers increases from n = 4 to n = 12, so does the ISLD (level of the head-height

subset relative to the non-head-height subset). This is regardless of the number or distri-

bution of the non-head-height subset.

Pairwise comparison in table 3.3 show insigni�cant di�erences between similar subsets.

This is to be expected considering the di�culty of the task and therefore the wide standard

deviation. There is a signi�cant di�erence in the preferred ISLD between n = 12 and n = 4.

n = 6 n = 12

n = 4 0.128 0.016

n = 6 0.200

Table 3.3: Signi�cance values from pairwise comparisons between head-height subsets.
Signi�cance has Bonferroni adjustment for multiple comparisons.

Number of Non-Head-Height Loudspeakers The 0/n/8, 0/n/4 and 0/n/1 non-

head-height subsets were included to investigate the e�ect of the number of elevated loud-

speakers. Stimuli with more elevated loudspeakers are adjusted to a lower ISLD. The

clearest result is that of the 0/n/1 subset that was consistently adjusted to be low in

level relative to the head-height subset. This was the only ISLD that was statistically

signi�cant in the pairwise comparisons between the non-head-height subsets (table 3.4).

Informal listener feedback following the test indicated they found the subsets with fewer

non-head-height loudspeakers (especially 0/n/1) very localisable and therefore adjusted

them to a low level to hide this highly localisable subset.
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8/n/8 8/n/0 0/n/8 0/n/4w 0/n/4 0/n/1

12/n/13 0.337 0.008 0.271 0.322 0.032 0.000

8/n/8 0.073 1.000 1.000 0.925 0.000

8/n/0 0.242 1.000 1.000 0.006

0/n/8 1.000 0.860 0.000

0/n/4w 1.000 0.008

0/n/4 0.002

Table 3.4: Signi�cance values from pairwise comparisons between non-head-height subsets.
Signi�cance has Bonferroni adjustment for multiple comparisons.

Distribution of Loudspeakers Although the number of loudspeakers in the upper

hemisphere appears to be directly related to the ISLDMean, the number is not the only

contributing factor. Of the 8/n/0, and 0/n/8 stimuli, the 8/n/0 subset was kept at the

lowest level relative to the head-height layer. This may be because surrounding sounds

from the lower level are unexpected or less desirable. The 0/n/4w is rated at a similar

ISLD to the 0/n/4 stimuli with the same number of loudspeakers indicating the same

number of channels in the same hemisphere makes little di�erence to the choice of level

distribution. However, if you consider the limit, if the elevation increased to 90◦ this

arrangement of four loudspeakers would be equivalent to 0/n/1 and so the ISLD would

likely change change in that scenario. However, from the data here, the small change in

elevation from approximately 24◦ to 52◦ appears to have no e�ect on the most perceptually

di�use ISLD.

ISLD vs. Gains of Individual Loudspeakers The general trend is that the optimum

ISLD increases as either, the number of head-height channels increases, or the number

of non-head-height channels decreases. Intuitively this equivalent to turning down the

subset with the fewer loudspeakers. For this reason the optimum ISLD values were plotted

against the ratio of the number of loudspeakers between the head-height and non-head-

height layers in �gure 3.7. Also plotted are two comparison lines, the ISLD if both subsets

were at the same level (ISLD=0) and the ISLD if the Inter-Subset Channel Level Di�erence

(ISCLD) equals 0. The ISCLD=0 can be seen as the ISLD adjustment that would have

been given had the listener decided the most di�use ISLD is when each individual channel

in the head-height and non-head-height layers are at the same level.

Neither of these curves line up perfectly with the ISLDMean. Ideally a model could be

used to predict the optimum ISLD for a given layout. However, the ISLDMean varies not

only based on the ratio of the number of channels, but also their position (in the case of

0/n/8 vs. 8/n/0). This implies some psychoacoustic behaviour that cannot be captured by
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Figure 3.7: Comparison of the ISLD of the mean adjustment value to the ISLD of equal
level from each subset or equal level from each channel. Black lines identify four stimuli
where ISLD varies most between ISLDMean, ISLD=0 and ISCLD=0 and so were also
tested in experiment 2 to validate and quantify these results.

the ratio of the number of loudspeakers. Therefore any metric based only on the number

of loudspeakers in both subsets can never be predict all the data. It is also not clear from

the data in this experiment the magnitude of the di�erence in di�useness when choosing

the wrong ISLD.

ISLD and the Ratio of Loudspeakers in Existing Loudspeaker Systems The

ratio of the number of head-height and number of non-head-height loudspeakers can be

calculated for several standardised loudspeaker layouts and compared to the results in

�gure 3.7. The layouts used in later parts of this thesis are 9.1(5+4) and 22.2. For these

layouts the respective �loudspeaker ratios� are 1.25 and 0.833 respectively. For both of

these layouts, using the ISCLD=0�the red dash-dot line in �gure 3.7�seems a reasonable

choice and con�rms the current practice of aligning all loudspeakers to the same level.

3.7 Summary

In this �rst experiment the relative gains between the loudspeakers at head-height and

those not at head-height were optimised to maximise the perceived di�useness. This was

found to correlate with the ratio of head-height to non-head-height loudspeakers but not

su�ciently strongly to create an accurate model. For the loudspeaker systems tested, the

ISLDMean can be seen as an optimised level distribution to maximise the perceived dif-
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fuseness. For loudspeaker systems not included in this experiment, the ratio of the number

of loudspeakers is a good way to approximate an optimal ISLD and for standardised layouts

without extreme ratios in the number of head-height loudspeakers to non-head-height loud-

speakers, an ISCLD=0 with all individual loudspeakers at equal level is a suitable choice.

This optimisation experiment should allow di�erent loudspeaker layouts to be compared

fairly and in an unbiased manner especially for unusual loudspeaker layouts with large

di�erences in the number of head-height and non-head-height loudspeakers. The next ex-

periment includes some stimuli chosen to validate this experiment and to quantify the

improvements in the perceived di�useness when optimising the ISLD.
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Experiment 2: Subjective Di�useness

of Di�erent Arrangements of

Loudspeakers

4.1 Overview

The second experiment was designed to critically assess the di�use �eld reproduction per-

formance of existing loudspeaker systems and investigate the relative e�ect of di�erent

parameters of layer based loudspeaker systems. The results from experiment 1 (chapter 3)

were used to maximise the perceived di�useness for each arrangement of loudspeakers.

Section 4.2 covers the choice of stimuli and how they relate to those in the �rst ex-

periment. Section 4.3 covers the experimental design. The reproduction system and the

subjects are covered in sections 4.4 and 4.5 respectively. The results are covered in section

4.6 and conclusions are drawn from the results from both of the �rst two experiments. Sec-

tion 4.7 attempts to link the subjective results from this second listening test to objective

measures of the sound �eld.

4.2 Stimuli

Stimuli were chosen to investigate a range of di�erent factors covered in this section. These

factors led to the choice of stimuli shown in table 4.1. The layouts are labelled in the format

mB/n/mA where mB is the number of loudspeakers below head-height, mA is the number

of loudspeakers above the head-height and n is the number of loudspeakers at head-height.

These layouts were chosen to investigate the factors laid out in the following subsections.
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4 × Floor
±45◦ -56◦ 3 3 3

±135◦ -56◦ 3 3 3

8 × Lower

0◦ -20◦ 3 3 3 3 3

±45◦ -17◦ 3 3 3 3 3

±90◦ -24◦ 3 3 3 3

±135◦ -17◦ 3 3 3 3

180◦ -20◦ 3 3 3 3

12 × Head-height

0◦ 0◦ 3 3 3 3 3 3 3 3 3

±30◦ 0◦ 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3 3

±60◦ 0◦ 3 3 3 3 3 3

±90◦ 0◦ 3 3 3 3 3 3 3 3 3 3 3

±120◦ 0 ◦ 3 3 3 3 3 3 3 3 3

±150◦ 0◦ 3 3 3 3 3 3 3 3 3 3 3

180◦ 0◦ 3 3 3 3 3 3

10 × Upper

0◦ 27 3 3 3 3 3 3

±30◦ 26◦ 3

±45 24◦ 3 3 3 3 3 3 3

±90◦ 32◦ 3 3 3 3 3 3

±135◦ 24◦ 3 3 3 3 3 3 3 3

180◦ 27◦ 3 3 3 3 3 3

5 × Ceiling
±45◦ 52◦ 3 3 3 3 3

±135◦ 52◦ 3 3 3 3 3

0◦ 90◦ 3 3 3 3 3 3

Head-height and non-head-height
subsets generate same SPL.
ISLD=0. (subscript L)

3 3 3 3

SPL di�erence between head-height
and non-head-height subsets is
optimised.
ISLD=ISLDMean (subscript M)

3† 3† 3† 3 3 3 3† 3†

All loudspeakers reproduce the same
SPL at the the listening position.
ISCLD=0 (subscript C)

3† 3† 3† 3† 3† 3† 3† 3† 3† 3† 3† 3 3 3 3†

Table 4.1: Active loudspeakers for all stimuli and choice(s) of relative level between the
head-height and non-head-height loudspeakers. *High and low hidden anchors. † Stimuli
also tested o�-centre.

4.2.1 Comparing Standard Layouts

The standard layouts, stereo, 5.1(ITU-R, 2007), 9.1(Daele and Baelen, 2012; ITU-R, 2014b)

and 22.2 (ITU-R, 2014b, 2011) are popular multichannel formats and so are of commercial

interest. In this experiment the Low Frequency E�ects (LFE) channel(s) were not used

and neither were subwoofers, so stimuli are labelled as 5.0, 9.0, 9.0b and 22.0 to avoid

confusion. An alternate arrangement of 9.0 (termed 9.0b) using a narrower arrangement of

elevated loudspeakers was also included as there is a commercial interest in systems that

uses beam-forming or directional loudspeakers to direct sound that re�ects o� the ceiling to

give virtual elevated loudspeakers. This narrow arrangement is more akin to these systems

than the standard 9.0 layout speci�ed in (ITU-R, 2014b).

4.2.2 Investigating Individual Parameters of Layer Based Layouts

There are in�nite ways in which loudspeakers can be arranges in terms of quantity, azimuth

and elevation. Instead of testing all possible loudspeaker arrangements, various parameters

that de�ne the arrangement of loudspeakers were investigated. To test these parameters,
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layouts distributed evenly in azimuth and separated into horizontal layers were used to

avoid too many variables.

Number of Head-Height Loudspeakers Although previously tested by Hiyama et al.

(2002), the relative e�ect of the number of loudspeakers in a horizontal plane at head-height

is of interest and allows comparison with the earlier research. This was investigated using

the stimuli 0/12/0, 0/8/0, 0/6/0 and 0/4/0. The 0/12/0 and 0/6/0 stimuli are evenly

distributed in azimuth but 0/4/0 and 0/8/0 are not be due to constraints on the number

of channels available for all stimuli and the chosen layouts. In these cases, symmetry was

maintained front to back and left to right with the same amount of energy from in front

of and behind the listener.

Number of Non-Head-Height Loudspeakers Arrangements of 8, 4 and 1 loud-

speaker(s) above head-height were chosen. For each case there were also 6 head-height

loudspeakers in order to focus on the improvement over the 2-dimensional layout and there-

fore allowing comparison between 3D layouts with di�erent numbers of non-head-height

loudspeakers and the 2D layout with the same head-height arrangement but no non-head-

height loudspeakers. 0/6/mA was chosen as they are evenly distributed in azimuth and

moderately di�use but not maximum horizontal di�useness. As we are interested in the

maximum improvement available from adding non-head-height loudspeakers, the optimal

ISLD should be used. This was the mean of the adjusted value from experiment 1 labelled

ISLDMean from section 3.6. Stimuli using ISLDMean are indicated with subscript M .

The wider arrangement of 4 non-head-height loudspeakers from experiment 1 allows better

comparison with the 8 non-head-height loudspeakers case as the loudspeakers are also at

the same elevation.

Positioning of a Single Layer of Loudspeakers 8 loudspeakers were place below,

at, and above head-height (8/0/0, 0/8/0 and 0/0/8 respectively). The loudspeakers in the

0/8/0 stimuli could not be evenly distributed around the listener so, as before, front-back

and left-right symmetry was maintained.

4.2.3 Quantifying Improvement in Perceived Di�useness Relative to 2D

Layouts

It had been found previously by Hiyama et al. (2002) that adding more than 12 loud-

speakers in a head-height layer did not increase perceived di�useness. It was therefore of
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interest whether adding more loudspeakers not at head-height would have any a�ect. This

was investigated by comparing maximum head-height di�useness (0/12/0) with the same

stimulus with many non-head-height loudspeakers. The 12/12/13 layout from experiment

1 was chosen with ISLDMean for the ISLD having many additional loudspeakers. The

layouts 0/12/1 and 0/12/4 also test possible increases in perceived di�useness over 2D but

using far fewer loudspeakers.

4.2.4 Validating Experiment 1

The ISLDMean from experiment 1 for each stimulus should be the most perceptually

di�use ISLD possible. However, the results of experiment 1 do not show how much more

di�use the ISLDMean is over using a simpler method of choosing the ISLD such as ISLD=0

or ISCLD=0. Stimuli were chosen to ensure the results from experiment 1 were valid and

to quantify the e�ect of the ISLD as a parameter of layer based loudspeaker layouts. To

best show the e�ect of the ISLD, the stimuli that gave the greatest range of ISLD between

the ISLD=0, ISLD=ISLDMean and ISCLD=0 were chosen. These were selected based on

�gure 3.7 to be stimuli, 12/6/13, 12/4/13, 0/12/4 and 0/12/1 in all combinations with the

3 ISLD options. The di�erent ISLD are indicated by subscript L, M and C for ISLD=0,

ISLD=ISLDMean and ISCLD=0 respectively.

4.2.5 ISLD for Layouts Not Included in Experiment 1

For the systems tested, the optimal ISLD can be assumed to be the ISLDMean. For layouts

not included in experiment 1, the ISLD=0 or ISCLD=0 (keeping the layers at equal level

or individual loudspeakers at equal level respectively) are the two simplest options. The

error between using a simple loudspeaker gain such as ISCLD=0 or ISLD=0 and using

the �correct" value (ISLDMean) can be seen in �gure 4.1. This shows the mean square

error between the mean s values from the listeners and the s values that relate to either

maintaining equal loudspeaker loudness (where ISCLD=0) or equal head-height to non-

head-height loudness (ISLD=0). In the worst three cases (0/6/1, 0/12/1, and 0/4/1),

the ISLD=0 has a higher squared error. For this reason ISCLD=0 is recommended the

best choice for ISLD when the ISLDMean is not known and therefore used for all the

standardised layouts.
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Figure 4.1: Squared error between the mean adjustment value s and the s value that would
maintain ISLD=0 or ISCLD=0. said di�erently, the mean square error between the slider
position chosen by the listener and the slider position that would be chosen based on either
ISCLD=0 or ISLD=0

4.2.6 Assessing Robustness to Listener Movement

In real world scenarios, the listener is often not in the sweet-spot and therefore good

di�useness reproduction performance should be robust to listener movement. Investigating

all of the research questions above in two listening positions gives too many stimuli to

realistically run in a single sitting of a listening test. The stimuli chosen to validate the �rst

experiment were therefore not included in the o�-centre listening position. However, when

designing the UI, there was space for 2 more stimuli o�-centre and so the 12/6/13 stimuli

with ISCLD=0 and ISLD=ISLDMean were included to give an impression of whether

ISLDMean is robust to listener movement.

The o�-centre position was chosen to be 80 cm to the right of the on-centre listening

position. This was half the distance to the nearest head-height loudspeaker and a rea-

sonable approximation to a domestic �large sofa� scenario. Moving right/left a�ects the

interaural di�erences (ITD and ILD) more than moving forwards/backwards so is likely a

more severe test of robustness.

The loudspeakers were not recalibrated for the o�-centre position. The listener is o�

axis to many loudspeakers so equalising the new position might lead to very extreme
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equalisation especially at high frequency (HF). The equalisation for the centre position

was maintained instead.

4.3 Listener Response Methodology

The listener response method chosen for experiment 2 was a MUSHRA-style listening test

modi�ed to make it more appropriate for the given task and stimuli. The MUSHRA

test lends itself to comparing medium and large degradations and the multiple stimuli

presentation allows listeners to compare several stimuli at once improving consistency

across stimuli (Section 2.6.4). However, the MUSHRA test is targeted at degradations in

sound quality relative to a reference. As it could not be known before the test what the

most perceptually di�use stimuli would be, an upper reference could not be used. However,

to maintain a good range of di�useness across all pages, high and low hidden anchors were

used to avoid equalisation bias (Zielinski et al., 2007). The high and low anchors were

chosen to be stereo and 12/12/13M as these were predicted to be the least and most

perceptually di�use respectively. These stimuli were found to give a good range thus the

range of the slider could be used e�ectively to compare the range of stimuli although the

listeners were unaware of the hidden anchors and there was no task to rate one of the

stimuli at 100%.

The second di�erence from standardised MUSHRA comes in the lack of an existing

empirical scale. The standard, �Bad, Poor, Fair, Good, Excellent� scale labels are not

ideal as they impose a range on the scale that may not �t well to the actual stimuli. For

this test, the relative performance of the systems is of most importance and so the labels

were replaced by simple, �low� or �high�. This gave a perceived di�useness rating between

0 and 100.

A screenshot of the user interface implemented in Max 6.1 is shown in �gure 4.2.

Keyboard shortcuts were provided to quickly swap between stimuli without looking at the

laptop screen but the sliders were adjusted using the mouse. ±2 dB of level adjustment

was available but not used by any of the listeners.

It was impractical for the listener to compare the on and o�-centre listening positions

directly on a single trial of MUSHRA. Instead the on and o�-centre positions were run on

di�erent pages. This way absolute di�erences in di�useness across positions is likely not

as reliable as the absolute di�erences between stimuli in the same position.

On-centre there were 25 stimuli plus the 2 hidden anchors. These were randomised and

split between 5 pages. O�-centre there were 15 stimuli plus the 2 hidden anchors. These
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Figure 4.2: MUSHRA-style user interface used in experiment 2 implemented in Max 6.1.

were randomly assigned between 3 pages. This total of 8 pages, each with 7 ratings, were

repeated 3 times by each listener taking approximately 45 minutes plus breaks as required.

The randomisation was di�erent for each listener ensuring that di�erences between pages

were error rather than bias and therefore allowing comparison between pages.

4.4 Reproduction System

The listening room, reproduction system and calibration is the same as was used in ex-

periment 1 (section 3.4). SPL level alignment using gain, followed by equalisation in 1/6

octave bands (±0.5 dB 95 Hz-20 kHz), and �nally time alignment (within 100 µs). In ex-

periment 2 two additional elevated loudspeakers at azimuth ±30◦ and elevation 26◦ were

also required to allow the arrangement 9.0 to be within tolerances of the standard (ITU-R,

2014b).

4.5 Subjects

The listening test was approved by the ethics and research governance committee (ID:

18709). The experiment was sat by 16 PhD/Masters students at the University of Southamp-

ton with no known hearing impairment.
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4.6 Results

4.6.1 Post-screening

The listeners were �rst screened on their rating repeatability. The standard deviation of

the three repeats was averaged across all stimuli to give an indication of repeat consistency

for each listener. This is plotted in �gure 4.3.

Figure 4.3: Consistency of listeners displayed as mean standard deviation between repeats..

The 3 least consistent listeners (9, 10 and 16) were notably less consistent and so were

removed. The 3 repeats of the remaining listeners were averaged together and the resulting

data are plotted in the box plot in �gure 4.4.

Listeners 4 and 12 both have more than two outliers and so were also excluded from all

further analysis. The remaining 11 listeners were the most consistent and congruent and

their mean ratings are used in the remaining analysis.

4.6.2 Analysis and Discussion

The means for all the post-screened data are shown in �gure 4.5. The following paragraphs

look in more detail at speci�c stimuli to answer the research questions raised in section

4.2.

Visual inspection of the box plots shows the data to be close to normally distributed.

Histograms for each stimuli showed no obvious multi modal behaviour. Therefore, a re-

peated measures ANOVA test was used to test for signi�cant di�erences as well as signif-

icant interactions in cases where all variables are used in all possible combinations. Not
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Figure 4.4: Box plot of data with the 3 least consistent listeners removed.

Figure 4.5: Means of all post-screened data, vertical green lines group similar stimuli,
dotted black lines indicate the relative performance when moving o�-centre, dashed pink
lines show the e�ect of changing the ISLD. Of the stimuli investigating ISLD, only 12/6/13C
and 12/6/13M were evaluated o�-centre.

all combinations of variables were included in the test so the stimuli were split into groups

to investigate the main e�ects and the interactions between speci�c variables to answer

speci�c research questions.
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Compare Standard Layouts The mean perceived di�usenesses of the standard layouts

in both on-centre and o�-centre positions are plotted in �gure 4.6.

Figure 4.6: Means of post-screened data for standard layouts. Black dotted line indicates
the relative performance change when moving o�-centre.

These layouts all perform as expected with more loudspeakers providing greater per-

ceived di�useness. In the on-centre listening position, both 9.0 systems are similarly di�use.

When moving o�-centre, 9.0 actually increases in di�useness although, as stated earlier,

the on and o�-centre conditions cannot be compared as accurately as di�erences in the

same listing position as they were not directly compared on a single trial of MUSHRA.

The 9.0b layout performs a lot worse o�-centre which may be for several reasons illustrated

in �gure 4.7. Firstly, the position of the loudspeakers in the room means that for the same

movement distance, the listener is more o�-axis from the elevated loudspeakers for the 9.0b

stimulus, leading to more colouration. Also the angles of the loudspeakers change more

for 9.0b. So for the same movement distance, the relative positions of the loudspeakers to

the listener in 9.0b are distorted more with both loudspeakers now on the same side of the

listener.

Figure 4.7: Di�erence between 9.0 and 9.0b when moving o�-centre.
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A repeated measures ANOVA run on the standard layout stimuli, reveals both the

layout and the listening position to be statistically signi�cant (F (4, 7) = 21.603, p < 0.0005

and F (1, 10) = 15.671, p = 0.003 respectively) with no signi�cant interaction (F (4, 7) =

3.200, p = 0.086). Pairwise comparison (table 4.2) shows 22.0 to be signi�cantly more

di�use than all the other layouts. There is no statistical di�erence between the 9.0b layout

and the 5.0 and 9.0 layout. Stereo is signi�cantly less di�use.

5.0 9.0 9.0b 22.0

Stereo 0.000 0.000 0.000 0.000

5.0 0.014 0.078 0.000

9.0 1.0 0.037

9.0b 0.038

Table 4.2: Signi�cance of pairwise comparisons when changing the loudspeaker layout.
Signi�cance has Bonferroni adjustment for multiple comparisons.

Number of Head-Height Loudspeakers The stimuli chosen to investigate the number

of loudspeakers at head-height are shown in �gure 4.8.

Figure 4.8: Post-screened mean di�useness for stimuli that show the e�ect of the number
of head-height loudspeakers. The vertical green line separates cases with di�erent numbers
of non-head-height loudspeakers. Dashed magenta lines show the e�ect of increasing the
number of head-height channels from 4 to 6. 12/4/13M was not evaluated o�-centre.

The 0/12/0, 0/6/0 and 0/4/0 layouts perform as expected with more loudspeakers

being perceived as more di�use. Interestingly, 0/8/0 is less di�use than 0/6/0 possibly

due to the fact it is less uniformly distributed. Were 0/8/0 more evenly distributed it is

expected that it would be rated between 0/6/0 and 0/12/0 as was found by Hiyama et al.

(2002). O�-centre the 0/6/0 case performs poorly as the listener is very close to the 90◦

loudspeaker with relatively few other loudspeakers.
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With 25 non-head-height loudspeakers, the relative improvement in di�useness going

from 4 to 6 head-height loudspeakers is smaller than when there are no non-head-height

loudspeakers.

The e�ect of the number of head-height loudspeakers and the listener position are both

statistically signi�cant (F (3, 8) = 20.806, p < 0.0005 and F (1, 10) = 45.974, p < 0.0005

respectively). There is also a statistically signi�cant interaction (F (3, 8) = 5.099, p =

0.029). Table 4.3 shows the signi�cant di�erences between the di�erent numbers of head-

height loudspeakers. The only stimuli not signi�cantly di�erent are the 0/6/0 and 0/8/0

stimuli.

0/6/0 0/8/0 0/12/0

0/4/0 0.001 0.036 0.000

0/6/0 1.000 0.050

0/8/0 0.006

Table 4.3: Pairwise comparison signi�cances (Bonferroni adjusted) between the number of
head-height loudspeakers.

Number of Non-Head-Height Loudspeakers The stimuli that show the e�ect of

changing the number of non-head-height loudspeakers are shown in �gure 4.9.

Figure 4.9: Means of post-screened data that shows the e�ect of changing the number of
non-head-height loudspeakers. The green line separates di�erent numbers of head-height
loudspeakers. 0/12/1M and 0/12/4M were not evaluated o�-centre.

Although greater numbers of non-head-height loudspeakers always increases the per-

ceived di�useness, there is a case of diminishing returns as the increase in di�useness is not

linearly proportional to the number of non-head-height loudspeakers. Interestingly, the
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relative improvements in di�useness performance are very similar for both 6 and 12 head-

height loudspeakers despite 12 loudspeakers supposedly being the maximum di�useness in

the 2-dimensional case (Hiyama et al., 2002).

The number of non-head-height loudspeakers and the position of the listener were in-

vestigated using a repeated measures ANOVA test. The 5 loudspeaker layouts, 0/6/0,

0/6/1M , 0/6/4wM , 0/6/8M and 12/6/13M in both on and o�-centre locations were anal-

ysed. This revealed there to be a statistically signi�cant di�erence between layouts with

di�erent numbers of non-head-height loudspeakers (F (4, 7) = 9.066, p = 0.007) as well as

statistically signi�cant di�erences between the two listening positions (F (1, 10) = 53.913,

p < 0.0005). There was no statistically signi�cant interaction (F (4, 7) = 3.106, p = 0.091)

between the listener position and the number of non-head-height loudspeakers despite �g-

ure 4.9 appearing to show layouts with more non-head-height loudspeakers being degraded

less by moving o�-centre.

The pairwise comparisons between the stimuli with 6 head-height loudspeakers and

di�erent numbers of non-head-height loudspeakers are shown in table 4.4.

0/6/1M 0/6/4M 0/6/8M 12/6/13M
0/6/0 1.000 0.014 0.009 0.000

0/6/1M 0.090 0.042 0.001

0/6/4M 0.390 0.006

0/6/8M 0.757

Table 4.4: Pairwise signi�cance comparisons (Bonferroni adjusted) between stimuli with
di�erent numbers of non-head-height loudspeakers and 6 head-height loudspeakers.

An alternate selection of stimuli for analysis (considering there were no 0/12/8 or

12/12/13C stimuli) are the non-head-height subsets 0/n/0, 0/n/1M and 0/n/4(w)M with

both n = 6 and n = 12 head-height subsets. In this combination, the arrangement of non-

head-height loudspeakers is once again signi�cant (F (2, 9) = 11.328, p = 0.003) but there

is also a signi�cant e�ect of the number of head-height loudspeakers (F (1, 10) = 5.331,

p = 0.044). There is no signi�cant interaction (F (2, 9) = 0.348, p = 0.715). The pairwise

signi�cances are given in table 4.5 showing adding non-head-height loudspeakers increases

the perceived di�useness signi�cantly, although changing from a single non-head-height

loudspeaker to 4 non-head-height loudspeakers is not signi�cantly di�erent.

Positioning of a Layer of Loudspeakers Figure 4.10 shows that on-centre, a head-

height layer of loudspeakers is more perceptually di�use than placing the loudspeakers

above or below head-height. The 0/8/0 layout would likely be rated even higher if it were
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0/n/1M 0/n/4(w)M
0/n/0 0.030 0.029

0/n/1M 1.000

Table 4.5: Pairwise signi�cance comparisons (Bonferroni adjusted) between stimuli with
di�erent number of non-head-height loudspeakers and either 6 or 12 head-height loud-
speakers.

evenly distributed based on the ratings from this experiment for the 0/12/0 and 0/6/0

layouts and from the research of Hiyama et al. (2002).

Figure 4.10: Means of post-screened data for stimuli demonstrating changing the height of
a horizontal layer of 8 loudspeakers.

However, o�-centre, they all perform similarly. This appears to be a combination of

0/8/0 being more di�use but simultaneously more susceptible to degradation when moving

o�-centre. The head-height layer is closer to the o�-centre listener and the loudspeaker at

90◦ becomes easier to localise than in the cases where the loudspeakers are above or below

the listener with 8/0/0 and 0/0/8 seemingly less degraded by moving o�-centre.

A repeated measures ANOVA test found listener position to be statistically signi�cant

(F (1, 10) = 8.300, p = 0.016) but the layer position to not be signi�cant (F (2, 9) = 0.863,

p = 0.454). There was also no signi�cant interaction (F (2, 9) = 1.142, p = 0.361). Whilst

these di�erences are not signi�cant, it is predicted that the di�erences are slightly under

represented by the non-uniform arrangement of 0/8/0 which was rated lower than the

0/6/0 stimulus despite the results of other authors (Hiyama et al., 2002).

Quantify Increase in Di�useness Relative to 2-Dimensional Layouts Looking

at �gure 4.5, di�useness can be increased by adding non-head-height loudspeakers, even

when 12 head-height loudspeakers are used. Even a single �V.O.G.� loudspeaker (at an
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appropriate level e.g. ISLDMean) increases the perceived di�useness, although this is not

statistically signi�cant (table 4.6). The di�erence between 0/12/0 and the most di�use

layout (12/6/13) is statistically signi�cant (p = 0.002) adding evidence that 3D is more

perceptually di�use than 2D.

0/12/1M 12/6/13M
0/12/0 0.096 0.002

0/12/1M 0.077

Table 4.6: Bonferroni adjusted signi�cance for pairwise comparison between layouts in the
on-centre listening position.

Validate Experiment 1 Figure 4.11 shows the layouts tested with a range of ISLD

options. The ISLDMean is, in general, rated higher than the equal layer level and equal

channel level conditions.

Figure 4.11: Means of post-screened data displaying the stimuli that test the e�ect of
ISLD. Layouts that are the same are connected by dashed magenta lines. Only 12/6/13C
and 12/6/13M were evaluated o�-centre.

This variation is low in comparison to the variation between loudspeaker layouts. From

the stimuli tested, the ISCLD=0 is a reasonable choice of ISLD. The particular case tested

o�-centre shows the optimised ISLD to be worse o�-centre than maintaining ISCLD=0.

With many more non-head-height loudspeakers than head-height loudspeakers, ISCLD=0

gives a low total level of the head-height layer. The optimised ISLD increases the level

of the head-height layer and because the head-height layer has only 6 loudspeakers, the

loudspeaker at 90◦ is close and loud when the listener is o�-centre. However, the decrease

in di�use performance is still less than for other stimuli with 6 head-height layers but less

non-head-height channels (e.g. 0/6/8M ). A repeated measures ANOVA test was conducted

95



CHAPTER 4. EXPERIMENT 2: LOUDSPEAKER ARRANGEMENT

on the factors of ISLD and loudspeaker layout to determine signi�cant factors. Both the

ISLD and the loudspeaker layout are statistically signi�cant (F (2, 9) = 32.517, p < 0.0005

and F (3, 8) = 19.282, p = 0.001 respectively) as well as the interaction between them

(p = 0.005).

Pairwise comparison (table 4.7) shows ISCLD=0 and ISLD=ISLDMean to not be sta-

tistically di�erent despite ISLDMean stimuli appearing to be more rated slightly higher

than the ISCLD=0 cases.

ISLD=ISLDMean ISLD=0

ISCLD=0 1.000 0.001
ISLD=ISLDMean 0.000

Table 4.7: Pairwise signi�cance of ISLD with Bonferroni adjustment for multiple compar-
isons.

Although the ISLDMeanappears to usually be rated slightly higher than the ISCLD=0

cases, this is not statistically signi�cant. ISCLD=0, i.e. all loudspeakers the same level,

appears to be a reasonable choice of ISLD for all 3D layouts.

4.7 Comparison with Objective Metrics

In this section di�erent methods of measuring the di�useness of a sound �eld are compared

to the perceived di�useness of the stimuli. In reverberation rooms, metrics of di�useness

are designed to validate the sound �eld is su�ciently di�use to allow measurements of

absorption, microphone directivity index or total power output of sound sources to be

accurate (Cook et al., 1955).

In concert hall acoustics and reproduced sound, the sound �eld is not used for mea-

surements and the advantages of a more di�use sound �eld are the improvements in the

perceived di�useness relating to ASW and LEV.

Many of the metrics in this section were developed for concert hall acoustics or rever-

beration rooms. However the sound �elds generated in rooms are di�erent from those in

reproduced audio although they might be perceived as equally di�use. In concert halls the

sound �eld comprises of the direct sound some early re�ections and many late re�ections

(�gure 4.12). All re�ections are derived from the same source and so are not uncorrelated.

Early re�ections add up to give an interference pattern. Late re�ections are more numerous

and come from more directions, add up as if incoherent and can be considered approxi-

mately di�use. Alternatively, in reproduced audio, the sound �eld is composed of a �nite

number of truly uncorrelated components. Although the number of loudspeakers is low in
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comparison to the number of re�ections in a concert hall, the sources can be completely

uncorrelated and so always add incoherently. These are two examples of approximately

di�use sound �elds. The di�culty in measuring approximate di�useness is that a sound

�eld is either di�use (both homogeneous and isotropic) or not di�use (either not homo-

geneous and/or not isotropic) (Nélisse and Nicolas, 1997) and �di�useness� is not de�ned.

The most useful objective metric of di�useness in these listening tests is one that correlates

well with the perceived di�useness. The di�erences between these two types of partially

di�use sound �eld are used throughout this section to explain some of the di�erences be-

tween the measured di�useness and the perceived di�useness. Particularly di�erences that

appear in reproduced audio that may not appear when the equivalent metric is used in

architectural acoustics.

Figure 4.12: Di�erence in sound �eld of architectural acoustics (left) and reproduced sound
(right).

The objective metrics fall broadly into three categories that relate to the reproduced

sound �eld signal chain described in section 1.2.

1. Firstly, simple parameters of the reproduction system, in this case the number of

loudspeakers, can be correlated with the perceived di�useness.

2. Secondly measurements of the sound �eld using arrays of microphones can be related

to the perceived di�useness. These metrics test the sound �eld against the theo-

retical di�use sound �eld (section 2.3) in terms of either homogeneity, isotropy or

relationship between spatially separated measurement positions such as correlation

and coherence.
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3. Finally binaural recordings of the stimuli can be processed to derive psychoacousti-

cally motivated predictions of the perceived di�useness and compared to the elicited

perceived di�useness.

These second two methods are of particular interest as they are more likely to relate to

the underlying psychoacoustic behaviour that determines di�useness perception. Binaural

is especially convenient as it is only a pair of signals.

Objective quantities of the sound �eld or listening system are developed from the

literature reviewed in section 2.4 and are plotted against the means of the data to see

which metrics correlate well. The adjusted r-squared value between a line of �t and the

means of the data is used as an indication of the accuracy of the metric.

4.7.1 Number of Loudspeakers

The �rst metric is the number of loudspeakers. The perceived di�useness is plotted against

number of loudspeakers in �gure 4.13.
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Figure 4.13: Di�useness plotted against the number of loudspeakers. Blue points are on-
centre, red points are for the o�-centre listening position. Includes lines of best �t for on
and o�-centre listening positions. Layouts 0/0/8, 8/0/0 and 0/12/1L are excluded when
�tting curves.

The layouts (8/0/0, 0/0/8 and 0/12/1L) are most biased to loudspeakers not at head-

height. They are notably less di�use for the number of loudspeakers than layouts with

more head-height loudspeakers. For this reason these layouts were excluded from the line
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�tting process. A pair of lines of best �t of the form,

f(x) =
p1x

2 + p2x+ p3
x+ q1

(4.1)

for both the on-centre and o�-centre positions give an indication of the number of

channels of arbitrary layout required for a given di�useness. A tentative suggestion for

the required number of loudspeakers to produce a perceptually di�use sound �eld are 10

loudspeakers for the on-centre listening position or around 20 for the o�-centre listening

position.

Possibly most interesting are the layouts that give a high di�useness for the number

of loudspeakers. Layouts such as 0/6/1M on-centre and 9.0 o�-centre which are very close

to the maximum di�useness for that listening position but with many fewer loudspeakers.

Unfortunately, both of these perform poorly in the other listening position (below the

curves) and so neither can be said to be de�nitively better than any other system.

The number of loudspeakers is a simple metric and it ignores factors such as the position

of the loudspeakers with 0/12/1C , 0/12/1M and 0/12/1L estimated equally despite large

perceptual di�erences. Measurements of the sound �eld will take these di�erences into

account and therefore might lead to metrics that are more generally applicable.

4.7.2 Sound Pressure Level Uniformity

The sound pressure level uniformity is a measure of homogeneity. The SPL was measured

in a horizontal 5×5 array measuring 2 m×2 m centred at the central listening position. A

B&K free-�eld microphone type 4190 with B&K preampli�er type 2669 at head-height and

pointed vertically upwards was moved around the room and recorded all the stimuli in all

grid positions. The sound pressure level was calculated for the full bandwidth (unweighted)

and also in octave bands.

The technique used previously by (Veit and Sander, 1985) involved specifying the area

in which the sound �eld was di�use by specifying the distance to the nearest loudspeaker

before the sound pressure level began to change. This is less appropriate for the stimuli

tested here as the arrangement of loudspeakers changes and so the nearest loudspeaker

changes.

The non-uniformity of sound pressure levels is given as the standard deviation of the

unweighted sound pressure levels across the array and is plotted against the perceived

di�useness in �gure 4.14.
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Figure 4.14: Standard deviation of the unweighted sound pressure level plotted against the
mean rating for di�useness.

We would expect a negative correlation with a smaller standard deviation in SPL

associated with high homogeneity and therefore a more di�use sound �eld perceptually.

However, several stimuli do not follow this trend. The stimuli 0/0/8 and 8/0/0 both do not

have any head-height loudspeakers and have a lower standard deviation of SPL than their

head-height counterpart 0/8/0 despite being perceived less di�use. The stimulus 0/12/1L

has a single loudspeaker above the listening position that is at a very loud level relative

to any single head-height loudspeaker. In these cases a large proportion of the measured

SPL comes from loudspeakers far from the 2D head-height microphone array. The layout

0/4/0 also has loudspeakers that are generally further from the array because the array is

square whereas the room and loudspeaker array was rectangular. All these stimuli appear

overestimated whereas the layouts of stereo, 5.0, 9.0 and 22.0 are all underestimated. These

standardised layouts have more loudspeakers concentrated at the front than at the rear

increasing the SPL variation despite the perceived di�useness being seemingly una�ected

by the unevenness of the loudspeaker array.

The adjusted r-squared values for lines �tted to the data in each octave band show the

extreme high and low octave bands to correlate poorly with the subjective data (table 4.8).

At low frequencies the modal response of the room is likely to play a part in biasing the

objective measure. At high frequencies, the directivity of the microphone and the loud-

speakers may bias the measure because the microphone moves o�-axis of the loudspeakers

in some stimuli more than others. The microphone was also always pointed vertically up-
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Centre Frequency Adjusted R-Squared

62.5 0.2002
125 0.0005
250 0.6075

500 0.1695

1000 0.5437

2000 0.6098

4000 0.5769

8000 0.4660

16000 -0.0124

Table 4.8: Adjusted R-Squared for lines �tted to the standard deviation of SPL in octave
bands.

ward and becoming less omnidirectional at higher frequencies thus biasing the result for

layouts with loudspeakers above head-height or below head-height.

Instead of using the unweighted SPL, the standard deviation of the SPL of octave

bands from 250 Hz to 8 kHz were averaged and plotted in �gure 4.15 against the mean

di�useness rating.

Figure 4.15: Standard deviation of the sound pressure level averaged across 250 Hz, 500
Hz, 1 kHz, 2 kHz, 4 kHz and 8 kHz octave bands, plotted against the mean di�useness
ratings for all on-centre stimuli. A linear regression model is also plotted.
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With an adjusted R-Squared of 0.6157969 the model is a fairly poor �t to the means

of the data although (with the exception of the 4 unusual stimuli) the metric is able to

di�erentiate between high and low perceived di�useness.

The metric is also not based psychoacoustically. It can be assumed that the listener

cannot perceive level variations outside the listening area so measuring the SPL over a 2

m×2 m grid is unlikely to address the psychoacoustic cause of di�useness perception. A

subset of the grid covering 1 m×1 m was also investigated but this gave very little contrast

between the stimuli and �t the data poorly. The metric is also not usable o�-centre.

Most of the room is included in the 2 m×2 m sampling of the room and the room is not

su�ciently big enough to centre the array at the o�-centre listening position.

4.7.3 Sound Intensity

In a di�use sound �eld the time averaged intensity vector must equal zero (section 2.4.2).

The di�useness estimation ψ(t, f) used in DirAC, uses B-format signals to estimate the

time averaged intensity and time averaged energy density for each time window and fre-

quency bin in the Short Term Fourier Transform (STFT) domain (Ahonen et al., 2008)(sec-

tion 2.4.2). An A-format Tetramic was used to record the B-format signals calculate the

di�useness estimation ψ(t, f) described in section 2.4.2. The di�useness estimation was

averaged across frequency bins and windows to give a single di�useness value for each

stimulus and these values are plotted in �gure 4.16 versus the perceived di�useness.

Figure 4.16: Di�useness estimation for all stimuli based on DirAc. Pink lines show the
e�ect of adding non-head-height loudspeakers to 6 head-height loudspeakers. Green lines
show stimuli with 8 loudspeakers in a single layer.
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The two dimensional layouts (0/n/0), all have a di�useness close to 1 because the

loudspeakers are positioned opposite the measurement position. With equal energy coming

from opposite directions the net �ow of energy is zero and this is independent of the number

of loudspeakers. This means the layout 0/4/0 is predicted as di�use as 0/12/0 despite a

large perceptual di�erence.

The magenta lines shows the e�ect of adding elevated loudspeakers to a 2D layout.

There are more loudspeakers and the array is now three dimensional increasing the per-

ceived di�useness (section 4.6.2) but more energy is coming from above the measurement

position leading to some intensity in the Z dimension. This gives a lower di�useness estima-

tion despite being perceived as more di�use. Whilst this might imply that some intensity

in the Z dimension increases the perceived di�useness, we also see that layouts such as

0/0/8 and 8/0/0, are rated as less di�use than 0/8/0 (green lines) despite having a greater

absolute intensity vector due to changing the height of the 2D 0/8/0. When comparing

0/4/0 to 5.0 we see this same bias but not in the Z dimension. The layout 5.0 has an addi-

tional loudspeaker which increases the perceived di�useness but also increases the intensity

as more energy comes from the front than from the back.

Calculating the di�useness in octave bands was found not to improve the estimation

accuracy.

These results show the intensity to be related to the uniformity of the arrangement of

loudspeakers but this does not seem to correlate with the perceived di�useness.

4.7.4 Interaural Cross-correlation Coe�cient (IACC)

The InterAural Cross-correlation Coe�cient (IACC) is a perceptually motivated measure

of the di�useness. It is a measure of the similarity between the two ear signals and is given

by the maximum value of the normalised InterAural Cross-correlation Function (IACF)

over the possible range of ITDs (equations 4.2 and 4.3) (ISO, 2009).

IACCt1, t2 = max|IACFt1,t2 | (4.2)

for -1 ms< τ <+1 ms, where,

IACFt1, t2(τ) =

t2∫
t1

pl.pr(t+ τ)dt√
t2∫
t1

p2l (t)dt
t2∫
t1

p2r(t)dt

(4.3)
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and pl and pr are the impulse responses for the right and left ears respectively. It is usually

computed in octave bands and performed on room impulse responses. Early re�ections

(t1 = 0, t2 = 80 ms) fuse with the direct sound and the late di�use re�ections (t1 = 80

ms, t2 <RT60) are perceived as part of the environment. Early and late IACC correlate

therefore correlate with apparent source width (ASW) and listener envelopment (LEV)

respectively. The IACC3 of Hidaka et al. (1995) uses the mean IACC from the middle

frequency bands 500 Hz, 1 kHz and 2 kHz to give a single value for the IACC3. In

reproduced sound there is no di�erence in the amount of di�useness between the early and

late re�ections and so the IACC can be calculated using steady state full-bandwidth noise

dummy head recordings. The measured IACC3 is plotted versus the perceived di�useness

in �gure 4.17.

Figure 4.17: IACC3 of Hidaka et al. (Hidaka et al., 1995) versus perceived di�useness.
The pink line highlights the di�erence between stereo and 0/4/0 which are rotationally
symmetrical about the interaural axis. The green line compares 5.0 and 0/6/0 which
highlight the di�erences between the number of cones of confusion (5 and 4 respectively)
against the number of loudspeakers (5 and 6 respectively).

Interestingly, stereo and 0/4/0 have near identical IACC3 values. The dummy head

is static and in both cases, the sources lie in the same two cones of confusion at 60◦ and

120◦ from the interaural axis. However, listeners are able to separate loudspeakers in the

same cone of confusion using head rotation. The same can be seen in 0/6/0 and 5.0. The

layout 5.0 has the loudspeakers in the front at di�erent angles to the loudspeakers in the

rear and therefore has 5 cones of confusion (relating to the ITDs for each of the individual

loudspeakers). The layout 0/6/0 has loudspeakers symmetrical about the interaural axis

and therefore has 4 cones of confusion (as the ITDs relating to the front loudspeakers are
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the same as those in the rear). Therefore 5.0 has fewer loudspeakers but more cones of

confusion leading to a lower IACC where 0/6/0 has more loudspeakers is perceived more

di�use and yet the IACC estimate is lower due to the fewer cones of confusion.

The quality of the �t was no higher in any of the individual octave bands.

4.7.5 Spatial Correlation

The narrow band cross-correlation function and coherence function between the signals

at two points in a di�use sound �eld is dependent only on the distance between them.

The distance between the microphone capsules was chosen to be 20 cm. This is similar to

the distance between the ears. Despite the measure not being an interaural measure, it

makes sense that listeners cannot perceive the sound �eld outside the listening area as the

listeners were asked not to move so it is logical to approximately measure the listening area.

Unlike the interaural cross-correlation (which includes the e�ect of the head and torso),

the spatial correlation function can be found analytically. One microphone was placed at

the centre of the listening position and another 20 cm to the right. The maximum value

of the normalised cross-correlation function is used in a similar manner to the calculation

of IACC and is plotted against the mean perceived di�useness in �gure 4.18.

Figure 4.18: Maximum of the normalised cross-correlation function between 2 microphones
20 cm apart with a max lag of ± 1 ms.

The cross-correlation function treats all frequencies equally and is dependent on the

frequency content of the two signals. The logarithmic nature human hearing frequency

perception means that the cross-correlation is therefore likely to be biased towards HF. To
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avoid bias towards the high frequencies the correlation coe�cient was calculated in octave

bands. The adjusted r-squared values for lines of best �t to the data in separate octave

bands is shown in table 4.9.

Centre Frequency Adjusted R-Squared of linear �t

62.5 -0.0126
125 -0.0074
250 0.3115
500 0.2369
1000 0.5359

2000 0.5376

4000 0.1333
8000 0.3450
16000 0.2448

Table 4.9: Accuracy of linear regression model in di�erent octave bands.

The lowest and highest frequency octave bands did not discriminate well between stim-

uli. The maximum of the normalised cross-correlation functions for the octave bands at 1

kHz and 2 kHz were averaged and the result is plotted against the mean di�useness rating

in �gure 4.19.

Figure 4.19: Correlation coe�cient averaged across the 1 and 2 kHz octave bands.

A notable bias of the correlation, as was the same for the IACC, is that sources in the

same cone of confusion are essentially summed. As with the IACC the stereo and 0/4/0

are poorly separated. Both have loudspeakers at ± 30◦ but 0/4/0 also has loudspeakers
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at ± 150◦. The correlation functions of both these stimuli are the same with two peaks

one at + and - the time di�erence of the +30◦ loudspeaker (�gure 4.20).

Figure 4.20: Normalised cross-correlation functions for stereo (left) and 0/4/0 (right). The
red lines are smoothed.

A suggested adaptation was to recalculate the cross-correlation function in the front to

back dimension (the y-dimension). This would identify the di�erences between stereo and

0/4/0. For thoroughness, it was also decided to use the z-dimension as this would identify

di�erences between stimuli with and without non-head-height loudspeakers. Therefore,

the maximum of the normalised cross-correlation function was calculated in the x, y and

z dimensions using an array of microphones. One centre microphone, one microphone

20 cm to the right (for the x-dimension) one 20 cm forwards of the centre microphone

(for the y-dimension) and one microphone 20 cm above the centre microphone (for the

z-dimension). These maximum values of the normalised cross-correlation function, x, y

and z were calculated in octave bands and then the 1 kHz and 2 kHz values were averaged

and plotted in �gure 4.21.

This shows a notable improvement in the estimation whilst still not perfect. It is not

clear why the 0/6/0 stimuli is underestimated although the stereo, 8/0/0 and 0/0/8 stimuli

could be biasing the line of best �t. This dimension averaging could likely be improved

further by weighting the x, y and z components in a more perceptually appropriate way.

4.7.6 Spatial Coherence

The spatial coherence also uses the separated microphones used for the spatial correlation,

one microphone on-centre and one 20 cm to the right. The coherence was calculated in

Matlab using a window length of 216. This coherence function was then averaged across
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Figure 4.21: Correlation coe�cient averaged across 1 and 2 kHz octave bands and across
x, y and z directions.

the entire range of frequencies to give a single coherence value for each stimulus. A long

FFT was used as the reverberation in the room will tend to increase the coherence and

using a window longer than the reverberation time should give more repeatable results.

This mean coherence can be seen plotted against mean di�useness rating in �gure 4.22.

The coherence is di�erent to the cross-correlation in that the coherence is independent

on the frequency content of the source signal. The result is the same for pink or for

white noise. This makes it analytically easy to predict but may be biased by the lack

of information about the source. Calculating the correlation in octave bands will have a

similar e�ect on ignoring the frequency content of the two signals. Octave band averaging

of the coherence is only used to avoid in�uencing the result more by high frequencies

where there are more frequency bins per octave than low frequencies. The coherence was

calculated in octave bands and only the octave bands that discriminated the stimuli well

were averaged together. In this case this was the octave bands from 500 Hz-8 kHz (table

4.10).

The resultant mean coherence averaged across the given frequency bands is plotted in

�gure 4.23.

The coherence su�ers from some of the same biases as the IACC (inability to separate

sources in the same cone of confusion) and so the coherence was calculated in the x, y, and

z directions and then these values were averaged. These mean coherence values averaged
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Figure 4.22: Mean Coherence plotted against stimulus with associated linear regression
line (on-centre only).

Lower Frequency/Hz Centre Frequency/Hz Upper Frequency/Hz Adjusted R-Squared of linear �t

44 63 88 -0.0355
88 125 177 0.1783
177 250 335 0.2865
335 500 710 0.5596

710 1000 1420 0.7596

1420 2000 2840 0.7886

2840 4000 5680 0.5735

5680 8000 11360 0.7524

11360 16000 22720 0.5548

Table 4.10: Adjusted r-squared values for linear model �tting the data from the mean
coherence in di�erent octave bands.

in octave bands and in x, y and z dimensions are plotted against the perceived di�useness

plotted in �gure 4.24.

It is worth emphasising the mean coherence values for the x, y and z dimensions are

averaged and not the spectra of the two signals for each position. Averaging of the spectra

has been shown to cause even ordinary rooms to approach the coherence function for a

theoretical di�use sound �eld (Jacobsen and Roisin, 2000). Therefore the averaging must

be done after the coherence calculation. Averaging in the x, y, and z dimensions is a holistic

method of separating the stereo and 0/4/0 stimuli that have the same number of cones of

confusion.

The coherence also appears to work o�-centre where the cross-correlation does not. A

separate regression line is plotted in �gure 4.24 for the o�-centre position as mentioned
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Figure 4.23: Average mean coherence across octave bands 500 Hz-8 kHz.

Figure 4.24: Mean coherence averaged across octave bands 500 Hz-8 kHz and dimensions
x, y and z.

before, the two positions were evaluated separately so direct comparisons between positions

are unlikely to be as accurate as comparisons in the same position.
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Of all the linear regression metrics so far this has the highest adjusted R-squared

(0.8243). There is still room for further development including �nding a more optimal way

to combine the x, y and z components. This metric also works across a wider frequency

range than many of the metrics mentioned earlier implying greater robustness.

An analytical model of the coherence has also been found to match well to the measured

data. In section 2.4.3 a plane wave model was described for measuring the narrow band

cross-correlation coe�cient between two points. This was then integrated for all directions

to �nd the cross-correlation function and the coherence function γxy(f) between two points

for a theoretical di�use sound �eld. If the in�nite integral is replaced by a �nite sum, then

the coherence between points for an arbitrary arrangement of plane waves can be found.

As the listener is fairly far from the loudspeakers and there is not much reverberation, the

analytical model appears to �t fairly well and is given as follows,

γ2xy(f) =

(
1∑
A

N∑
n=1

An cos(kR sin(θn))

)2

+

(
1∑
A

N∑
n=1

An sin(kR sin(θn))

)2

(4.4)

Where k is the wavenumber, R the separation between the measurement points, N is

the number of loudspeakers An is the linear gain of the n-th loudspeaker and θn is the

angle of the n-th loudspeaker to the median plane. The �t to the measured data is good

up to 10 kHz for all stimuli (�gure 4.25).

4.8 Summary

In this second experiment a variety of di�erent loudspeaker arrangements and loudspeaker

gain options were rated by listeners in terms of perceived di�useness. The rated di�useness

correlates well with the number of loudspeakers although the position of the loudspeakers

also has some e�ect on the perceived di�useness. Moving o�-centre has a strong e�ect on

the perceived di�useness and appears to be related to the movement towards the nearest

loudspeaker as layouts without loudspeakers near the o�-centre listening position appear

more robust to listener movement. Objective metrics of the sound �eld have several biases.

Some of these biases arise in reproduced audio but may not appear in the architectural

acoustics where the metrics were developed. The spatial coherence appears to correlate

best with the results and an analytical model for the coherence is presented. Up to this

point the stimuli have been completely uncorrelated and this is not the case in real world

situations. This is addressed in the following chapters.
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Figure 4.25: Coherence function between two microphones separated by 20 cm. Measured
response, theoretical response for the arrangement of loudspeakers and theoretical response
for a di�use sound �eld.
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Chapter 5

Experiment 3: Inter-Channel

Correlation Coe�cient

5.1 Overview

Experiments 1 and 2 both used completely uncorrelated signals. Real world signals that are

not synthesised are likely to have some degree of correlation. Microphone techniques with

limited directivity (for coincident techniques) or limited separation (for spaced techniques)

or panning sources between loudspeakers will lead to some correlation between di�erent

loudspeakers.

The purpose of this experiment was to investigate the relationship between the Inter-

Channel Correlation Coe�cient (ICCC) between loudspeakers and the perceived di�use-

ness for di�erent loudspeaker layouts.

The stimuli in the experiment were four loudspeaker layouts and six ICCCs in all

combinations (section 5.2). The �rst part of this experiment was a pretest to ensure that

all the stimuli were at the same loudness (section 5.4). Once aligned, all the stimuli were

rated for their perceived di�useness using the MUSHRA methodology (section 5.5). The

results are discussed in section 5.7.

5.2 Stimuli

5.2.1 Loudspeaker Layouts

The number of loudspeakers appeared to be the main factor in experiment 2. Including a

range of loudspeaker layouts allows the e�ect of varying the ICCC to be directly compared

to the e�ect of varying the number of loudspeakers.
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The layouts were chosen based on the following considerations

• A range of di�usenesses from medium to very high.

• Include some commercial layouts that are popular.

• Include both 2D and 3D.

The layouts chosen were, 5.0, 9.0, 0/12/0 and 12/12/13. In experiment 2, when un-

correlated, these layouts were rated in approximately even steps at 52.4, 61.6, 66.8 and

78.9 respectively ranging from medium perceived di�useness to high perceived di�useness.

There are two 2D layouts and two 3D layouts; two standardised layouts and two layouts

distributed evenly in azimuth around the listener. Whilst 12/6/13 was the most di�use

layout from experiment 2 and was rated more di�use than 12/12/13, this was only by a

small amount and using 12/12/13 allows for direct comparison with the 2D layout 0/12/0.

Because the ISLD made little di�erence to the perceived di�useness from using equal loud-

speaker levels in experiment 2, the ISLD has been avoided in this experiment. For simplicity

and the ISCLD=0 option where all loudspeakers are at equal level (i.e. 12/12/13C) is used

in this experiment.

5.2.2 Method of decorrelation

There are several ways in which to generate partially correlated loudspeaker signals.

1. Adding a common signal to all the uncorrelated loudspeakers in a given ratio to

increase correlation.

2. Sampling a theoretical di�use sound �eld using coincident techniques with limited

directivity.

3. Sampling a theoretical di�use sound �eld using spaced techniques with limited sep-

aration.

4. The panning of uncorrelated components between loudspeakers.

These di�erent methods give di�erent correlation coe�cient matrices. Methods 2, 3 and

4 would have di�erent correlation coe�cients between di�erent loudspeakers. The inter-

channel correlation coe�cient matrix for method 3 would be also be frequency dependent.

Whilst these more �real world� cases may be more realistic, there is no single value for the

correlation between loudspeakers and therefore there are additional variables. The �rst
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method is the simplest and is the one that was chosen for this experiment as the ICCC is

the same between any two di�erent loudspeakers.

Equation 5.1 was used to generate a range of correlations between loudspeaker signals.

Yn is the signal for the n-th loudspeaker and is given by,

Yn = (
√

(1− i)×Xn) + (
√
i×W ) (5.1)

Where X is a set of N uncorrelated pink noise signals and W is a di�erent pink noise

signal common to all loudspeakers. The variable i is the inter-channel correlation coe�cient

between 0 and 1 and sets the ratio between the uncorrelated signals and the correlated

signals. The square root maintains the r.m.s level for each loudspeaker. This gives the

ICCC matrix shown in equation 5.2.

ICCC =



1 i i i i

i 1 i i i

i i 1 i i

i i i 1 i

. . . i

i i i i i 1


(5.2)

If i = 0 the signals are completely uncorrelated and the inter-channel correlation coef-

�cient matrix is an identity matrix. If i = 1, all loudspeakers are fully correlated and the

ICCC matrix is an all-ones matrix.

Uncorrelated pink noise was generated using the dsp.ColoredNoise object in Matlab.

These signals are generated using independent random sequence generators to ensure a

correlation coe�cient of 0 (for a long sequence).

5.2.3 Inter-Channel Correlation Coe�cient (ICCC) values

There was a fear that high ICCC would sound �phasey�. The interference between loud-

speakers would cause comb �ltering and these frequency variations would be easier to

distinguish than di�erences in di�useness, causing bias. However, in an informal pretest,

listeners were not distracted by the phasiness when rating the di�useness and so the full

range of ICCC was tested with six ICCC values from 0 to 1 with even intervals of 0.2.
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5.2.4 Listening Positions

As in the previous experiment a pair of listening position are investigated, on-centre and

a position 80 cm to the right. This is especially interesting in this experiment as the

correlated signals from the di�erent loudspeakers will interact di�erently at the di�erent

listening positions, adding coherently in the centre where the loudspeakers are time aligned

and adding based on the propagation delays when o�-centre.

5.2.5 Summary

The combination of four loudspeaker layouts, 6 ICCC levels and 2 listening positions and

multiple repeats would lead to a fairly long experiment. To investigate all these was

deemed unnecessary and therefore, in the o�-centre listening position, only the most and

least di�use layouts were tested (5.0 and 12/12/13). This led to a total of 36 stimuli to be

judged 3 times by each listener.

The introduction of the ICCC as a variable means that in this experiment extra care

has to be taken when loudness matching the stimuli. This is discussed in section 5.4.

5.3 Reproduction System

The loudspeakers and listening room are the same in for the previous two experiments

as described in section 3.4. The Audio Lab at the University of Southampton with T60

of 0.12 s ±0.02 s in 1/3 octave bands between 125 Hz and 8 kHz and 39 Kef HS3001SE

loudspeakers mounted to the walls and ceiling mounting system.

However, experiment 3 uses slightly di�erent equalisation; 1/3 octave bands instead

of 1/6 octave bands; the approximation for the roll-o� of the loudspeakers is replaced

by a mathematically simple -24 dB per octave roll o� below 95 Hz. Also, if the roll-o�

goes below the noise �oor, the target curve follows the noise �oor. The iterative process

has been replaced by a method of checking the equalisation is within ±1 dB in all bands

to avoid compounding errors in di�cult bands (for example below the noise �oor at low

frequencies).
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5.4 Loudness Alignment: Pretest

5.4.1 Overview

Loudness is a common source of bias in listening tests and alignment of loudness is im-

portant. However, in listening tests that are dealing with many loudspeakers and varying

correlation between loudspeakers the loudness will vary.

At a central measurement position in anechoic, optimal conditions, uncorrelated signals

add incoherently whereas correlated signals add coherently. However, in real situations

there are several variables other than the correlation of the loudspeaker signals that a�ect

the perceived loudness. The SPL is position dependent and is known to not always correlate

well with the perceived di�useness. With high correlation between loudspeaker signals the

signals at the ears of a listener are complex and not commonly found in the real world.

These complex binaural signals are likely to be di�cult for objective metrics of loudness to

predict accurately. The easiest way to get a �correct� value for the loudness of the various

stimuli is to use a listening test. Loudness matching experiments have been found to not

require many listeners as listeners are generally very consistent. Although this takes more

time, with complex sound �elds it is more accurate and therefore most likely to reduce

bias in the main experiment testing the perceived di�useness of the stimuli.

5.4.2 Listener Response Methodology

The subjective loudness alignment test was an adjustment task in which listeners were

asked to match the loudness of a test stimulus to the loudness of a reference stimulus.

Figure 5.1 shows the user interface implemented in Matlab.

Figure 5.1: UI used for loudness alignment task.

Two second bursts of pink noise were played one after each other. The �rst being the

reference and the second being the test stimulus. The listener could either increase the gain

of the test stimulus by 1 dB or decrease the level of the test stimulus by 1 dB. There was also

an option to replay the reference and test stimuli with the current gain setting. Changing
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the gain of the test stimulus would automatically replay the reference/test stimulus pair

with the new level adjustment. Listeners were asked to use the up and down buttons to

adjust the loudness of the second noise burst to match the loudness of the �rst noise burst.

When the listener was happy they could click next and the next test stimulus would be

selected.

The reference was always 12/12/13 with ICCC=0. This stimulus is the most consistent

across the listening area in terms of colouration and SPL. It was also to be used in the

next part of the test as the reference for the most di�use stimulus.

All 25 stimuli (all combinations of 6 ICCC values and 4 layouts plus uncorrelated stereo)

were adjusted against the reference.

5.4.3 Subjects

Each loudness comparison was made twice by each of the 4 listeners who were all post-

graduates at the University of Southampton with self reported normal hearing.

5.4.4 Results

Post-screening

Table 5.1 shows the mean absolute di�erence between repeats of the same stimulus for

each listener.

Listener mean(abs(x1 − x2))
1 0.76

2 0.48

3 0.76

4 3.28

Table 5.1: Mean absolute di�erence between repeats of adjustments in dB of the same
stimulus.

Listener 4 has a large average di�erence between repeats (3.28 dB) and so was excluded.

It is possible they moved signi�cantly between repeats but this is not clear. The data from

the other listeners all followed the same trends and were very consistent (<1 dB mean

absolute di�erence between repeats).

Analysis and Discussion

The means from the 3 listeners that passed post-screening are plotted in �gure 5.2 along

with the standard deviation.
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Figure 5.2: Mean and standard deviation of the adjustment gains to match a 12/12/13
ICCC=0 reference loudness.

Overall we see as expected that layouts with more loudspeakers get louder as the ICCC

increases relative to layouts with fewer loudspeakers. At 0 ICCC the uncorrelated signals

are adjusted to within around ±0.5 dB. We see 12/12/13, ICCC=0 is adjusted to very

similar to the reference implying there is no large bias in level between the �rst sound

played (the reference) and the second (the test). Interestingly listeners increased the level

of 5.0 as the inter-channel correlation increased. This might be a bias of the listening

test. Listeners expect that some stimuli may be louder than the reference and others

quieter. Because the reference is highly uncorrelated, all other stimuli are, in theory, the

same loudness or louder. When listeners are given the option to either increase the gain

or decrease the gain they assume that either is equally likely and may end up increasing

the gain when in doubt about the loudness di�erences but when there are obvious spectral

and spatial di�erences. However seeing as the maximum gain is 0.5 dB and listeners were

consistent, it is probably not a large enough bias to warrant any further action.

The variation between listeners is fairly large although individual listeners appear fairly

consistent. All the adjustments are smaller than the theoretical di�erences. Theoretically,

there is a 10×log(n) di�erence in SPL between ICCC=0 and ICCC=1 where n is the

number of loudspeakers in the layout. However the results of the adjustment task show the

subjective adjustments to be much lower. 12/12/13 is adjusted by -2 dB when correlated

rather than the theoretical -16 dB. And 5.0 is adjusted to +0.5 dB instead of the theoretical

-7 dB. Measuring the SPL at di�erent distances from the alignment position shows one

partial cause of this di�erence (�gure 5.3).
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Figure 5.3: ICCC plotted against the di�erence in unweighted SPL between the reference
and the test stimulus for various distances from the alignment position. Dotted line shows
the theoretic level di�erences.

Firstly the SPL increase caused by increasing the ICCC is smaller as the listener moves

away from the alignment position. And secondly, at the alignment position the SPL at

ICCC=1 is lower than the predicted theoretical SPL di�erence. However, despite these

measurements agreeing the subjective loudness adjustment are unlikely to be as large as

the theoretical loudness adjustments, the subjective adjustments are still lower than the

measured adjustments.

When the ICCC is high the loudspeaker signals will interfere creating an interference

pattern. At the alignment position all signals arrive at the same time and are in phase.

They should therefore sum coherently and increase the loudness. As soon as the mea-

surement point is not in the exact centre, some frequencies will add in phase (causing

summation) and others out of phase (causing cancellation). This will mean a lower SPL

than at the centre. The microphone was not moved in between time alignment (nearest

1/48000 s) and the measurement of SPL. Therefore the di�erence between the measured

and theoretical loudnesses at the on-centre position has some other cause. This could

be related to the reverberation of the listening room. Whilst the reverberation time is

low, the room modes will have an e�ect on the SPL and this will be position and room

geometry speci�c. This may account for some of the di�erence between the theoretical

SPL di�erence and the measured SPL di�erence. Further variation can be attributed to

120



CHAPTER 5. EXPERIMENT 3: ICCC

listener position. The distance of 10 cm is reasonable for the position for the ears of a

listener in the exact adjustment position due to the interaural distance. And 30 cm is not

unreasonable di�erence for a listener who slouches in the chair rather than sitting upright.

Whilst room acoustics and listeners not being exactly at the centre explains some of

the variation between the theoretical level di�erences and the results of the listening test

(�gure 5.2), on-centre there is still a deviation between the theoretical and measured levels,

and the listeners adjustments are still smaller than the measured gains (even far from the

measurement position). The following paragraphs propose some of the possible causes of

these di�erences.

Frequency Response of the Loudspeakers Small deviations in the response of the

individual loudspeakers mean that the signals are no longer exactly the same and the 1/3

octave band equalisation is only ideal at the exact centre.

Spatial impression As the ICCC increases the interaural cues vary strangely and for

high ICCC the sound appears almost as if monophonic. In this case the test stimulus

(ICCC=1) is very di�erent from the reference stimulus (ICCC=0) which is very di�use.

There is a possibility that this too is a factor. Maybe the smaller perceived size of the

source is also perceived as less loud.

Frequency content The unweighted SPL assumes that all frequencies are perceived

equally loud. In the theoretical case the spectrum does not change regardless of coherent

or incoherent summing, all frequencies are treated the same. However, as soon as the

listener does not have both ears at the exact centre, there will be colouration and this will

a�ect the loudness. The unweighted SPL is independent of frequency with all frequencies

contributing equally to the total SPL. Consider a single frequency at 100 Hz and a single

frequency at 1 kHz both at 80 dBSPL(unweighted). These will incoherently sum to give an

SPL that is equally due to the low and high frequency components (83 dB). If this signal

was A-weighted then the low frequency signal is attenuated by 20 dB. Therefore the total

SPL is dependent more on the SPL of the high frequency than the SPL of the low frequency

(incoherent summing of 80 dB and 60 dB is 80.043 dB). Therefore, because listeners are

more sensitive to mid and high frequencies which are also less in phase o�-centre due to the

short wavelengths, the loudness is likely to change by less than the predicted, unweighted

SPL.
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5.4.5 Gains Used for the Main Experiment

The best guess for the correct alignment gains for the main part of the test is the means

gains from this adjustment experiment. However, because listeners move a little and some

may be closer to the alignment position than others, there is likely to be some variation

in the loudness that may be listener speci�c and could be biasing. For this reason an

additional ±2 dB of uniform level roving was also added randomly to all the stimuli. The

randomisation of the loudness should help any residual bias to average to zero.

In the test the inclusion of the o�-centre position is to see how a system that is aligned to

the centre is judged o�-centre. The additional gain associated with the near loudspeaker is

one cue that a�ects how the sound has changed from the central listening position. For this

reason the mean gains on-centre plus the randomised roving were used for both listening

positions.

5.5 Listener Response Methodology

A MUSHRA interface implemented in Matlab (�gure 5.4) allowed listeners to replay a

2 second burst of a pink noise stimulus. Sliders allowed the stimuli to be rated and a

next button allowed the next page of stimuli to be presented. A reference was included of

12/12/13 with ICCC=0. Uncorrelated (ICCC=0) stereo was used as a hidden low anchor.

This was chosen as it was used in the previous experiment; was not usually rated 0 for

di�useness (allowing some scope for less di�use stimuli when introducing the variable of

ICCC); and also is a sensible lower limit for the di�useness (with sound less di�use than

stereo considerably not di�use). As a hidden anchor (unlike a reference), it does not limit

the range of the given results. The 36 stimuli were split between 6 pages of 6 stimuli. With

the anchor and reference on every page, a total of 6 pages of 8 stimuli were rated 3 times

by each listener. The head was not locked in place.

The de�nition of perceived di�useness in this experiment is slightly modi�ed from the

previous experiments. High correlation between loudspeakers is known to sound �phasey�.

This is an unnatural e�ect caused by the interference of the sound �eld and an sound dif-

ferently to di�erent people. Common descriptors are �inside the head� or moving/unstable

sources. In both these cases the signal is not perceived di�use but also not easy to localise.

Therefore the perceived di�useness and the ability to localise are not antonymous and

therefore the phrasing of the description of di�useness used in the �rst two experiments

was changed. The new instructions for listeners were,
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Figure 5.4: MUSHRA-style user interface used in experiment 3 implemented in Matlab.

�You are to rate the how di�use and surrounding you perceive each stimu-

lus. Di�useness is the degree of being surrounded/enveloped by the sound �eld.

This may be heard when standing and listening to the rain hitting the pave-

ment; applause in a concert hall; atmosphere or air conditioning (room tone).

Being able to localise the source of the sound will decrease di�useness. Holes

(an absence of sound from a certain directions) would normally reduce envelop-

ment. Feeling the sound inside your head or as moving/unstable sources would

also usually be less di�use. Try to ignore any di�erences you hear in terms of

loudness, colouration, distortion, frequency content and focus purely on where

the sound is coming from."

5.6 Subjects

The listening test was approved by the ethics and research governance committee (ID:

18709). The listening test was sat by 12 undergraduate and postgraduate students at the

University of Southampton with self reported normal hearing. Of the listeners 7 could be

considered experienced listeners with previous experience in more than one other listening

test.
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5.7 Results

5.7.1 Post-screening

All the listeners were consistent between repeats. Each listener had their repeats for the

same stimulus averaged and the results are shown in the box plot in �gure 5.5. All of the

listeners seem to be congruent.

Figure 5.5: Box plots of mean ratings from each listener.

5.7.2 Analysis

The mean ratings for each stimulus are plotted in �gure 5.6. On and o�-centre listening

positions are plotted on the same graph. In this experiment the question was rate the stim-

uli relative to the reference. Therefore o�-centre the reference is the o�-centre di�useness

of 12/12/13 whereas on-centre the reference is the on-centre di�useness of 12/12/13. In ex-

periment 2 (where there was no explicit reference and listeners were asked to be consistent

between listening positions both the on and o�-centre 12/12/13 stimuli were rated simi-

larly so the graph plotted here should remain representative although di�erences between

layout or ICCC are likely to be more reliable than di�erences between listening position

where the listener could not directly compare stimuli on a single trial of MUSHRA.
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Figure 5.6: Mean di�useness ratings for all stimuli.

Layout/Position X2 df p Kendall's W

5.0 On-centre 50.517 5 <0.0005 0.842
9.0 On-centre 57.337 5 <0.0005 0.956

0/12/0 On-centre 54.021 5 <0.0005 0.900
12/12/13 On-centre 58.029 5 <0.0005 0.967

5.0 O�-Centre 40.55 5 <0.0005 0.674
12/12/13 O�-Centre 58.385 5 <0.0005 0.973

Table 5.2: Friedman tests for e�ect of ICCC for each Layout/Position combination.

The reference at the top of the scale leads to skewed, non-normal rating distributions

for stimuli at the top of the scale. Therefore Friedman testing was used to investigate

signi�cant di�erences for each variable in turn. Table 5.2 shows ICCC to be a signi�cant

factor for all layouts and listening positions.

Wilcoxon signed rank tests (table 5.3) show that in the on-centre position, the loud-

speaker layout was a signi�cant factor, but only for the uncorrelated case (ICCC = 0).

O�-centre, Wilcoxon signed rank tests (table 5.4) show signi�cant di�erences at the

α = 0.05 level up to ICCC = 0.4 .

In experiment 2, the loudspeaker layout and speci�cally the number of loudspeakers

was shown to be signi�cant in the perceived envelopment of the stimulus. The results from

this experiment show that the loudspeaker layout is only signi�cant if the input signals

have a very low ICCC. Although, the di�erences between loudspeaker layouts are more
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ICCC X2 df p Kendall's W

ICCC = 0 24.399 3 <0.0005 0.842
ICCC = 0.2 7.667 3 0.053 0.213
ICCC = 0.4 1.900 3 0.593 0.053
ICCC = 0.6 5.521 3 0.137 0.153
ICCC = 0.8 7.301 3 0.063 0.203
ICCC = 1 2.745 3 0.433 0.076

Table 5.3: Friedman tests for e�ect of Loudspeaker Layout on-centre.

ICCC Z p

ICCC = 0 -3.059 0.002
ICCC = 0.2 -3.059 0.002

ICCC = 0.4 -2.944 0.003

ICCC = 0.6 -1.413 0.158
ICCC = 0.8 -0.401 0.689
ICCC = 1 -0.847 0.397

Table 5.4: Wilcoxon signed rank tests for e�ect of Loudspeaker Layout o�-centre.

pronounced o�-centre than on-centre. In all cases the ICCC is a very signi�cant factor

that determines the perceived di�useness of a system.

5.7.3 Discussion

Comparison of Results with Experiment 2

At ICCC=0 the pink noise is completely uncorrelated. Therefore the stimuli are the same

as were used in experiment 2. The layout 12/12/13 has a di�erent ISLD in the two

experiments but this is unlikely to change the rated values notably for reasons discussed

in section 4.6.2. The mean ratings for the stimuli that are the same in both experiments

are displayed in table 5.5.

Layout Mean (Experiment 2) Mean (Experiment 3)

Stereo 12.2 27.8
5.0 52.4 72.2
9.0 61.6 83.8

0/12/0 66.8 83.2
12/12/13 78.9 97.0

Table 5.5: Comparison of the results of experiment 2 with ICCC=0 in experiment 3

In both experiments stereo is not di�use, 12/12/13 is very di�use and 5.0 is fairly

di�use. The layouts 9.0 and 0/12/0 are somewhere in between 5.0 and 12/12/13. The

main di�erence is a translation of the ratings. The range has changed from 12.2-78.9 to

27.8 to 97.0. This is a mean increase of 18.4. The lowest rated stimuli in experiment 2 was

stereo at 12.2 but in experiment 3 ICCC=1 (0/12/0) was rated the least di�use at 10.0.
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The addition of the reference appears to have increased ratings at the top end of the

scale with better use of the 100. The addition of stimuli less di�use than stereo appears

to have increased the rating of stereo to make room for the less di�use stimuli. These two

factors appear to combine to result in a translation of the ratings and not a scaling of the

ratings. In both the tests the lowest rating is around 10 but having a reference at the top

end of the scale appears to spread the results better across the range (100 instead of 80).

The di�erence between 9.0 and 0/12/0 appears to have reduced in this experiment.

It is possible that the use of a 3D anchor may make 9.0 appear more di�use than before

(more similar to the reference) where the 2D layout 0/12/0 may appear less di�use.

On-centre versus O�-centre for ICCC=0

As in experiment 2, stereo and 5.0 become less di�use whereas 12/12/13 remains just as

di�use. However, in this experiment the wording of the task was slightly altered. Here

listeners were asked to rate everything relative to the reference. In the previous exper-

iment listeners were asked to be consistent between pages. In the previous experiment

12/12/13 was rated the same in both listening positions and so the data here are probably

the same. However one listener did feel that the di�useness o�-centre was a lot lower

than for on-centre and so e�ectively used two di�erent scales for the on and o�-centre

listening positions. However, as there was no large di�erence in the previous test, it is not

unreasonable to plot these di�erent positions on the same axes.

Relative E�ect of ICCC and Layout

There is a strong dependence on the ICCC. All arrangements at coherence of 1 give a

perceived di�useness less than stereo. As the ICCC increases the dependence on the

number of loudspeakers decreases. The di�erence between the four layouts is around 30

for ICCC=0. By the time ICCC is 0.3 the range is reduced to 10.

O�-centre for Di�erent Layouts

The small di�erences between loudspeaker layouts on-centre are increased when moving

o�-centre. Moving o�-centre appears to increase the perceived di�useness when there is

a small amount of correlation and many loudspeakers. Informal listening suggests there

are two factors at play when moving o�-centre. The listener is simultaneously moving

towards some loudspeakers but also away from the position at which the signals are time

aligned. The former e�ect is the same as was found in experiment 2. For layouts with
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fewer loudspeakers, the near loudspeaker appears very loud and localisable, reducing the

perceived di�useness. With many loudspeakers the e�ect is reduced. However, with ICCC

moving o�-centre also a�ects the interference pattern at the ears of the listener. The

frequency at which all interference is constructive is now lower. There is some constructive

interference at low frequencies but there is also some destructive interference and the

hypothesis is that this sounds more di�use as if the loudspeaker signal were slightly less

correlated than they are.

Unexplained Data

By ICCC=0.5 three of the layouts have similar di�useness regardless of the number of

loudspeakers but the layout 12/12/13 is rated less di�use than the others for ICCC 0.6

to 0.9. The possible cause is when the number of loudspeakers is extremely high the

di�useness saturates. More loudspeakers will not increase the perceived di�useness but

will increase the amount of colouration when the ICCC is high.

5.8 Comparison with Objective Metrics

These results show that the isotropy of the sound �eld is not the only condition for high

perceived di�useness. The loudspeaker arrangement and loudspeaker gains determine the

isotropy of the sound �eld, however, the perceived di�useness is also dependent on the

ICCC. Therefore any objective metrics for predicting the perceived di�useness based solely

on isotropy such as rotating a directional microphone or the di�useness estimate used in

DirAC will be unable to predict the results found in this experiment. The sound �eld in

spatial audio can be unnatural and isotropy-based metrics are designed for natural scenes

such as reverberation or complex sound scenes.

In this section the data are plotted against the IACC and the spatial coherence. The

IACC is commonly used and the coherence good correlation with the subjective data in

experiment 2.

IACC

To calculate the IACC, all stimuli were recorded using a Neumann dummy head (KU 100).

The recorded signals were windowed and the IACC calculated in octave bands for each

time window. The IACC values were averaged to give a single value for the IACC for each

stimulus. This averaging was done either over the entire frequency range (as in �gure 5.7)
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or across the central frequency band of 500 Hz, 1 kHz and 2 kHz (as is shown in �gure

5.8). The IACC values are also reported in tables 5.6 and 5.7.

Figure 5.7: IACC for all stimuli averaged across all frequency bands.

Figure 5.8: IACC3 for all stimuli. The IACC is averaged across the middle frequency bands
(500-2000 Hz).

Whist there is some degree of correlation in �gure 5.7, it is small with di�erent loud-

speaker layouts and listener positions poorly estimated. Within a single loudspeaker layout
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Listener Position Loudspeaker Layout ICCC
0 0.2 0.4 0.6 0.8 1

On-centre

Stereo Anchor 0.53
5.0 0.44 0.47 0.52 0.57 0.63 0.69
9.0 0.44 0.48 0.53 0.59 0.65 0.73

0/12/0 0.42 0.49 0.57 0.65 0.74 0.82
12/12/13 0.43 0.53 0.59 0.65 0.69 0.75

12/12/13 Reference 0.42

O�-centre

Stereo Anchor 0.61
5.0 0.46 0.46 0.49 0.53 0.57 0.62

12/12/13 0.42 0.41 0.44 0.46 0.51 0.56
12/12/13 Reference 0.42

Table 5.6: IACC values averaged across all octave bands.

Listener Position Loudspeaker Layout ICCC
0 0.2 0.4 0.6 0.8 1

On-centre

Stereo Anchor 0.37
5.0 0.17 0.22 0.31 0.42 0.53 0.65
9.0 0.19 0.25 0.35 0.44 0.56 0.68

0/12/0 0.18 0.22 0.37 0.52 0.68 0.84
12/12/13 0.16 0.35 0.52 0.64 0.75 0.85

12/12/13 Reference 0.16

O�-centre

Stereo Anchor 0.43
5.0 0.22 0.22 0.29 0.38 0.48 0.58

12/12/13 0.15 0.15 0.19 0.25 0.33 0.43
12/12/13 Reference 0.15

Table 5.7: IACC values averaged across octave bands 500 Hz, 1 kHz and 2 kHz (IACC3).
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and listening position, the �t to the data is good with stimuli with di�erent ICCCs well

distinguished and ranked relative to each other. However, the IACC is not able to make

accurate predictions between both changes to loudspeaker layout or listener position and

changes in ICCC.

When using the full frequency range to calculate the IACC, the mean IACC is higher

than when using only the middle frequencies. This is due to low frequencies always having a

high IACC and therefore raising the average when included in the averaging stage. When

only the centre frequencies are used, a wider range is shown but the correlation is not

notably increased .

Whilst the �t looks poor, it is once again worth mentioning that the on-centre and

o�-centre listening positions are not compared directly on the same page of MUSHRA.

Therefore plotting and comparing between both listening positions on the same axis may

be misleading. Looking at both listening positions independently, the correlation to the

data is improved. However there is still a clear dependence on the loudspeaker layout that

is not captured using the IACC.

Spatial Coherence

To calculate the spatial coherence, all the stimuli were recorded using a pair of microphones

separated by 17 cm in both listening positions. The coherence was calculated between these

signals and the coherence averaged across all frequency bins. These average coherence

values for each stimulus are plotted against the perceived di�useness for each stimulus in

�gure 5.9.

The spatial coherence shows a better �t to the data than the IACC. There is a close

grouping between both the di�erent loudspeaker layouts and the di�erent listening posi-

tions. As with the IACC, the spatial coherence separates well the di�erent IACC values

and places them in order from most di�use to least di�use. However, the spatial coherence

also predicts clearly 12/12/13 to be more di�use than 5.0.

In experiment 2, the spatial coherence appeared to have a linear relationship with the

perceived di�useness. In this experiment we se a slight curvature at the bottom of the scale.

In this experiment there are stimuli that are less di�use than the least di�use stimulus in

experiment 2.
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Figure 5.9: Mean value of the coherence averaged across all frequency bins and plotted
against the perceived di�useness.

5.9 Summary

This experiment looked at the e�ect of the inter-channel correlation coe�cient between

loudspeaker signals on the perceived di�useness. The ICCC has a large e�ect with high

ICCC perceived as not di�use regardless of the number of loudspeakers in the layout (the

main factor found in experiment 2). The e�ect of ICCC is also interesting o�-centre where

the perceived di�useness decreases for layouts with few loudspeakers at low ICCC but

increases for layouts with many loudspeakers and low ICCC. At high ICCC there appears

no e�ect of moving o�-centre as once again all layouts are perceived as equally not di�use.

The spatial coherence was shown to be a good predictor of perceived di�useness in this

experiment as well as for experiment 2. Whilst these results are interesting, they are

limited to the material tested. Experiments to investigate the ICCC further are described

in the next section and will hopefully lead to a greater understanding of the perception

of di�useness allowing for more generalised models based on the sound �eld and binaural

signals than on the speci�c signals fed to the loudspeakers.
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Experiment 4: Interaction Between

the ICCC and Frequency

6.1 Overview

Experiment 3 investigated the e�ect of inter-channel correlation coe�cient (ICCC) on the

perceived di�useness. This was found to be highly signi�cant however the ICCC has several

di�erent e�ects on the sound �eld. When the ICCC is high the coherent components of the

sound �eld form an interference pattern by adding either constructively or destructively.

This will depend on the positions of the loudspeakers, the measurement position(s) and

the frequency.

The various e�ects are demonstrated in �gure 6.1 using a plane wave simulation of the

0/12/0 layout.

For low ICCC the frequency response is �at with all frequencies adding incoherently.

When the ICCC increases, an interference pattern is produced. There is a bass boost

at low frequencies and a set of peaks and notches related to the coherent cancellation or

summation of higher frequencies. Exactly on-centre all frequencies would add coherently

leading to a �at frequency response, however, for a pair of receivers separated by 17 cm not

all frequencies are in phase and so there are cancellations even in the on-centre position.

As the listener moves o�-centre, the frequencies of these features decreases. The cut-o� of

the low frequency boost is at a lower frequency as are the cancellations. Additionally, the

limited spacing of the human ears leads to a high correlation between the ear signals at

low frequencies regardless of the ICCC.

Using narrow frequency bands was chosen as the method to separate out these multiple

e�ects. It was predicted that for low frequencies the ICCC would have less e�ect on the
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Figure 6.1: E�ect on the frequency response when moving o�-centre or changing the ICCC
at two measurement positions separated by 17 cm and simulated plane waves for 12 evenly
spaced head-height loudspeakers.

perceived di�useness where the long wavelength relative to the interaural distance would

make di�erentiating conditions more di�cult. Also it was predicted that moving o�-centre

would have the same e�ect as decorrelating the signals and therefore reduce the e�ect

of increasing the ICCC. This would be more noticeable at high frequencies where the

highly detailed time structure is e�ectively decorrelated with shorter time shifts than at

low frequencies. These predictions and observations led to the hypotheses outlined in the

following section.

6.2 Hypotheses

The dependence of the frequency response at the ears of a listener on the ICCC and listener

position led to the following hypotheses,

• At LF the ICCC only a�ects the level of both ear signals and does not a�ect the

interaural di�erences. Therefore ICCC a�ects low frequencies less than higher fre-

quencies.
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• Moving o�-centre increases the number of cancellations in a given frequency range.

This gives a more complex frequency response at HF. If the frequency response is

complex enough the listener cannot distinguish it from a �at frequency response. For

high enough frequencies (likely above 6 kHz), far enough o�-centre, the ICCC will

have little e�ect on the perceived di�useness.

• And �nally these e�ects above are on the assumption of a plane wave model and in

reality moving towards the nearest loudspeaker may outweigh these e�ects.

These hypotheses led to the null hypothesis that the ICCC a�ects the perceived dif-

fuseness of a narrow frequency band equally regardless of the interaction between centre

frequency and listener position.

6.3 Stimuli

Narrow 1/3 octave bandwidth noise signals were generated for three centre frequencies

(125 Hz, 1 kHz and 8 kHz). The low frequency band was as low as possible considering the

frequency response of loudspeakers. The high frequency band was chosen to allow a high

modal density when o�-centre. The bandwidth was wide enough to be perceived as noise

like for all centre frequencies without exciting much more than a single critical bandwidth.

The o�-centre listening position was changed from previous experiments to 1 m to the

right of centre. This was done to hopefully increase any e�ects of moving o�-centre by

increasing the variation in propagation delays between the various loudspeakers.

The layout 12/12/13 was chosen as the loudspeaker arrangement for this experiment

as this had a small di�erence in perceived di�useness when moving o�-centre.

The ICCC values were the same as for the previous experiment (0, 0.2, 0.4, 0.6, 0.8

and 1) and were generated in the same way, using a summation between a component

uncorrelated between loudspeakers and a component common to all loudspeakers (equation

5.1 in section 5.2.2).

6.4 Reproduction System

The listening test was performed in the Audio Lab at the University of Southampton

with T60 of 0.12 s ±0.02 s in 1/3 octave bands between 125 Hz and 8 kHz. The 39

Kef HS3001SE loudspeakers mounted to the walls, �oor and ceiling were equalised in 1/3

octave bands from 95 Hz to 20 kHz. Below 95 Hz a -24 dB per octave roll o� followed the
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approximate frequency response of the loudspeakers. Digital delay compensated for the

di�ering propagation delays between the loudspeakers and the central listening position to

the nearest sample (the sampling frequency was 48 kHz throughout).

6.5 Pretest: Loudness Alignment

6.5.1 Overview

As in experiment 3, the ICCC will a�ect the loudness. In this experiment, there are

perceptual di�erences in loudness at di�erent frequencies �at a given sound pressure level�

in addition to the di�erences in loudness that depend on coherent vs. incoherent summing

when varying the ICCC. With loudness as a common source of bias in subjective listening

tests, the stimuli were normalised by perceptual loudness and, as with experiment 3, this

was done using the subjective adjustment task described in this section.

6.5.2 Listener Response Methodology

The listening test was an adjustment task in which listeners were asked to match the

loudness of a test stimulus to the loudness of a reference stimulus. Figure 6.2 shows the

user interface implemented in Matlab.

Figure 6.2: UI used for loudness alignment task.

The presentation method was identical to that in experiment 3 with a pair of 2 second

bursts of pink noise played one after each other. The �rst being the reference and the

second being the test stimulus. The listener could either increase the level of the test

stimulus by 1 dB or decrease the level of the test stimulus by 1 dB. There was also an

option to replay the reference and test stimuli with the current gain setting. Listeners were

asked to use the up and down buttons to adjust the loudness of the second noise burst to

match the loudness of the �rst noise burst. When the listener was happy they could click

next and the next test stimulus would be selected.

The reference was always 1 kHz with an ICCC of 0 (uncorrelated).
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All 18 stimuli (all combinations of 6 ICCC values and 3 frequencies) were adjusted

twice against the reference by each listener.

6.5.3 Subjects

Each stimulus was rated twice by each of the 3 listeners who were all postgraduates at the

University of Southampton with self reported normal hearing.

6.5.4 Gains Used for the Main Experiment

The mean alignment gains for each of the stimuli are shown in �gure 6.3.

Figure 6.3: Mean adjustment gains to match the loudness of 12/12/13 at 1 kHz with
ICCC=0 (uncorrelated).

For the 1 kHz and 8 kHz stimuli there is very little adjustment required. At low fre-

quencies on-centre, the low frequency stimulus was 2 dB quieter than the other frequencies

when uncorrelated.

When the ICCC is high the coherent summing of signals increases the loudness and

therefore less gain is required to match the loudness of the other frequencies.

Conversely, when the listener is o�-centre, the signals are no longer time aligned and

so the required adjustment is close to that of the uncorrelated value of 2 dB. This 2 dB

relates only to the di�erence in loudness between frequencies rather than the di�erences in

loudness due to either coherent or incoherent summing.

These mean adjustment values were used in the main experiment with an additional

±2 dB of randomised gain.

137



CHAPTER 6. EXPERIMENT 4: ICCC AND FREQUENCY

Test Stimulus
Centre 125 Hz 1 kHz 8 kHz

Frequency ICCC 0 0.2 0.4 0.6 0.8 1 0 0.2 0.4 0.6 0.8 1 0 0.2 0.4 0.6 0.8 1

Reference
125 Hz 0 3 3 3 3 3 3 3A 3B
1 kHz 0 3 3 3 3 3 3 3C
8 kHz 0 3 3 3 3 3 3

Table 6.1: Comparisons made by each listener in experiment 2. All stimuli use the 12/12/13
loudspeaker arrangement. 3ABC are the comparisons between di�erent frequencies (inter-
frequency).

6.6 Listener Response Methodology

In this main experiment there is a di�erent focus than in previous experiments. The idea is

to test whether di�erent frequencies are robust or not to changes in ICCC for the reasons

stated in the hypotheses section. Additionally in previous experiments all the stimuli were

pink noise allowing for simple comparison of the spatial di�erences between the stimuli.

In this experiment the di�erent frequency bands will inherently sound di�erent and this

could easily lead to bias. It was therefore decided to avoid bias using a slightly di�erent

methodology to that used in previous experiments. Firstly, instead of comparing all stimuli

to each other with a common reference, each stimulus is compared to an appropriate

reference. In this case the reference is always the uncorrelated version for that frequency. In

this way the listeners were always comparing between two stimuli at the same frequency. In

addition to this changing of references, the MUSHRA type test is avoided in preference for

an A/B type experiment with slider. When the listener is provided many stimuli on a single

page they know the range of the stimuli and range equalisation bias and stimulus spacing

bias lead the listener to use the whole scale as a linear scale rather than an absolute scale

of what they perceive (Zielinski et al., 2007). Getting Absolute data rather than relative

data is especially important to allow comparison between di�erent frequencies and listener

positions when they cannot be easily compared to each other directly. By presenting the

listener with only 2 stimuli at a time this is minimised and unbiased absolute di�erences

can be obtained. The disadvantage of only comparing stimuli with stimuli of the same

frequency is that there are no data to compare the relative di�usenesses of the di�erent

frequency bands. Therefore additional comparisons were added that compare between the

references for each frequency band. Because the references are completely uncorrelated

the task is simpli�ed relative to comparing di�erences in both frequency and ICCC at the

same time. All the comparisons are shown in the table 6.1.

To perform these comparisons, the user interface show in �gure 6.4 was used featuring

two buttons labelled A and B which would play 2 s bursts of the two stimuli respectively

(with 10 ms fade in and out to avoid clicking). One stimulus would be uncorrelated
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(ICCC=0) as the reference and the other would be the test stimulus with either an ICCC

between 0 and 1 but with the same centre-frequency (intra-frequency comparisons) or with

an ICCC of 0 but a di�erent centre-frequency (inter-frequency comparisons). The listener

would then decide which of the two was most di�use and then move the horizontal slider

in that direction depending on how much more di�use they perceived that stimulus. The

slider was labelled �A is much more di�use than B� (slider fully left), �A and B are equally

di�use� (slider in the centre) or �B is much more di�use than A� (slider fully right).

The order of all the comparisons was randomised to avoid bias. Similarly, the pairwise

presentation of the stimuli minimises the results of one comparison in�uencing the results

of another comparison as can be the case with MUSHRA-style tests.

Figure 6.4: A/B with slider style user interface used in experiment 4 and implemented in
Matlab.

6.7 Subjects

The listening test was approved by the ethics and research governance committee (ID:

18709). Each comparison was completed three times by 9 postgraduate listeners at the

University of Southampton with self reported normal hearing.

6.8 Results

In this experiment there is neither a common reference for all the comparisons nor compar-

isons between every possible stimulus pair. Each frequency and listening position is rated

relative to its own reference and then, additionally, there are comparisons between the ref-

erences in both the listening positions. The results�following post-screening�are therefore
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Figure 6.5: Mean of the standard deviation between repeats of the same stimulus for each
listener.

shown in two parts. The �rst part has each listening position and frequency rated relative

to its own reference (intra-frequency comparisons). In the second part, the comparisons

between the frequency references (inter-frequency comparisons) are investigated.

6.8.1 Post-screening

Firstly the data were screened using the standard deviation between repeats of the same

stimulus as a metric of listener consistency as show in �gure 6.5.

Listener 8 was found to be very inconsistent between repeats. They also often moved

the slider when the test stimulus was identical to the reference stimulus. For these reasons,

listener 8 was removed from the remaining analysis.

The three repeats from the remaining 8 listeners were then averaged to give a single

value as the rating for that particular comparison for each listener. These results are shown

in the two box plots in �gures 6.6 and 6.7. A value of zero represents that both stimuli

were equally di�use, a negative value indicates the reference was more di�use and a positive

value indicates the test stimulus was more di�use. In the case of inter-frequency stimuli,

the reference is arbitrarily the lower frequency. Listener 9 has a few outliers and tended

to use more of the bottom of the scale, but in general the listeners were fairly congruent

between each other and so only listener 8 was excluded from further analysis.

6.8.2 Analysis

Friedman tests (tables 6.2 and 6.3) are used to identify statistically signi�cant factors.
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Position Centre Frequency X2 df p Kendall's W

On-centre
125 Hz 29.036 5 <0.0005 0.726
1 kHz 34.600 5 <0.0005 0.865
8 kHz 35.276 5 <0.0005 0.882

O�-centre
125 Hz 21.454 5 0.001 0.536
1 kHz 29.549 5 <0.0005 0.739
8 kHz 30.562 5 <0.0005 0.764

Table 6.2: Friedman Tests showing the e�ect of ICCC for the di�erent listening positions
and centre frequencies.

Position ICCC X2 df p Kendall's W

On-centre

0 3.391 2 0.183 0.212
0.2 7.000 2 0.030 0.438
0.4 3.250 2 0.197 0.203
0.6 14.25 2 0.001 0.891
0.8 10.516 2 0.005 0.657
1 6.258 2 0.044 0.391

O�-Centre

0 1.368 2 0.504 0.086
0.2 3.364 2 0.186 0.210
0.4 7.750 2 0.484 0.021
0.6 1.750 2 0.417 0.109
0.8 3.250 2 0.197 0.203
1 3.000 2 0.223 0.188

Table 6.3: Friedman Tests showing the e�ect of centre frequency for the di�erent listening
positions and ICCCs.
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Figure 6.6: Box plots of mean ratings from each listener for intra-frequency stimuli. A
rating of zero equates to the test ICCC being equally di�use as the ICCC=0 for the same
frequency. Negative values show the test stimulus to be less perceptually di�use than the
reference. Outliers are labelled with listener IDs.

Figure 6.7: Box plots of mean ratings from each listener. In each case the value is the
di�useness of the higher frequency relative to the lower frequency. i.e. positive values mean
the higher frequency is more di�use and negative values mean the higher frequency is less
di�use.

Table 6.2 shows ICCC to be a signi�cant factor for both listening positions and at all

centre frequencies.

Table 6.3 shows that the centre-frequency is only a signi�cant factor in some on-centre

cases. It is expected that there is no di�erence at ICCC=0 where the reference and test

are identical and therefore the rating should be zero for all centre frequencies.

Wilcoxon Signed Ranks tests (table 6.4) were used to investigate signi�cant di�erences

between the two listening positions. These show several of the ICCC, centre frequency
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Centre Frequency ICCC Z p

125 Hz

0 -0.135 0.893
0.2 -2.240 0.025

0.4 -2.380 0.017

0.6 -1.540 0.123
0.8 -2.521 0.012

1 -1.680 0.093

1 kHz

0 -0.524 0.600
0.2 -1.820 0.069
0.4 -2.100 0.036

0.6 -2.521 0.012

0.8 -2.371 0.018

1 -2.521 0.012

8 kHz

0 -0.405 0.686
0.2 -0.524 0.600
0.4 -2.375 0.018

0.6 -1.122 0.262
0.8 -2.380 0.017

1 -1.400 0.161

Table 6.4: Wilcoxon Signed Ranks Test comparing the results from the di�erent listening
positions.

Position X2 df p Kendall's W

On-Centre 12.250 2 0.002 0.766
O�-Centre 2.889 2 0.236 0.160

Table 6.5: Friedman Tests showing the e�ect of the comparison pair (which frequencies
were being compared) for the di�erent listening positions.

combinations to be statistically signi�cantly di�erent between the two listening positions.

No correction has been applied due to the large number of comparisons due to the conser-

vative nature of family-wise error rate correction methods such as Bonferroni Adjustment.

Although it should be highlighted that the p-values are relatively high and there are many

comparisons. Applying any correction for multiple comparisons would likely show these

di�erences to not be signi�cant. The di�erences are far less signi�cant than, for example,

the di�erences due to the ICCC.

Friedman tests and Wilcoxon Signed Rank Tests were used to assess the statistical

di�erences between the inter-frequency comparisons. Tables 6.5 and 6.6 show the e�ects

of the comparison pair (which 2 frequencies are being compared) and the listener position

respectively. On-centre there was a signi�cant di�erence in the rating depending on which

frequencies were being compared. O�-centre the di�erences were not signi�cant. The

listening position was not signi�cant regardless of frequency.
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Comparison Z p

125 Hz vs. 1 kHz -1.014 0.310
125 Hz vs. 8 kHz -0.338 0.735
1 kHz vs. 8 kHz -1.120 0.263

Table 6.6: Wilcoxon Signed Ranks Test comparing the e�ect of listener position for di�erent
frequency comparisons.

6.8.3 Discussion

The intra- and inter- frequency comparisons are discussed separately.

Intra-frequency Comparisons

To view the trends in the intra-frequency comparisons, the mean ratings are taken and

shown in �gure 6.8.

Figure 6.8: Mean relative di�useness ratings for all intra-frequency stimuli comparisons.

As in experiment 3 (chapter 5), the ICCC has a large e�ect with high ICCC less di�use

than the low ICCC reference.

As in experiment 3, when o�-centre, low ICCCs have less e�ect on the perceived dif-

fuseness than when on-centre. This can be seen o�-centre at ICCC=0.2 which is rated

the same as ICCC=0. Interestingly, on-centre, 8 kHz appears to demonstrate a similar

trend with ICCC=0.2 seemingly indistinguishable from ICCC=0. It is possible that the

short wavelength of 8 kHz makes even the on-centre position exhibit the same trends seen

o�-centre at lower frequencies.
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The stimuli at 125 Hz also show a strong signi�cant dependence on the ICCC despite

the high correlation between ear signals at this low frequency.

In this experiment the listener position is also highly signi�cant. In the previous exper-

iments the lines converged at high ICCC. It is possible that the MUSHRA type listening

test of experiment 3 exhibited some range equalisation bias between the two di�erent lis-

tening positions (Zielinski et al., 2007) encouraging the use of the bottom of the scale when

o�-centre and thereby normalising both ranges and hiding any di�erences.

The variation on-centre is greater than o�-centre with larger interquartile range and

standard deviation. This could be due to the fact that small variations in listener position

have a larger e�ect on-centre than o�-centre. Alternatively, it may be harder for listeners

to be consistent when the di�erence in perceived di�useness between the reference stimulus

and the test stimulus is large and whilst using an A/B type experiment (as opposed to the

MUSHRA method from experiment 3).

Inter-frequency Comparisons

The data from the inter-frequency comparisons are less intuitive to understand. Therefore,

to visualise the data from the inter-frequency comparisons, the mean ratings were combined

to give a perceived di�useness for each frequency arbitrarily normalised to the di�useness

at 1 kHz. The inter-frequency comparisons are labelled as A (125 vs. 1k), B (125 vs.

8k) and C (1k vs. 8k) in table 6.1. Therefore the perceived di�useness of the di�erent

frequencies, with reference to the di�useness of 1 kHz, can be calculated for 125 Hz by

either −A or by C−B, and the for 8 kHz by either C or −A+B. The two alternatives were

averaged so that Diffuseness125 = (−A+C−B)/2 and Diffuseness8k = (C−A+B)/2

where A, B and C are the mean di�useness ratings for the inter-frequency comparisons.

These relative frequency di�usenesses, that have been calculated from the inter-frequency

comparisons, are plotted in �gure 6.9 and discussed in the following section.

Figure 6.9: Di�useness of each frequency band calculated with reference to the perceived
di�useness at 1 kHz.
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Looking at the calculated di�usenesses of the di�erent frequencies (�gure 6.9) we see

that on-centre 1 kHz was more di�use than the 125 Hz or 8 kHz bands. O�-centre, 1 kHz

was equally di�use as 125 Hz but more di�use than 8 kHz. Whilst the di�erences between

frequencies are signi�cant, the di�erences are small especially when compared to the e�ect

of the ICCC.

Adjusted Comparisons

The mean inter-frequency values for each frequency and listening position can be added to

the intra-frequency comparisons to give values that should be comparable across frequencies

and ICCCs. These adjusted mean values are plotted in �gure 6.10.

Figure 6.10: Mean intra-frequency di�useness of each stimulus adjusted by the di�erences
between references (from inter-frequency comparisons)

Even with the di�erences between the references applied to all the stimuli, there are

no clear trends that show any di�erences between the di�erent frequencies. O�-centre 8

kHz is less perceptually di�use than the other two frequencies although this is not the case

on-centre.

6.9 Comparison with Objective Metrics

In this section the results are compared to the values obtained from the objective metrics of

IACC�which is the basis for most estimates of di�useness or envelopment�and the spatial

coherence which was found to correlate well with the data in experiments 2 and 3.

IACC

As for experiments 2 and 3, the IACC was calculated from binaural recordings of the stimuli

made using a Neumann dummy head (KU 100). Figure 6.11 shows the IACC averaged
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(a) IACC3 On-centre (b) IACC3 O�-centre

Figure 6.11: IACC averaged across octave frequency bands 500 Hz, 1 kHz and 2 kHz.

(a) IACCActive On-centre (b) IACCActive O�-centre

Figure 6.12: IACC of the active frequency bands.

across the central frequencies of 500 Hz, 1 kHz and 2 kHz. Figure 6.12 shows the IACC

value relating to the active frequency band. This active frequency band is the octave band

in which the stimulus falls considering this experiment used narrow band stimuli.

At 1 kHz there is good correlation between the IACC and the perceived di�useness.

However at both high and low frequencies the prediction is poor. At low frequencies this

is to be expected. The correlation between points is known to be high at low frequencies

where the wavelength is long relative to the head width. However the �t to the data is

also poor at high frequencies with the IACC seemingly independent of the ICCC. In the

o�-centre listening position there is a small amount of correlation between the subjective

data and the IACC although there is no consistency between the predictions at di�erent

frequencies and the perceived di�useness.

Spatial Coherence

All stimuli were recorded using microphones separated by 17 cm at the listening positions.

The spatial coherence was calculated between these points and the function averaged across
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(a) On-centre (b) O�-Centre

Figure 6.13: Spatial coherence averaged across the relevant frequency bins.

all frequency bins that relate to the bandwidth of the stimulus. For example, for the 125

Hz stimuli, the single frequency bin at 93 Hz is the only relevant frequency bin. For 8

kHz, the frequency bins are narrower and therefore more coe�cients are relevant to the

1/3 octave bandwidth. For example, a third octave centred at 8 kHz would include 19

frequency bins from 71255 Hz to 8906 Hz for a 48 kHz sample and an FFT length of 512

samples. The coherence values for each of these ranges of frequency bins were averaged

to give a single coherence-based di�useness estimate for each stimulus. These values are

plotted against the perceived di�useness in �gure 6.13.

As with the IACC, the coherence at low frequencies is always high independently of

the di�erence in perceived di�useness. However, unlike the IACC, the coherence accounts

for both listening position and frequency�for the two high frequencies at least� and gives a

prediction for the di�useness that more generally valid. It is hypothesised that the narrower

frequency resolution at high frequencies allows the metric to distinguish the di�erences in

di�useness at high frequency as well as for the mid frequencies.

However, at low frequencies there is no obvious relation between any objective metric,

and the perceived di�useness.

6.10 Summary

Even when applying the di�erences between the references (the calculated inter-frequency

di�usenesses) to the intra-frequency comparisons, the di�erence in di�useness between fre-

quencies is not obvious. It is therefore suggested that to ensure high perceived di�useness,

low correlation should be used at all frequencies (at least 125 Hz to 8 kHz) and this is

especially important on-centre.
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This independence of the perception on frequency highlights the limitations of metrics

such as Interaural Cross-Correlation Coe�cient (IACC) and spatial coherence for measur-

ing low frequency envelopment where the perception of variable di�useness is strong to a

much lower frequency than these metrics are e�ective. However, the spatial coherence does

show a good �t to the data for both 1 kHz and 8 kHz as well as both listening positions

where the IACC is only e�ective at 1 kHz.
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Chapter 7

Development of a Robust Metric for

Di�useness

7.1 Overview

In this chapter, the results of the previous experiments are used to create a metric that can

reasonably be expected to predict the perceived di�useness under a range of conditions.

The following section reports a range of challenges. These challenges refer to features of

the coherence and test material that should be considered to ensure the metric is robust to

a range of test materials. The �nal metric is designed to be robust to these challenges and

the algorithm is described in detail in section 7.3. This metric is re�ned using the data

from the subjective experiment in chapter 8 and tested in chapter 9.

7.2 Challenges: Spatial Coherence as a Metric for Perceived

Di�useness

The spatial coherence has shown to have a high correlation with the perceived di�useness

in a range of situations from the results of the previous experiments.

Although the coherence has shown promise it inherently has issues that potentially

limit it's usefulness as a perceptual metric. In this section these issues are highlighted and

possible solutions are proposed. These solutions are combined into a single algorithm for

predicting di�useness. The resulting metric will therefore provide very similar predictions

for the stimuli tested so far, but also be reasonably robust to stimuli that exploit known

limitations of the coherence. The issues are divided into the following subsections and

�nally the metric is presented.
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7.2.1 Linearity with frequency

The �rst issue is that the coherence is a function of frequency that is linear with frequency.

meaning each frequency bin contains the same range of frequencies. Human hearing in

contrast is logarithmic with greater frequency resolution at low frequencies where the

critical bandwidths are narrower. Averaging the coherence across all frequency bins gives

excessive weighting to the more numerous high frequency coe�cients.

This bias can be avoided by dividing the linear FFT bins between logarithmically

selected groups using third octave band weighting or barc scale weighting. This gives a

logarithmic set of values that approximate an individual coherence value for each of the

critical bands in human hearing. Averaging across these third octave bands provides an

average coherence that is not biased towards high frequencies. The barc scale has the

added advantage that at very low frequencies the width of the bands is larger than for

third octave bands. This is useful if the FFT window is short and therefore there are not

many low frequency bins in the FFT to average between.

7.2.2 Frequency Content of Input Signal

The second issue is that the coherence is independent of the spectrum of the input signal.

Even if there is no signal at a given frequency, the coherence will be a value between 0 and

1 and will be calculated on the background noise on each channel. In experiments 2 and

3 pink noise was used and so averaging across the full range of FFT frequency bins was

appropriate. However, when narrow frequency bands are used, only the coherence values

of the active frequency bands should be used. This was done manually in experiment 4

but should be automatic in a coherence-based metric. The solution is a weighting of the

coherence based on the spectrum of the frequency response of the input.

A �rst simple suggestion is to use a noise gate methodology to ignore the coherence

in frequency bands that are much quieter than others. A threshold of -15 dB relative

to the loudest bin could be used as a criterion for selecting/ ignoring the coherence in a

frequency band. In this research so far there have been two stimulus spectra used: one

is full bandwidth pink noise (�at in the third octave domain) and the other is 1/3 octave

band noise. This binary on/o� methodology for selecting frequency band works well in

these cases but maybe a more elegant solution for the future might be one that weights

the coherence values based on the perceptual loudness of bands.
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7.2.3 High Coherence at Low Frequency

When using loudspeakers and microphone spacings akin to the width of the head, the co-

herence is always high at low frequencies as the wavelength is shorter than the microphone

spacing.

When combining coherence coe�cients into a single value, if low frequencies are in-

cluded then signals with more low frequency content are predicted to be more coherent

overall. If low frequencies are ignored entirely then the the variable di�useness at low fre-

quencies are ignored, and low frequency only signals are not assigned a di�useness value.

This is known from experiment 4 to not be suitable as low frequencies do play a role in

the perception of di�useness.

The solution to this issue is not trivial. This is an inherent limitation of the coher-

ence as a metric of di�useness. The simplest solution�and the one generally employed in

IACC�is to ignore any frequency bands for which the metric is known not to work. The

optimal answer would be to �nd a metric that also correlates with perceived low frequency

di�useness and use a crossover to swap between the estimation methods. Although at this

time it is not clear what form this might take.

A holistic and non-rigorous approach could be to weight the lower frequencies as less

important. Therefore, for signals with only low frequency content, the metric tries its best

to estimate the di�useness but is likely underestimated. But any signal that includes higher

frequency content or wide bandwidth content would be estimated based on the coherence

at higher frequencies only avoiding the bias of the highly coherent lower frequencies.

Another alternative is to take the coherence as related to that of a theoretical di�use

sound �eld given by (sin(kR)/kR)2. However this is also not ideal as there are sound �elds

that have a lower coherence than the theoretical di�use sound �eld and would therefore be

given negative values.

The method for handling low frequencies in the metric presented at the end of this

chapter, is to apply a weighting based on the theoretical minimum spatial coherence for a

sound �eld composed of plane waves given by cos(2πRf/c)2 below 500 Hz. This is derived

in detail in chapter 10. The weighting means that the minimum coherence becomes zero

and the maximum stays as one. There are cases where this expansion might lead to negative

coherence values where the assumption of incoming signals being plane waves is not correct

and therefore the weighted coherence should be constrained to between 0 and 1.
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7.2.4 Perceived Di�useness of Silence?

The coherence is independent of level. Therefore what should the predicted di�useness be

in the case of silence? A good example is listening to music in a room with very quiet

background noise. Based on the coherence, when the music stops, the di�useness is then

estimated based on the background noise of the room and the measurement noise. This

is typically estimated to be highly di�use especially considering that measurement noise

is generally uncorrelated between channels. On one hand, background noise such as air

conditioning may well be perceived as di�use, however, in the context of spatial audio

and usable tools for production, the interesting di�useness estimation would be that of

the music and not the background noise. For this scenario, a gate should be applied to

the perceived di�useness estimation based on the overall level of the programme material.

However, this leads to missing data when there is little or no audio. If the goal is to

visualise the di�useness then the di�useness should only be displayed when the loudness

is assumed to be su�ciently high that the di�useness estimate is associated to the main

programme material and not background noise.

An arbitrary cut-o� of level of -50dB relative to the maximum peak level of the audio

could be considered quiet enough to be not part of the main content and therefore the

coherence of any windows that quiet would be irrelevant for any di�useness meter.

This is similar to the frequency dependent weighting based on the frequency content of

the material and could be combined into a perceptual loudness based weighting. However,

this issue is related to the macro dynamics of an audio scene rather than the instantaneous

frequency response of the scene and so is worth separating.

7.2.5 Window Length

Coherence is calculated in the STFT domain. Therefore the FFT window length needs to be

chosen carefully. Consider the following example: noise is played through one loudspeaker

of a stereo system and then delayed and played through the other loudspeaker. When this

delay is very short a single small source (phantom image) signal is perceived. If this delay

is very long (several seconds), then the human hearing system is unable to distinguish this

coherent pair of noise signals from uncorrelated noise signals as the auto-correlation of the

signals is very short and the delays very long.

The calculation of the coherence does this naturally. A delayed noise signal will be

coherent if the delay falls within the length of the FFT window and will be measured as

incoherent if the delayed version falls outside the FFT analysis window. Therefore the
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window length should be chosen to re�ect the perceptual time windowing of the human

hearing system. The experiments carried out so far are not heavily a�ected by the coherence

window length. The reverberation in the listening room will be a�ected by the choice of

coherence analysis window length as will moving o�-centre. However in both these cases

the choice of window length has only a small e�ect on the predicted di�useness values

and even less e�ect on the quality of the �t to the data as it forms a general bias rather

than an error. Therefore the coherence should be considered a valid prediction method for

di�useness even considering this previously unaccounted for variable. However, to make the

coherence generic, the analysis window length should match that of the perceptual window

length. The next experiment described in chapter 8 was used to tune this parameter

subjectively.

7.2.6 Microphone Spacing

The spatial coherence has been shown to �t the data well for the experiments conducted

so far. The coherence between points is a feature of the sound �eld. However, as human

beings, the sound �eld is only perceived through the signals at the ears of the listener.

Looking at the coherence function equation for a sound �eld composed of uncorrelated

plane waves from section 4.7,

γxy(f) =

(
1∑
A

N∑
n=1

An cos(kR sin(θn))

)2

+

(
1∑
A

N∑
n=1

An sin(kR sin(θn))

)2

(7.1)

This periodic function is highly dependent on the value R which is the spacing between

microphones. Because this function is periodic, this implies that any loudspeaker layout

is not di�use because at given frequencies, even uncorrelated signals will lead to a high

coherence between points. Equally, a pair of uncorrelated signals will have frequencies

at which the coherence is low and frequencies at which it is high. This is the case when

the microphones are replaced by the ears of a listener. However, the spacing R, although

approximately equivalent to the interaural distance, does not necessarily give the same

time delay between the signals as the ITD. For the spaced microphone case, the factor

that determines the coherence function is the delay between the two microphones for an

incoming plane wave given by τ = R cos(θ)/c. This determines whether the uncorrelated

plane waves will add to give a coherent microphone signals or incoherent microphone

signals. When the microphones are replaced by the head of a listener the time delay that
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determines whether the uncorrelated signals will add to be coherent between the ears or

incoherent is instead the ITD.

If the stimulus material is wide bandwidth noise, the entire periodic coherence function

is averaged to give a single value. Because the function is periodic, the average is more

related to the �duty cycle" of the function and not heavily biased by the speci�c microphone

spacing. However, if the frequency content of the material is considered, then the particular

frequencies of the peaks and notches in the coherence function becomes important and

should be accurately predicted.

This leads to two possibilities. Firstly, the coherence is calculated using binaural record-

ings which would include perfectly the ITD as the delay between microphone signal, or use

a microphone spacing that approximates the ITD.

Whilst the �rst option seems the most practical, it has been shown that head shadowing

e�ects seem to heavily bias the prediction of di�useness, especially at high frequencies, and

lead to a low di�useness prediction regardless of the stimulus. Conversely, the coherence

between microphone signals was shown to work well for at both 1 kHz and 8 kHz in the

previous experiment. Therefore in the metric presented at the end of this chapter, a spaced

microphone technique is recommended but using a microphone spacing that relates to the

ITD.

7.3 The Coherence-Based Metric

In this section the working of the metric is described and the factors from the previous sec-

tion implemented. The metric has been implemented in python using the VISR framework

developed as part of the S3A project on object-based audio (Franck and Fazi, 2018).

The �ow diagram for the visr implementation is shown in �gure 7.1. The python

code is shown in Appendix A and is available from https://git.soton.ac.uk/mpc1r13/

Diffusness_Meter.git.

The sound �eld is sampled using a pair of omnidirectional microphones separated by

0.17 cm. The signal is normalised giving an approximate reference maximum loudness to

allow the main material to be di�erentiated from the background noise at a later stage.

The audio is then split into windows. The FFT length is 512 samples at 48 kHz sampling

frequency was chosen based on the results of experiment 5 in chapter 8. Multiple FFTs

are required to obtain a good estimate for the coherence and so the calculated FFTs are

placed in a circular bu�er. The use of more windows allow for a more accurate estimate of
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Figure 7.1: Flow Diagram describing the perceived di�useness prediction metric.
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the coherence for a stationary signal but is less suitable for dynamic material with around

30 FFTs appearing to be a good middle ground.

The coherence between the two microphone signals is calculated for each input window

by normalising the squared cross-spectrum by the two auto-spectra. At this point the

coherence is known to be high at low frequencies. Therefore the coherence is normalised

such that the coherence ranges from zero to one at all frequencies. The minimum coherence

is calculated based on a pair of plane waves arriving from ±90◦ below 500 Hz and zero

above 500 Hz. The coherence has been found to not be linear with perception. Based

on the results of the following experiment in chapter 8, there is a non-linear relationship

between the coherence and the perceived di�useness. In the data for that experiment, a

power curve was used to �t the data and had the form axb + c. However the listeners did

not always use the full range of the scale. Therefore, the exponent of the function b can be

used to linearise the relation between the coherence and the perceived di�useness but also

normalise the range of possible coherence values to between zero and one. Zero for a sound

source that is composed of plane waves with the minimum possible coherence between the

microphone signals, and one for a single plane wave. Therefore in the metric, an exponent

of b = 4 is used to perceptually linearise the coherence.

Each of the 257 frequency bins has a coherence value that ranges from zero to one.

These FFT bins are linearly spaced in frequency and are then placed into sub-bands that

are equally spaced on the equivalent rectangular bandwidth scale that approximates the

critical bandwidth scale by adding the levels and averaging the coherences.

Each of the FFT bins and therefore each of the sub-bands has a coherence value. This

is independent of the level of the signal in that frequency bin or sub-band. Therefore, for

signals with a sparse frequency response, the coherence of the inactive frequency bands

would also be be included in the di�useness estimate. To avoid the coherence of inactive

frequencies a�ecting the di�useness estimate, a threshold of -15 dB relative to the most

active (highest level) sub-band is used to determine which bands should be included when

averaging across frequency. These coherence values are then averaged to give a single value

across all frequencies.

It was found that recorded background noise would be rated as highly di�use whereas

digital silence would be rated as extremely not di�use. In most cases it would be better

if these cases were displayed identically. Therefore, a second threshold of -70 dB relative

to maximum digital level�remembering that the input audio was normalised� is used to

distinguish between the main programme material and the background noise. It is this
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threshold that allows both of these cases to generate the same di�useness predictions. This

does lead to missing di�useness estimate values, but should mean that all the di�useness

values relate to the relevant programme material.

7.4 Summary

Experiments one to four all used very similar material. Material that is both stationary

and of a known bandwidth. From these �rst experiments, the spatial coherence between

spatially separated points was found to have a good �t to the majority of the data. However,

the spatial coherence is limited as it only describes the similarity between the signals but

is agnostic of factors such as the frequency content of the signal. In order to predict the

di�useness for a wider range of potential materials, a coherence-based metric was developed

that will provide the same good �t to the existing data, whilst also being more generally

appropriate for a other test materials.

The remaining issue is that for sound �elds such as reverberation, the resulting spatial

coherence value is highly dependent on the choice of analysis window length. Therefore,

experiment 5 was conducted to subjectively assess the optimal analysis window length to

be used in the metric.

This coherence-based metric is then tested in chapter 9 with both a subjective experi-

ment and data taken from the literature.
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Chapter 8

Experiment 5: Choice of Window

Length for Metric

8.1 Overview

Coherence based metrics look at the phase between subsequent windows. If the phase

di�erence between channels is consistent then the coherence is said to be high. However,

depending on the length of the windows under test the coherence value can vary greatly.

Figure 8.1 shows how the mean coherence value changes as the delay between the two

signals is increased. When the delay is zero, both signals are identical and the coherence

is high. As the delay increases, then the coherence decreases. When the delay is longer

than the analysis window length, then the coherence is zero even though the signals are

identical.

0 0.2 0.4 0.6 0.8 1
0

0.2

0.4

0.6

0.8

1

Figure 8.1: Mean coherence as a function of the delay between identical noise signals with
reference to the analysis window length (NFFT).
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In the context of perceptual audio, this is a good thing, as a delayed noise signal will

sound uncorrelated with the non-delayed version, and, if the delay is su�ciently large,

would not be di�erentiable from truly uncorrelated signals. Likewise two signals with very

short delay will be similar to having highly correlated sources. Therefore the time window

of the metric should be chosen to best match the perceptual time windowing.

For the stimuli from the previous experiments, the analysis window length has not had a

large e�ect on the coherence. However, to ensure a robust metric, the window length should

be chosen based on subjective results for stimuli for which the analysis window length is

critical. This experiment uses stimuli for which the coherence varies with analysis window

length to �nd the optimal window length to �t the coherence to the subjective perceived

di�useness. This should additionally allow the metric to be of use in architectural acoustics

where the length of the reverberation has a large e�ect on the perception of di�useness but

has no e�ect on the coherence if the measurement window is always too long (Jacobsen

and Roisin, 2000).

8.2 Stimuli

When measuring the coherence from previous experiments, the result was not dependent on

the analysis window length. This is because there is no time dependency to the correlation.

The method used to vary the ICCC was not time dependent and was just a linear sum of

uncorrelated signals.

In reverberation, all the re�ections are identical to the original signal but with a di�erent

level and phase. The coherence is therefore dependent on the analysis window. If the

analysis window is short, then the coherence will appear to be low because some of the

�delays� from the di�erence in path length for re�ections are large with respect to the

analysis window length. If the analysis window is long then all the �delays" are short

relative to the analysis window. Figure 8.1 shows how short delays with respect to the

NFFT length leads to a high coherence.

In order to subjectively optimise the analysis window length, the stimuli in this exper-

iment need to be chosen such that the measured coherence is dependent on the analysis

window. This is shown in more detail in section 8.7.

The stimuli were generated using noise bust decorrelation �lters

As with previous experiments, pink noise was chosen as the material as it is station-

ary, the energy is logarithmic with frequency�like human hearing�and can be completely

uncorrelated.
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A single pink noise source was decorrelated for each loudspeaker by convolving it with

di�erent, uncorrelated white noise bursts of variable length. This type of stimulus has co-

herence values that are highly dependent on the analysis window length and It was decided

to use both exponentially-windowed white noise and rectangularly-windowed white noise

as the decorrelation �lters. The exponential decay approximates reverberation whereas the

rectangular noise burst were used in way similar to Kendall (1995) where they are used

speci�cally as decorrelation �lters.

The total energy of the stimuli was maintained by scaling the amplitude of the decay

curve to match the energy of the rectangular window. However, there remains a build up of

the energy over the length of the decorrelation window at the beginning of the sample and

equally a decay at the end. These build ups and decays were removed leaving a stationary

noise signal with constant amplitude. Although the length of a reverberant tail in response

to an impulse may well be a salient point of the perception of di�useness in a concert hall,

for the purpose of this experiment, stationary signals are more appropriate and more easily

compared.

In previous experiments the spatial coherence was found to vary with loudspeaker

layout when using uncorrelated signals. Therefore the spatial coherence is dependent not

only on the length of the decorrelation �lters, but also on the loudspeaker layout used.

Therefore by including multiple loudspeaker layouts, then both of these e�ects can be

compared directly. The loudspeaker layouts of 5.0 and 12/12/13 were the lower and upper

di�useness layouts used in experiment 3 and so were also used in this experiment.

The white noise burst lengths were chosen following the results of informal listening

shown in table 8.1. A range of decorrelation �lter lengths were listened to and compared.

A marking of X denotes stimuli that were not di�use and equally di�use as having no

decorrelation applied. The stimuli marked with a Y were highly di�use and near indis-

tinguishable from being truly uncorrelated (by comparing the decorrelated stimulus with

signals generated with independent noise generators.) The �lter lengths in bold were cho-

sen for the experiment a they cover a good range of perceived di�usenesses for both layouts

and window shapes.

8.3 Listener Response Methodology

Once again a MUSHRA style listening test methodology was chosen allowing for quick

comparison of multiple stimuli especially where accurate relative ratings are more relevant

than unbiased absolute values for the di�useness.
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Decorrelation �lter Layout
length (seconds) 12/12/13 5.0

Exponential Rectangular Exponential Rectangular

0.001 X X X X
0.002 X X X X
0.005 X X X X

0.01 X X X X
0.02 X X X

0.05 X X
0.1 X

0.2
0.5 Y Y

1 Y Y Y
2 Y Y Y Y

5 Y Y Y Y
10 Y Y Y Y

Table 8.1: Informal pretest to choose decorrelation �lter lengths.

As in previous experiments, uncorrelated stereo was included as a low anchor. In this

case the layout 12/12/13 with uncorrelated pink noise was used as a high reference as this

is the has the lowest possible inter-channel cross-correlation.

Uncorrelated pink noise was generated using the dsp.ColoredNoise object in Matlab.

These signals are generated using independent random sequence generators to ensure a

correlation coe�cient of 0 (for a long sequence).

The user interface implemented in Matlab is shown in �gure 8.2. The buttons across

the top of the page would select and play a 2 s burst of the stimulus. The order of the

stimuli was randomised for every listener and repeat.

Figure 8.2: MUSHRA-style user interface used in experiment 5 implemented in Matlab.
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8.4 Reproduction System

The listening test was performed using the same reproduction system as the previous

experiments. The Audio Lab at the University of Southampton has an T60 of 0.12 s ±0.02

s in 1/3 octave bands between 125 Hz and 8 kHz and 39 Kef HS3001SE loudspeakers

mounted to the walls, �oor and ceiling equalised in 1/3 octave bands from 95 Hz to 20

kHz. Below 95 Hz a -24 dB per octave roll o� followed the approximate frequency response

of the loudspeakers. Digital delay was applied to each loudspeaker to compensate for the

di�ering propagation delays between the loudspeakers and the central listening position to

the nearest sample (the sampling frequency was 48 kHz throughout).

8.5 Subjects

The listening test was approved by the ethics and research governance committee (ID:

18709). This experiment was sat by a mixture of 8 experienced and 8 inexperienced

listeners. Experience was self reported and generally related to sitting previous listening

tests and/working in audio related subjects. All were either undergraduate or postgraduate

students at the University of Southampton with self reported normal hearing.

The most common responses following the experiment were that not many of the stimuli

fell into the middle of the scales and most listeners opted to use the extremes of the scale.

Some listeners mentioned in head localisation. All listener appeared to understand the

task and felt they were able to perform the task reliably.

8.6 Results

8.6.1 Post-screening

The average standard deviation between repeats was again used as measure of repeatability.

These are plotted in �gure 8.3. The standard deviation between repeats shows all listeners

to be su�ciently consistent when rating the same stimulus. The three repeats were then

averaged for each stimulus and listener and these results are shown in the box plot in �gure

8.4.

Figure 8.4 shows that listener 11 has several outliers and made ratings very di�erent

to other listeners and did not manage to detect the reference regularly. The listener may

have just misunderstood the task and therefore it is reasonable to exclude their data. In

all further analysis, listener 11 was excluded leaving 15 listeners.
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Figure 8.3: The average standard deviation between the three repeats for each stimulus.

Figure 8.4: Box plots for all listeners results (averaged across the three repeats). Outliers
are labelled with listener IDs.

8.6.2 Analysis

With listener 11 excluded the remainder of the data are displayed in the box plot in �gure

8.5.

Listener 6 seemed to consistently rate 5.0 as not di�use. Looking at their individual

ratings it was clear they tended towards using the extremes of the scales with very little

in the middle where the majority of listeners placed 5.0 as moderately di�use.

The �xed scale and use of references means that the full range of the scale is used.

This tends to mean the distribution for stimuli ranked at the top and the bottom of the

166



CHAPTER 8. EXPERIMENT 5: ANALYSIS WINDOW OPTIMISATION

Figure 8.5: Box plots of all data for consistent and congruent listeners averaged across the
three repeats. Outliers are labelled with listener IDs.

Layout Envelope X2 df p Kendall's W

5.0
Exponential 51.646 4 <0.0005 0.861
Rectangular 53.932 4 <0.0005 0.899

12/12/13
Exponential 38.896 4 <0.0005 0.648
Rectangular 47.279 4 <0.0005 0.788

Table 8.2: Friedman Tests showing the e�ect of �lter length for di�erent layouts and �lter
windows.

scale is skewed and not normally distributed. Therefore Friedman Tests and Wilcoxon

Signed Rank Tests are used to assess the statistical signi�cance of any factors. These tests

are shown in tables 8.2 and 8.3 for the e�ects of the decorrelation �lter length and the

decorrelation �lter envelope respectively.

The �lter length is signi�cant for both loudspeaker layouts and both �lter envelopes.

The di�erent �lter envelopes are signi�cantly di�erent for all but the shortest and longest

�lters. In other words, for the shortest �lters, there is little to no perceivable decorrelation

regardless of the �lter envelope. For mid-length �lters, there is a statistical di�erence.

But for very long �lters, the signals are indistinguishable from uncorrelated signals, again,

regardless of the �lter envelope.
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Loudspeaker Layout Filter Length /Seconds Z p

5.0

0.005 -1.306 0.191
0.02 -3.233 0.001

0.1 -3.408 0.001

0.5 -3.409 0.001

2 -3.045 0.002

12/12/13

0.005 -0.140 0.889
0.02 -2.104 0.035

0.1 -3.171 0.002

0.5 -3.408 0.001

2 -0.682 0.496

Table 8.3: Wilcoxon Signed Ranks Test comparing the e�ect of decorrelation �lter envelope
for di�erent loudspeaker layouts and �lter lengths.

8.6.3 Discussion

The mean ratings for all stimuli are shown in �gure 8.6.

Figure 8.6: Mean di�useness ratings for all stimuli.

On the right is the most decorrelated, on the left is the most correlated with the

shortest decorrelation window. As expected we see 5.0 is limited in the maximum perceived

di�useness due to the fewer loudspeakers reaching a maximum of around 50, although this

is more di�use than uncorrelated stereo.
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Layout Experiment 2 Experiment 3 Experiment 5

Stereo 12.2061 27.8403 27.5444
5.0 52.4242 72.1944 50.6889 3

12/12/13 79.8485 96.9722 99.3000

Table 8.4: Di�erences in ratings of the same stimuli between experiments. 3Technically
this stimulus was highly decorrelated and not truly uncorrelated although it is believed this
di�erence should be negligible based on the similarity between the ratings for the reference
12/12/13 and the 2 second rectangular decorrelated 12/12/13 in this experiment.

Also as expected the rectangular window can be shorter for the same perception of

decorrelation. The long rectangular decorrelation is nearly indistinguishable from truly

uncorrelated. It is possible that by providing an explicit reference, very slight changes

in the colouration allow listeners to di�erentiate the test stimuli even if the perceived

di�useness is nearly identical. As in experiment 3, when the correlation is high (in this

case due to short decorrelation �lters) the number of loudspeakers has no e�ect on the

perceived di�useness and both layouts are always rated not di�use.

8.6.4 Comparison of Coherence Measurements Between Experiments

Previous experiments have had similar stimuli, namely, uncorrelated stereo, 5.0 and 12/12/13.

Although uncorrelated 5.0 was not included in this test, the 2 second rectangular decorrela-

tion window should be very close to uncorrelated 5.0 considering that 2 second exponential

decay decorrelation converges to the same value. This allows some comparison between

experiments and reveal some interesting results.

The table 8.4 shows the mean values for uncorrelated stereo, 5.0 and 12/12/13 from

experiments 2, 3 and 5.

The main di�erence between experiment 2 and experiment 3 can be explained by the

lack of explicit reference in experiment 2 and the generally more di�use stimuli leading to

a shift in the ratings.

However, the di�erence between experiments 3 and 5 shows a di�erent issue. Here there

is a non-linear scaling between the di�erent experiments. With the reference available in

both experiments stereo and 12/12/13 are rated similarly in both experiments. However

5.0 is rated notably di�erently. This is likely due to stimulus spacing bias. For example

in experiment 3 there were many stimuli rated between the di�usenesses of stereo and 5.0.

In this experiment there are fewer stimuli in the same range. Therefore in experiment

3, 5.0 appears more di�use as there are more stimuli that it is more di�use than. This

highlights how these results should be taken as relative and may not be directly comparable

between experiments and they are not placed on a globally consistent scale. This is why it
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is important that the metric is able to �t a given curve within a single experiment but it

is less important to accurately match the values of the experiments between experiments

where the scaling may be di�erent.

8.7 Tuning the Metric: Choosing the Analysis Window Length

Using coherence as a metric for perceived di�useness means that�for the stimuli tested�the

prediction is dependent on the choice of analysis window length. The optimal choice of

window length is therefore the window that best �ts the data. In this section di�erent

window lengths are applied during the coherence calculation, the predictions are plotted

against the subjective data for each stimulus and a curve is �tted to the data.

The value of the prediction will vary with the choice of window length. However, the

important factor is the relative prediction between stimuli with the absolute value easily

scaled afterwards. i.e. it is less important that the average coherence of 0.5 responds to a

perceived di�useness of 50% because the perceptual scale is arbitrary. It is more important

that if one stimulus is perceived more di�use than another, then the metric re�ects this

regardless of whether the di�useness is due to the loudspeaker layout, the ICCC or the

decorrelation �lter length. The result can then be scaled and stretched afterwards to give

a prediction that is linear with perception.

Figure 8.7 shows the e�ect of running 2 di�erent stimuli through the di�useness metric

using di�erent analysis window lengths. The �rst stimulus is pink noise decorrelated using

convolution with exponentially-windowed noise. The second shows the same layout but

using truly uncorrelated noise. The stimuli decorrelated using noise tails is predicted

di�erently depending on the chosen window. In contrast the truly uncorrelated signal does

not change with the analysis window.

Figure 8.8 shows the coherence estimates made using di�erent powers of two plotted

against the perceived di�useness. For each analysis window length, a line of �t based on a

second order power curve was calculated and the �t to the data is plotted in table 8.5.

Window Adjusted R-sq

64 0.6142
128 0.8683
256 0.8835
512 0.8967
1024 0.8305
2048 0.7627

Table 8.5: Adjusted R-sq for a second order power curve �tting to the data of the form
axb + c for di�erent analysis window lengths.
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Figure 8.7: Coherence based di�useness predictions using di�erent analysis window lengths.
On the left 12/12/13 but with a single pink noise signals decorrelated using 0.02 s exponen-
tial decays of white noise to decorrelate between loudspeakers. On the right is 12/12/13
with uncorrelated signals.

Interestingly, although the window shape is statistically signi�cant, the coherence met-

ric combines the e�ects of window length and window shape with both decorrelation win-

dows falling on the same line regardless of the analysis window length.

From the data we see that 5.0 is approximately half as di�use as 12/12/13. Equally

we see that 12/12/13 with a rectangular decorrelation window of approximately 0.02 s

or an exponential decay of approximately 0.2 s are both equally as di�use as the highly

uncorrelated 5.0. The predicted di�useness is dependent on the analysis window if the

signal is arti�cially decorrelated. If the signals are truly decorrelated or the analysis window

is much shorter than the decorrelation window then the analysis window length is less

signi�cant. Therefore the technique to choose the correct window length is to �nd a

window length that scales the e�ect of the decorrelation length to the uncorrelated e�ect

(the layout change).

Using �t to the data as a method to demonstrate suitability of one window length over

another shows 256 or 512 to be the best window lengths to use. A length of 512 samples

equates to 10.6 ms considering the sample rate of 48 kHz. Figure 8.9 shows how this

window length relates to the coherence between two delayed identical white noise signals.

It is interesting to compare this window length with time constants reported in the

literature. For example, delays of less that 2 ms are considered highly coherent and this is

similar to the ±1 ms used in the IACC measurement, although the coherence features a

slower roll o� with delays greater than 6 ms also considered in the coherence-based di�use-

ness estimate. This window length of 512 samples is shorter than the 80 ms that relates

to the fusing of reverberation with the source when describing ASW and envelopment.
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Figure 8.8: Predicted di�useness using di�erent analysis window lengths.

The curvature of the line represents a non-linear relationship between the coherence

and perceived di�useness. This curvature, given by the exponenet of the line of �t, can

therefore be used to linearise the relationship between the coherence and the perceived

di�useness.
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Figure 8.9: Mean coherence as a function of delay between two identical white noise signals
when using the optimal analysis window length of 512 samples at a sampling frequency of
48 kHz.

8.8 Summary

This experiment was used to elicit subjective di�useness responded for a range of stimuli

for which their spatial coherence is dependent on the choice of analysis window length.

This allowed the coherence-based metric to be subjectively tuned. A window length of 512

samples for a sample rate of 48 kHz was the power of 2 analysis window length that gave

the best �t to the data and equates to 10.6 ms. This window length should allow the metric

to have some more usability for stimuli such as reverberation. It is at this window length

that the metric �ts the subjective data for changes in both the length of decorrelation �lter

and the changes in loudspeaker layout.

173



CHAPTER 8. EXPERIMENT 5: ANALYSIS WINDOW OPTIMISATION

174



Chapter 9

Testing The Metric

9.1 Overview

In this section the metric developed in chapter 7 is critically assessed to discover the

limitations and shortcomings of the metric.

This was achieved through an experiment that uses material that is more similar to the

type of material used in spatial audio, rather than the pink noise and band limited noise

stimuli used thus far.

9.2 Experiment 6: Testing �Real� Material

9.2.1 Overview

Up until this point all the stimuli have used pink noise or band limited noise and the metrics

have been tested on this type of stimulus. However in order to assess the usability of the

metric in more situations, it is important that it is investigated using more di�erent and

realistic material. In this experiment a range of stimuli materials are used. Some materials

are similar to that tested in previous experiments and some are chosen deliberately as

critical tests of the metric and thereby highlight the limitations of the metric.

It is worth reiterating at this point the decision to use the term envelopment in this

experiment rather than perceived di�useness (Section 2.5.1). The use of complex sound

scenes with multiple objects makes the use of the term perceived di�useness ambiguous.

Therefore, the term envelopment is used in this experiment in place of perceived di�useness.

On one hand, this change in nomenclature might reduce the e�ectiveness of any metric

based on experiments of perceived di�useness to predict the results of experimental data

collected about envelopment. But on the other hand, the term envelopment should be easier
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Material Notes

Radio Drama Ambience Distant background music, Sound e�ects 3

Pop Music Background Drums, percussion, guitar, piano 3

Reverberation Jazz Reverberation for piano and upright bass 3

Sports Crowd Recording of sports crowd 3

Pink Noise Uncorrelated pink noise as used in the other experiments
Rain Static rain recording decorrelated by delaying each loud-

speaker by a long delay (>10 s)

Table 9.1: Material for Experiment 6. 3Were provided as separate mixes for the separate
layouts by Francombe et al. (2018). The pink noise and rain stimuli were created using
uncorrelated loudspeaker feeds depending on the loudspeaker arrangement.

for listeners to rate for complex scenes as it can be considered a higher level attribute. The

di�erences arising from naming conventions can also be considered minimal due to the

similarity with which the two attributes are described.

9.2.2 Stimuli

In this experiment loudspeaker signals that are more realistic than the noise stimuli from

experiments 1 to 4 are tested. There are two categories to investigate. Firstly, the sorts

of real sound �elds that are highly physically di�use with examples being rain, audience

noise and reverberation. Secondly combinations of non-di�use sound sources, speci�cally,

multiple non-di�use sound sources that together form a potentially surrounding sound

scene.

For each material a range of loudspeaker layouts allows variable perceived di�useness

within each material to be compared to the inter-material di�erences.

The material for this experiment is described in table 9.1. The four materials marked

with a 3were provided by Francombe et al. (2018). In each case there were separate

mixes for three standardised loudspeaker layouts (ITU-R, 2014b), stereo, 5.0, and 22.0.

Each mix was engineered to be highly enveloping given the available loudspeaker layout.

Therefore the stereo and 5.0 stimuli were not simply downmixes of a 22.0 recording, but

instead standalone mixes for that native layout aimed at maximising envelopment. In

these materials the foreground elements such as narrators and soloists were very clearly

localisable and the main part of the scene. They also would appear and disappear meaning

the overall envelopment would likely change over time. For this experiment, to maintain

an approximately constant and static envelopment throughout the length of the clips,

only the background elements were used�where appropriate�and foreground elements were

removed. These foreground elements were the narrator in the radio drama; the voice and
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Material Gain in dB

Forest -4
Pop -6
Jazz 2
Sport 2

Pink Noise 0
Rain -6

Table 9.2: Gains used to match the loudness between materials. The same gains were used
for each loudspeaker layout.

�ute in the pop music, the direct sound in the jazz recording and the commentator in the

sports crowd example leaving the sources mentioned in the notes of table 9.1.

The additional two materials were instead systematically generated. Uncorrelated pink

noise was generated using the dsp.ColoredNoise object in Matlab. These signals are gener-

ated using independent random sequence generators to ensure a correlation coe�cient of 0

(for a long sequence). The rain was generated by dividing a single mono recording of rain

into multiple uncorrelated signals by means of a long delay (>10 s) between loudspeaker

signals.

Loudness between the layouts appeared fairly well matched. The loudness di�erences

between the materials was measured objectively by comparing the 22.0 mixes with the

22.0 pink noise stimulus. Because the loudness is not static it is not possible to match all

the loudnesses exactly but the following gains�in table 9.2�left no obvious di�erences in

overall loudness between the 22.0 mixes. Because the loudness di�erences between layouts

seem minimal the adjustment gains found for the 22.0 layout were also used for the other

2 layouts.

The combination of all six materials and three loudspeaker layouts in all combinations

led to 18 stimuli.

9.2.3 Listener Response Method

In this experiment the material is di�erent from that of previous experiments. Up to

this point the focus of the research has speci�cally been on di�use sound �elds. These

sound �elds are composed of a su�ciently large number of essentially uncorrelated signals

so that the sound �eld is perceived as a single, spatially large entity. In this experiment

complex sound scenes are included that are composed of both multiple concurrent and

localisable instruments/components as well as di�use components such as reverberation.

This di�erence necessitates the use of a di�erent description of the feature that will be

assessed subjectively by the listeners. The previous experiments used the term �perceived
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di�useness� primarily when asking for responses from listeners. The description of per-

ceived di�useness mentioned that something that is localisable is not di�use. However in a

complex sound scene, the individual elements may be localisable but may form together an

enveloping sound scene. Therefore, in this experiment the standard description of envel-

opment was used to avoid ambiguity when the sound �eld has both di�use and non-di�use

components. The more interesting element is the overall surroundingness of the sound �eld

rather than the listener's ability to pick out the di�use sound components in a complex

sound scene. The de�nition given to the listeners was,

�Envelopment may be heard when standing and listening to the rain hitting

the pavement; applause in a concert hall; atmosphere or air conditioning (room

tone). Being able to localise the source of the sound will decrease envelopment.

Holes (an absence of sound from a certain directions) would normally reduce

envelopment. Feeling the sound inside your head or as moving/unstable would

also usually be less enveloping.�

It was predicted that di�erences between the same materials might be easier to compare

than between di�erent materials. For this reason, on each page, stimuli were grouped by

material type. The order of the materials was still randomised and the order in which

the di�erent layouts were presented was also randomised for every material. However

the listeners would be able to compare the three di�erent versions of the same material

within the same page. Listeners were not informed of the di�erences between the three

loudspeaker layouts in an attempt to avoid bias.

Once again a MUSHRA style listening test was used in this experiment (�gure 9.1).

References were not used as it was not clear what the most enveloping stimulus might be.

In previous experiments, uncorrelated stereo was included as an anchor. In this experiment,

all stimuli �t across only two pages of MUSHRA and uncorrelated stereo was included as

a stimulus anyway for comparison of the data with the previous experiments. Equally,

including a hidden anchor, for example uncorrelated pink noise, on both pages would be

obviously di�erent to the other stimuli because the material is di�erent and therefore give

no additional information

The 18 stimuli were divided between two pages of MUSHRA each with 9 stimuli. The 9

stimuli on each page would be of 3 materials with each of the di�erent loudspeaker layouts

grouped together by colour. The order of the materials and the order of the layouts were

both randomised.

Three repeats for each stimulus led to a total of 54 ratings per person.
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Figure 9.1: MUSHRA-style user interface used in experiment 6 implemented in Max 6.1.

9.2.4 Reproduction System

For the �nal time the listening test was performed in the Audio Lab at the University of

Southampton with T60 of 0.12 s ±0.02 s in 1/3 octave bands between 125 Hz and 8 kHz.

As in the previous experiments, the 39 Kef HS3001SE loudspeakers were mounted to the

walls, �oor and ceiling and were equalised in 1/3 octave bands from 95 Hz to 20 kHz.

Below 95 Hz a -24 dB per octave roll o� followed the approximate frequency response of

the loudspeakers. Digital delay compensated for the di�ering propagation delays between

the loudspeakers and the central listening position to the nearest sample (the sampling

frequency was 48 kHz throughout).

9.2.5 Subjects

The listening test was approved by the ethics and research governance committee (ID:

18709). The listening test was sat by 7 postgraduate listeners from the University of

Southampton. All could be be considered to be expert listeners with previous experience

in listening tests with self reported normal hearing.

9.2.6 Results, Analysis and Discussion

All listeners were consistent between repeats of the same stimulus. The three repeats were

then averaged together to give a single rating for each stimulus from each listener. The

results are plotted in the box plot in �gure 9.2

179



CHAPTER 9. TESTING THE METRIC

Figure 9.2: Mean envelopment rating for each stimulus and listener. Outliers are labelled
with listener IDs.

Layout X2 df p Kendall's W

Stereo 9.025 5 0.108 0.258
5.0 16.5 5 0.006 0.471
22.0 20.517 5 0.001 0.586

Table 9.3: Friedman Tests showing the e�ect of the stimulus material for the di�erent
loudspeaker layouts.

The box plots show listener 3 to have a few outliers with Pink Noise and Rain in stereo

consistently rated s not enveloping by the other listeners. Listener 6 consistently rated the

forest recording as not enveloping, even at 22.0. Listener 6 commented that there were

sources that were easily localised and led to a low rating. However the pop music sample

was very similar and yet they rated that as more enveloping. No listeners were excluded

from the following analysis.

The boxplots show the data to be skewed for some stimuli. Therefore, Friedman Tests

are used to show signi�cant di�erences between stimuli.

Table 9.4 shows that the stimulus material is only a signi�cant factor for 5.0 and 22.0.

Table 9.3 shows the loudspeaker layout to be a signi�cant factor for all materials except

the Jazz.
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Material X2 df p Kendall's W

Forest 10.286 2 0.006 0.735
Pop 9.852 2 0.007 0.704
Jazz 5.429 2 0.066 0.388
Sport 12.286 2 0.002 0.878
Pink 13.556 2 0.001 0.968
Rain 12.074 2 0.002 0.862

Table 9.4: Friedman Tests showing the e�ect of the loudspeaker layout for the di�erent
stimulus materials.

Discussion

Although this listening test was designed primarily to test the metric with a variety of

material, the perceptual data are also interesting in and of itself. Therefore, the discussion

is split into two parts, the discussion on the perceptual data, and a discussion on the

suitability of the coherence for the prediction of envelopment for this range of material.

Overview of the Results

The means for all stimuli are plotted against the loudspeaker layout in �gure 9.3. As

expected, 22.0 was more enveloping than 5.0 which was in turn more enveloping than

stereo. Interestingly, we see this was the case for all stimuli except the pop music recording,

where 5.0 was rated as more enveloping. Of all the stimuli presented, 5.0 pop music was the

only stimulus that was notably louder than the other layouts for any of the materials. At

the time of planning the experiment, this was assumed to be negligible as the stimuli were

mixed to be of the same loudness originally. However, following the results, the residual

loudness di�erences that were overlooked would serve as explanation for this inconsistency.

For the 22.0 layout, the rain and pink noise are perceived as most enveloping. These

stimuli scale to larger layouts well with truly uncorrelated signals from all loudspeakers.

In some of the other materials, not all the loudspeakers are used depending on the mix.

Conversely, in stereo, the pink noise and rain materials are amongst the least enveloping.

Although the loudspeakers have a lower degree of correlation in the pink noise and rain

materials, they are perceived as less enveloping. A possible explanation is that the static

nature of these stimuli make them easier to localise to the front. Conversely material such

as a bird tweeting does not give enough information to distinguish the correct position on

the cone of confusion. Therefore, with no knowledge of the loudspeaker layout used, the

ambiguous position of �eeting sounds could create a greater sense of envelopment. A second

possibility is that the rain is expected to be all around and surrounding and therefore when

it appears from only the front it is considered less di�use than expected. The pop music
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Figure 9.3: Mean envelopment scores for all stimuli.

in comparison is expected to be in the front of the listener and therefore it is possible the

stereo sounds as enveloping as expected and by extension, more enveloping than the rain.

A third possibility is that the wide band static nature of the rain and pink noise stimuli

highlights the room e�ects more strongly than the more dynamic programme materials.

Factors such as comb �ltering are far more obvious with noise like stimuli than with the

dynamic materials. With more loudspeakers this becomes less obvious and therefore the

more obvious comb �ltering may lead to a assumption of fewer sources and therefore a

lower amount of envelopment.

The only material that was not rated signi�cantly di�erently for the three loudspeaker

layouts was the jazz. This was interestingly rated the most enveloping in stereo but the

least enveloping for 22.0. It is possible this is a combination of 2 factors. Firstly, the

reverberation in the stereo recording gives a sense of space (even with only 2 loudspeakers)

leading to a high rating. However, with loudspeaker layouts with rear channels, these

channels are only used for reverberation with the main instruments remaining in the frontal

area. In this way the distribution of sources varies less for the Jazz than for the other

materials. This leads to a lower rating at 22.0
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Comparison of the Results with the Coherence Metric

The stimuli were recorded using a pair of A B&K free-�eld microphones type 4190 with

B&K preampli�ers type 2669 separated by 17 cm at the listening position. These signals

were run through the di�useness metric described in chapter 7 and the results plotted

against the subjective envelopment scores in �gure 9.4.
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Figure 9.4: Mean envelopment scores for all stimuli plotted against coherence-based dif-
fuseness prediction. Line of �t to the noise like stimuli (Sport, Pink Noise and Rain) with
adjusted r-squared �t of 0.8967.

At �rst glance the correlation is poor. Looking at speci�cally the pink noise and rain

samples we see the positive correlation expected as the number of loudspeakers increases

and the perceived envelopment increases. For the pink noise this is the trend observed in

experiment 2. The rain is a very similar material. It is noise like and highly uncorrelated

between loudspeakers. The sports crowd noise follows a similar trend and is estimated

surprisingly di�use for 22.0 considering that the pink noise and rain are truly uncorrelated

between loudspeakers. Considering only these three materials, the �t to the data is good

with an adjusted r-squared of 0.8967.

The pop music recording which has multiple point sources is predicted not di�use for

all loudspeaker layouts.

The forest recording is also predicted low except for the 22.0 layout. Interestingly, the

majority of the mixes were very consistent with all instruments equally loud between the

di�erent loudspeaker layouts, however the 22.0 mix of the forest has a notably quieter

�ute. The �ute is a particularly tonal and appears to have a large e�ect on the di�useness

metric although perceptually the 22.0 mix is only slightly more enveloping.
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The jazz is also predicted low with 5.0 strangely lower than both stereo and 22.0. This

appears to correspond to a strange e�ect in the recording where the 5.0 mix appears to

have the piano o� to the side. It is not immediately clear why this is in the binaural

recordings and why this did not a�ect the rating of di�useness if it was clearly o�-centre.

Equally why this o�-centre piano would a�ect the of di�useness any di�erently to having

the piano on-centre.

It is clear that the metric is unable to predict the envelopment in cases where the

sound �eld is comprised of multiple spatially separated signals. These are sound �elds with

multiple localisable components that, on their own may not be considered enveloping, but

together form an enveloping scene.

Whilst this does appear to be a poor �t to the data, the stimuli tested here are designed

to be highly enveloping. The mixes were created to the remit of being maximally envelop-

ing. Including less enveloping mixes or mono for example would interrogate more the range

of possible envelopment levels as well as the range of the metric. This would likely show

a higher correlation with the metric. Equally, if the question had been rephrased and

localisable scenes rated as not di�use, there would again be likely better correlation.

9.2.7 Summary

In this experiment the limitations of the metric were found. Whilst the metric appeared

somewhat successful when the material was similar to the material of the previous exper-

iments, complex sound scenes composed of non-di�use components were underestimated.

The metric likely has value for monitoring the di�useness of the sound �eld components

but may not be suited to the overall envelopment of a recording. A sound �eld that has

a high coherence-based di�useness estimation is likely highly enveloping, but a sound �eld

that has a low coherence-based di�useness estimation is not necessarily not enveloping

although it does indicate it is at least composed of non-di�use elements.

The di�erence between the static stimuli and the dynamic stimuli shows an interesting

further limitation of the metric at the current stage. Although there is less correlation

between loudspeakers in the stereo static stimuli, they are rated as less enveloping. This

material dependence could be related to a higher cognitive level of perception and may

therefore not be possible to predict from simple measurements of the sound �eld. Any time

varying dependences are not easily captured from the frequency domain based coherence

metric.
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Whilst these speci�c cases highlight some of the limitations of the metric, the metric

still has many advantages over other methods of predicting the perceived di�useness. The

spatial coherence was found throughout experiments 2 to 5 to have a high correlation with

the subjective data and the metric that was developed based on the coherence, maintains

this good agreement with the subjective di�useness.
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Chapter 10

Di�use Sound in Object-Based Audio

10.1 Overview

In this chapter the results of the experiments and the coherence-based metric are described

in the context of spatial audio practice and with reference to object-based audio.

The spatial coherence is a parameter of the sound �eld evaluated at the listening

position. This has been found to, in general, correlate well with perception. Because

the spatial coherence has an analytical solution, it is possible to determine the factors that

a�ect the shape of the spatial coherence curve and equally, this allow optimisation of the

spatial audio reproduction chain. This minimisation process allows some recommendations

to be made regarding loudspeaker layouts, loudspeaker signal processing and microphone

techniques for minimising the spatial coherence in an attempt to maximise the perceived

di�useness.

Whilst it is outside the scope of this thesis to evaluate these techniques subjectively,

initial informal listening suggests that there is some advantage to these techniques to

increase the sense of perceived di�useness.

Firstly, the analytical function for the coherence is reintroduced and decomposed to

demonstrate how it may be possible to minimise the spatial coherence. This thinking can

then be applied to di�erent parts of the spatial audio signal chain to show how the spatial

coherence might be best minimised.

187



CHAPTER 10. DIFFUSE SOUND IN OBJECT-BASED AUDIO

10.2 Minimising the Coherence

Firstly, back in in equation 4.4 in section 4.7, an analytical function of the coherence γxy(f)

was described for uncorrelated loudspeaker signals.

γxy(f) =

(
1∑
A

N∑
n=1

An cos(kR sin(θn))

)2

+

(
1∑
A

N∑
n=1

An sin(kR sin(θn))

)2

(10.1)

Where k is the wavenumber, R the distance between measurement points,N the number

of loudspeakers andAn and θn are the linear gain and angle to the median plane respectively

for the n-th loudspeaker.

For the sake simpli�cation, if the signals are assumed to be of the same amplitude (i.e.

An = 1/N to maintain overall level), then the equation becomes,

γxy(f) =

(
1

N

N∑
n=1

cos(kR sin(θn))

)2

+

(
1

N

N∑
n=1

sin(kR sin(θn))

)2

(10.2)

This coherence function is a sum of cosines squared plus a sum of sines squared. To

minimise the coherence, �rstly the sine component is removed by using any pairs of loud-

speakers positioned symmetrically about the median plane. For example using a pair of

loudspeakers at ±θ◦ allows,

(
1

N

N∑
n=1

sin(kR sin(θn))

)2

(10.3)

to become,

(
1

2
(sin(kR sin(θ)) + sin(kR sin(−θ)))

)2

= 0 (10.4)

However the cosines part of the coherence function cannot fully cancel out. In the

theoretical di�use sound �eld with an in�nite number of uncorrelated plane waves, these

cosines will cancel at higher frequencies leading to the coherence of (sin(kR)/kR)2. How-

ever, for signals reproduced by loudspeakers, there are a �nite number of �plane" waves and

therefore the coherence function will always be periodic. The cosine part of the coherence

function, given by,

(
1

N

N∑
n=1

cos(kR sin(θn))

)2

(10.5)
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can be minimised for a given frequency, but not for all frequencies.

10.3 Loudspeaker Positions

Minimising the coherence function across all frequencies requires many loudspeakers. The

periodic coherence function will, by de�nition be high at low frequencies and also equal

one periodically.

However, for a given narrow bandwidth frequency, the coherence can be minimised or

even zero using only a pair of loudspeakers. By using a pair of loudspeakers symetrically

about the median plane, the coherence can be minimised by minimising,

(
1

N

N∑
n=1

cos(kR sin(θn))

)2

(10.6)

This can be achieved if,

kR sin(θn) = nπ (10.7)

where n is an odd integer. Therefore, at high frequencies, a pair of loudspeakers

positioned at ±θ where θ is given by,

θ = sin−1
( nπ

2kR

)
(10.8)

= sin−1
(
nc

4fR

)
(10.9)

will theoretically produce microphone signals with a coherence of zero.

However, there is only a valid value for θ when 4fR ≥ c where c is the speed of sound.

This means that below a frequency of c/4R, the coherence must be greater than zero. For

a head diameter of R = 17 cm and a speed of sound of 340 ms−1, the coherence below 500

Hz will always be greater than zero�when using uncorrelated plane waves.

Figure 10.1 shows the angle from the median plane for a pair of uncorrelated narrow

band signals to give a coherence of 0.

The span angle of the loudspeakers to minimise coherence is interestingly equivalent to

the distribution of an Optimal Source Distribution (OSD) transaural array from Takeuchi

and Nelson (2002). Although in this case the distribution leads to low inter-microphone

coherence rather than the purpose of OSD, which is one of e�ciency when using transaural

�lters.
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Figure 10.1: Optimal source distribution. Equivalent to the angle from the median plane
to create a minimal coherence between spatially separated microphone signals separated
by 17 cm.

Whilst these �ndings are of interest and are useful, they simultaneously highlight some

limitations or peculiarities of the coherence as a metric of di�useness. The coherence

function only depends on the angle to the median plane. Therefore any coherence function

relating to a given 3D loudspeaker layout could also be generated by an equivalent layout

constrained to an arc of loudspeakers from 0 to 180 from the inter-microphone axis. This

seems to suggest that 3D loudspeaker layouts have no bene�t over loudspeaker layouts

that cover a single arc. If head rotation is considered, then the advantage of a 2D layout

of loudspeakers over a single arc is apparent. However, because head rotation is usually

only considered in a single axis, there is still no obvious advantage for 3D layouts that were

found to be signi�cantly more di�use than the most di�use 2D layout in experiment 2 but

appear to have no bene�t to reducing coherence. Because listeners can move their head,

and 3D layouts are more perceptually di�use than a pair of loudspeakers, the coherence at

one head orientation is not su�cient to explain the whole perception of di�useness.

Another point is that, the minimum coherence at low frequencies is given by a pair

of loudspeakers at ±90◦. This coherence value is less coherent than the coherence of a

theoretical di�use sound �eld. This implies that either the di�useness estimation should

be taken with reference to the coherence of the theoretical di�use sound �eld, or the using

a pair of loudspeakers at ±90◦ is more perceptually di�use than even a theoretical di�use

sound �eld. Whilst this would only be the case for a single head orientation, if head rotation

is included but limited to the horizontal plane, then a 2D di�use sound �eld would render

a lower coherence than a 3D di�use sound �eld for all head angles. A 2D di�use �eld leads
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to a coherence between spatially separated microphones of J0(kR) where J0 is the zero-

th order Bessel function; which is lower than the coherence of a 3D di�use �eld given by

(sin(kR)/kR)2. This seems to be in contrast to the results that showed increased perceived

di�useness for 3D loudspeaker layouts.

10.4 Loudspeaker Panning

The previous section derived the optimal layout of loudspeakers to minimise the coherence

at a given frequency. In reality, a more likely scenario is that the loudspeaker layout is

�xed and there are a number of di�use sound �eld components that should be mapped to

loudspeakers.

For a given loudspeaker layout and a given number of di�use sound �eld components

the signals can be panned to minimise the coherence and thereby to maximise the perceived

di�useness. Additionally, the input signals can be split into narrow frequency bands and

these panned di�erently. This method allows for optimal panning of sources to minimise

the coherence whilst using fewer input signals then the number of loudspeakers and no

decorrelation (which would add artefacts).

The minimisation of the coherence should be done in combination with some additional

metric that seeks to maximise the diversity of loudspeakers used in order to avoid the

optimisation only working for a single listener orientation. This could be achieved by

using an algorithm that attempts to reduce the coherence but for a wide variety of head

rotation angles.

10.5 Microphone Techniques

To minimise the coherence the correlation between the loudspeaker signals needs to be

minimal. This can usually be achieved using spaced microphone techniques where the wide

spacing allows low correlation between parts of the sound �eld and therefore low correlation

between loudspeaker signals. Low correlation is also possible using ambisonic recording

techniques. If the sound �eld being recorded is di�use, then the di�erent components of

the the ambisonic recording should also be uncorrelated. Typically, virtual microphones

are used to render ambisonic material to loudspeakers. However this will tend to add

correlation between loudspeakers. Using the raw ambisonics components should retain the

low correlation, and if the source was di�use to begin with, should not degrade the spatial

components of the recording.
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10.6 Summary

In summary, low spatial coherence has been found to correlate well the perception of

di�useness. The spatial coherence has an analytical solution that can be used to minimise

the spatial coherence depending on the constraints of the system. Low correlation between

loudspeakers is the most important factor and an assumption of the analytical model.

This leads to recommendations for microphone techniques and capturing methods. Then

based on the model, either the positions of the loudspeakers or the panning of frequency

components between loudspeakers can be exploited to minimise the spatial coherence with

the goal of maximising the perceived di�useness.
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Chapter 11

Conclusions

In this chapter, the results and �ndings of this research are summarised. The topic of

di�useness in relation to object-based audio is explained, the �ndings are highlighted and

the remaining issues that could be used as the basis for future research are covered in the

�nal section

11.1 Thoughts on Di�useness

The goal of this research was to investigate how di�use sound �elds are perceived and

how that relates to object-based spatial audio. A di�use sound �eld proposes a particular

challenge in spatial audio and one with no obvious solution. This section covers some of

the main outcomes of this research. Subjective experiments generated new data�subjective

and objective�which has led to a deeper understanding of the perception of di�useness and

informed the design of a new metric, based on the spatial coherence for predicting the

perceived di�useness.

The �rst issue comes with de�ning a di�use sound �eld. A genuinely di�use sound �eld

does not exist in the real world. It would have to be generated by an in�nite number of

uncorrelated plane waves from all directions simultaneously. It is one that is completely

homogeneous and isotropic. Whilst impossible in reality, it has mathematical properties

that make it very useful for making measurements; is a good approximation of several

realistic sound �elds and also represents the upper limit of the type fo sound �eld that is

so di�cult to reproduce accurately in spatial audio.

The second issue comes with de�ning a partially di�use sound �eld. A sound �eld is

also only di�use or not di�use. To be di�use it must be both homogeneous and isotropic

and any deviation from either of these conditions means the sound �eld is not di�use.
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Sound �elds such as late reverberation, crowd noise or rain are often described as di�use

and might have properties similar to the theoretical di�use sound �eld, but they are not

truly di�use. In the case of reverberation, the re�ections are all correlated with each other

and so the sound �eld is not truly di�use. The noise of a large crowd or rain is uncorrelated,

but there are not an in�nite number of uncorrelated signals and not from all directions

simultaneously. For these sound �elds, there is a degree of di�useness, but di�useness is

extremely ambiguous. One sound �eld may be homogeneous but not isotropic and another

might be isotropic but not homogeneous. It is impossible to determine which of these two

sound �elds is more or less di�use because the factor of di�useness is multidimensional. In

this research though, the factor of sound �eld di�useness is secondary to the perception

of the sound �eld. Listeners were asked how similar they thought the sound to a di�use

sound �eld in terms of its spatial impression. The average response from a set of listeners

is once again one dimensional as listeners combine the di�erences they hear into a single

rating of perceptual di�useness. Therefore, in this research, the multidimensionality of

di�useness was investigated over a series of listening tests with each experiment eliciting

both the subjective perceived di�useness but also objective measurements of the sound

�eld.

The subjective data was analysed and revealed several factors relating to the percep-

tion of di�useness. The �rst two experiments investigated how the isotropy of the sound

�eld a�ected the perceived di�useness. As expected, a greater number of loudspeakers pro-

duces a more subjectively di�use sound �eld. Three-dimensional loudspeaker layouts have

the potential to be more perceptually di�use than two-dimensional layouts. Whilst it is

important to have loudspeakers from all directions, standardised loudspeaker layouts that

tend to have more loudspeakers in the frontal direction were not notably less perceptually

di�use thank more evenly distributed layouts.

Although the isotropy of the sound �eld was found to be important to the perception

of di�useness, it was not the only factor. In the third experiment, by varying the Inter-

Channel Correlation Coe�cient (ICCC), the similarity between loudspeaker signals could

be varied and the homogeneity of the sound �eld varied whilst maintaining the isotropy.

This was found to be highly important to the perception of di�useness. Stimuli with

high ICCC were rated as not di�use independently of the number of loudspeakers. A

loudspeaker system with 37 loudspeakers was rated as less di�use than uncorrelated stereo

highlighting why more loudspeakers does not necessarily guarantee high di�useness
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Whilst the ICCC experiment highlighted the importance of high isotropy towards a

high perception of di�useness, the human hearing system is limited to its two sensors,

the ears. The limited separation of the ears means that the isotropy and homogeneity of

the sound �eld have a di�erent e�ect on the signals at the ears of a listener at di�erent

frequencies. The wavelength of the sound can be much longer than the ear separation or

much shorter. This was predicted to have a large e�ect on the perception of di�useness.

However, it was found in experiment 4 that at all frequencies the ICCC had the same e�ect

on the perceived di�useness.

During all of these listening tests objective measurements of the sound �eld were taken.

Metrics that only consider either the homogeneity or the isotropy were found to be insuf-

�cient to predict all the subjective data. This led to the realisation that a metric of

di�useness must include both the homogeneity and also the isotropy of the sound �eld

at the listening position. The coherence between spatially separated points was therefore

employed as a metric of di�useness as it factors both the homogeneity of the sound �eld

and the isotropy. By using a microphone spacing akin to the separation of the ears, the

coherence is based on pseudo-binaural signals that re�ect the way in which the individual

loudspeaker signals combine at the ears of a listener. Interestingly, the coherence is a func-

tion that determines how similar the signals at the ears of a listener are. As a sound wave

approaches a listener it is heard by both ears. In a stereo system, the sound from the left

speaker goes to both ears as does the signal from the right loudspeaker. This loudspeaker

system does not deliver the two signals to the ears separately, instead it is the summation

of the left and right loudspeaker signals at both ears of the listener that contributed to

the perceived sound �eld and the given spatial impression. In a di�use sound �eld, at mid

and high frequencies, there are enough incoming plane waves from all directions that the

signals at the ears are highly uncorrelated, even though individually all the incoming plane

waves are heard by both left and right ears, the culmination of all the in�nite plane waves

from all directions, the ear signals are uncorrelated. Whilst the coherence metric could

have been developed to use binaural recordings, it was found that the head-shadowing at

higher frequencies led to a low coherence and therefore high di�useness estimate at high

frequencies despite the results of experiment 4 indicating that the perception of di�useness

at high frequencies was similar to that at low and mid frequencies.

Using the coherence as a metric of di�useness was found to �t the data well, but

also there were limitations of the coherence. Therefore a di�useness metric based on the
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coherence was developed to avoid these likely pitfalls and the algorithm implemented in

python using the VISR framework allowing the model can be used in real-time or o�ine.

The algorithm takes spaced microphone recordings of a sound �eld and calculates the

coherence. The minimum coherence is limited by the separation of the microphones but

the separation should be chosen to represent the ITD of a listener (17 cm). Therefore at

low frequencies the coherence function is normalised using the range of possible coherence

values based on the summation of plane-waves. This leads to a value between zero and one

at all frequencies with zero representing the lowest possible coherence and one representing

a single plane-wave. The coherence is calculated in the FFT domain and is therefore linear

with frequency meaning averaging across frequency gives unfair weighting to the higher

frequency coe�cients. Therefore the coherence is divided into frequency sub-bands that

lie on the equivalent rectangular bandwidth scale. The coherence is independent of the

loudness of the frequency band or the time window and therefore the coherence is weighted

based on the frequency content of the input signals but also the loudness of the input

signal. This averaged coherence gives an estimated di�useness between zero and one for

each window. The algorithm was designed to make the coherence metric robust to a range

of input signals.

One of the components of the coherence-based metric that required particular attention

and could not be approximated was the choice of analysis window length. For particular

stimuli that have a strong dependence on time delays or long �lter lengths�for example

reverberation�the coherence depends on the length of the analysis window. Therefore a

subjective experiment was conducted using analysis window sensitive material to determine

the optimal window length for the coherence-based di�useness metric. This was found to

be 512 samples at a sampling frequency of 48 kHz.

The metric was then tested using some auditory scenes that are more realistic to the

types of content in a broadcast environment. In these experiment the coherence-based

metric was found to predict well the di�useness for the type of stimulus that it was trained

with, however material that had multiple discrete non-di�use components was perceived

as enveloping by the listener although was predicted as not di�use by the metric. This

appears to a be the main limitation of the metric. Whilst the metric is likely of use for

material that is surrounding and perceived as a single entity, it is a poor predictor of

envelopment for more complex scenes. However, it is likely that the di�useness metric

would serve as a component of a more complex envelopment meter.
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The coherence-based metric could well serve as a standalone tool for use in production

environment for monitoring di�useness. However the nature of the coherence as the ba-

sis for the metric also allows some recommendations to be made for object-based audio.

Firstly, methods of recording di�use sound �elds, reproducing di�use sound �elds using

loudspeakers or generating perceptually di�use sound �elds based on decorrelation or pan-

ning have been discussed. It also highlighted some of the inherent di�culties when trying

to take a non-di�use source and make it di�use. For example, tonal sources cannot be

di�use according to the metric and therefore decorrelation algorithms should be developed

that minimise the audible artefacts when the di�useness of the source is limited by its

type.

For the factors tested over the course of this research, the coherence based-metric has

provided a good degree of correlation with the subjective data. However, there are still a

range of factors that were not investigated and the coherence has features that could not

have been investigated in the available time. The following section provides some basis for

the work that has not been investigated yet and could provide the basis for future research.

11.2 Possible Future Subjective Experiments

The ability of a loudspeaker system to reproduce di�use sound �elds is important when

trying to create surrounding and enveloping sound �elds. The metric that was developed

based on the research described in this thesis provides a starting point for the optimisation

of object-based audio. Ideally this metric would provide the perceived di�useness for

all stimuli with 100% accuracy. There would be no need to run subjective di�useness

experiments. From this research it was possible to make some initial recommendations for

how to reproduce di�use sound �elds. However, the metric is not perfect in all conditions

and there remain unanswered questions.

Firstly there are known limitations of the metric. Low frequencies are always coherent

and yet have variable perceived di�useness. There is scope to investigate this phenomenon

in more detail. It is likely that at low frequencies there may be a better metric to predict

perceived di�useness, and adding this to a hybrid model would improve the generality

of the metric. Similarly there are the stimuli that were poorly predicted in chapter 9.

Complex scenes composed of multiple localisable sources or high frequency components

that do not come from all directions were poorly estimated and there is further scope to

re�ne the metric. Additionally, components of the metric such as the frequency based
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weighting and the silence detection could be more re�ned and based on loudness weighting

rather than arbitrary cut-o� thresholds.

Secondly, there are several factors that have not been tested at all as yet. For example,

the early experiments used wide bandwidth noise to investigate the perceived di�useness

in a controlled manner. The later experiments used realistic material, however one variable

not investigated in the earlier experiments was the e�ect of bandwidth. This was fond to

be relevant by Santala and Pulkki (2011) but the coherence is not bandwidth dependent.

Therefore an experiment that combined the factors of centre frequency and bandwidth

would provide a fuller picture for a wider range of stimuli.

Similarly, in experiment 3, variable decorrelation was achieved by combining a global

correlated signal with uncorrelated signals to generate variable correlation. However, re-

ferring back to section 5.2.2, the method of decorrelation used was just one of four ways

proposed in that section. There are several other methods for getting variable correlation

that could be closer to real world signals. Especially where adjacent loudspeakers are

highly correlated but spatially separated loudspeakers have lower correlation. This leads

to a complex inter-loudspeaker correlation coe�cient matrix that has more than the single

variable of inter-channel correlation coe�cient. It is not clear how a di�erent method of

achieving variable inter-channel correlation might a�ect both the perception of di�use-

ness and the coherence-based metric. An experiment that compared di�erent methods of

decorrelation could provide some additional insight.

Additionally, the �ndings of this research could be assessed critically. For example, the

coherence was found to be the best metric of perceived di�useness. however, the spatial

coherence assumes that sources in the same cone-of-confusion are equivalent. This implies

that any loudspeaker layout that is rotationally symmetrical about the interaural axis is

equivalent in terms of perceived di�useness. An interesting further experiment would be to

create loudspeaker layouts that are rotationally symmetric and then restrict head rotation

for some stimuli and allow head rotation for others. This would allow this counter-intuitive

feature of the metric to be tested and give further insight into the role of head rotation in

the perception of di�useness.

Finally, the coherence-based metric can be used to design optimal di�use sound �eld

capture, processing and reproduction. Subjective testing of any capture or reproduction

based on this metric would allow for highly critical assessment of the metric whilst poten-

tially providing usable tools based on subjective research for use by spatial audio engineers.
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The metric provides a better estimate than existing tools and it's simplicity allows for

development of further spatial audio tools. However, the metric is not perfect. There are

areas in which it can be improved, there are areas in which it has not yet been tested, and

there are areas in the spatial audio signal chain where this metric can be implemented to

maximise the perception of di�useness.
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Glossary

IACC - InterAural Cross-correlation Coe�cient

IACF - InterAural Cross-correlation Coe�cient Function

ICCC - Inter-Channel Correlation Coe�cient

HF - High Frequency

LF - Low Frequency

ASW - Apparent/Auditory Source Width

LEV - Listener EnVelopment

HRTF - Head-Related-Transfer-Function

ISLD - Inter-Subset Level Di�erence

ISCLD - Inter-Subset Channel Level Di�erence

LEDT - Lateral Early Decay Time

IAD - InterAural Di�erence

FFT - Fast Fourier Transform

STFT - Short-Time Fourier Transform

d.c - Direct Current

BIFS - Binary Information For Scenes/ BInary Format for Scenes

AABIFS - Advanced Audio BInary Format for Scenes.

VRML - Virtual Reality Modelling Language

VBAP - Vector Based Amplitude Panning
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SPL - Sound Pressure Level

ANOVA - ANalysis Of VAriance

p - Pressure

−→u - Particle Velocity

−→
I - Intensity Vector

k - Wave Number

E - Energy

A - Area

θ - Azimuth

φ - Elevation

〈〉 - Time averaging

R - Microphone Spacing

〈〉 - Time averaging

c - Speed of Sound

ρxy - Cross-correlation Coe�cient

Rxy - Cross-correlation

Sxy - 2-sided Cross-spectrum

Sxx - 2-sided Auto-spectrum

Gxy - 1-sided Cross-spectrum

Gxx - 1-sided Auto-spectrum

p - p-value
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Appendix A

Code

This code, written in python, estimates the perceived di�useness of a spaced microphone

input signal. The microphones should be placed at a separation of 17 cm at the listening

position. The code is implemented as a VISR atomic component and outputs both the

di�useness estimated for each incoming bu�er, but also the level which is used as a threshold

between the main audio material and the background noise. This therefore requires the

appropriate VISR python libraries that will, in the future, be made available to the public

as part of the S3A project.

# −∗− coding : u t f−8 −∗−

"""

g i t r e p o s i t o r y : h t t p s :// g i t . soton . ac . uk/mpc1r13/Dif fusness_Meter .

g i t

@author : Michael Cousins

"""

# Template f o r an atomic component t h a t t a k e s in an audio s i g n a l

and ou tpu t s a stream of d i f f u s e n e s s va l u e s .

# %% Module imports

import v i s r # Core VISR module , d e f i n e s components and por t s

import pml # Parameter message l i b r a r y , d e f i n e s s tandard

parameter t ype s and communication p r o t o c o l s .

# Python standard l i b r a r y c a l l s .
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import numpy as np

# De f i n i t i on o f a component .

# The c l a s s i s de r i v ed from the VISR base c l a s s AtomicComponent ,

t h a t means t ha t

# i t s f unc t i on i s implemented in code ( b a s i c a l l y in the proces s ( )

method )

class Di f fu senes sMete r ( v i s r . AtomicComponent ) :

# Def ines the cons t ruc t o r t ha t c r e a t e s an Di f fusenessMeter .

def __init__( s e l f , context , name , parent ,

numberOfChannels ,

audioOut = True ) :

# Cal l the base c l a s s cons t ruc t o r

super ( Di f fusenessMeter , s e l f ) . __init__( context , name , parent )

# Define an audio input por t wi th name "audioIn " and width (

number o f s i g n a l waveforms ) numberOfChannels

s e l f . audioInput = v i s r . AudioInputFloat ( " audioIn " , s e l f ,

numberOfChannels )

# I f the op t ion i s se t , add an audio output to put out the input

s i g n a l s

# Some audio i n t e r f a c e s don ' t l i k e c on f i g s wi th no ou tpu t s .

i f audioOut :

s e l f . audioOutput = v i s r . AudioOutputFloat ( "audioOut" , s e l f ,

numberOfChannels )

else :

s e l f . audioOutput = None

# Define a parameter output por t wi th type "F loa t " and

communication p ro t o co l "MessageQueue"

# MessageQueue means t ha t a l l computed data are ho ld in a f i r s t −

in−f i r s t −out queue ,

# which decoup l e s the parameter update ra t e from the b u f f e r s i z e .
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s e l f . d i f f u s ene s sOut = v i s r . ParameterOutput ( " d i f f u s ene s sOut " ,

s e l f , pml . Float . stat icType , pml . MessageQueueProtocol .

s tat icType , pml . EmptyParameterConfig ( ) )

s e l f . l eve lOut = v i s r . ParameterOutput ( " l eve lOut " , s e l f , pml . Float

. stat icType , pml . MessageQueueProtocol . s tat icType , pml .

EmptyParameterConfig ( ) )

# %% Setup data used in the proces s ( ) f unc t i on .

# Round the measurement per iod to the next mu l t i p l e o f the b u f f e r

per iod

s e l f . numWin = 30 # mu l t i p l r FFTs are r e qu i r ed to c a l c u l a t e the

coherence

s e l f .NFFT = 512 #FFT l eng t h

s e l f . winIndex = 0 #counter f o r the windows

indexes = ((10∗∗ ( np . arange ( 0 . 5 , 4 3 . 5 , 1 ) /21 . 4 )−1) /0 .00437)

∗512/48000

s e l f . indexes = indexes . astype ( int ) #These are the indexes o f FFT

b ins t ha t determine the c u t o o f f between bands p laced on the

ERB s c a l e . Chossing a coarser g r i d in the arrange func t i on

woul mean even l y spaced bands but wider than a c r i t i c a l

bandwidth .

s e l f . c i r cBu f f = np . z e r o s ( ( s e l f . numWin, 2 , 257 ) , dtype = np .

complex128 ) #bu f f e r t ha t ho l d s a l l t he FFTs adds new ones

and d e l e t e s o l d ones .

s e l f . cohBands = np . z e r o s ( s e l f . indexes . s i z e , dtype = np . f l o a t 6 4

) #array to ho ld the cohernece va l u e s

s e l f . l eve l sBands = np . z e r o s ( s e l f . indexes . s i z e −1 , dtype = np .

f l o a t 6 4 ) #array to ho ld d i f f u s e n e s s

s e l f . t a r g e t = np . z e r o s (257)

s e l f . t a r g e t [ 0 : 6 ]= np . square (np . cos (0 .17∗2∗np . p i ∗48000∗np . arange

(6 ) /(340∗512) ) )#array wi th we i gh t ing f o r LF. Based on the

minimum coherence p o s s i b l e us ing l oudspeake r s at +−90. S i gna l s
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with lower coherence va l u e s ( e . g b inaura l /non planewave e t c )

are l im i t e d in maximum d i f f u s e n e s s . )

# The proces s ( ) method implements the runtime opera t ion o f the

component .

# I t i s c a l l e d r e g u l a r l y ( every con t e x t . per iod samples ) by the

runtime system .

def proce s s ( s e l f ) :

# Retr i eve the new input samples as a Numpy ndarray ( dimension

numChannels )

x = s e l f . audioInput . data ( )

#ca l c u l a t e FFT

xf = np . f f t . f f t (x , s e l f .NFFT, 1 , None )

#make 1 s i ded

xf1 = xf [ : , 0 : 2 5 7 : ] / s e l f .NFFT

xf1 [ : , 1 : ] = xf1 [ : , 1 : ] ∗ 2

#place in b u f f e r

s e l f . c i r cBu f f [ s e l f . winIndex ] = xf1 ;

#ca l c u l a t e auto and cros s spec t r a

Gxx = (2 / s e l f .NFFT) ∗ np .mean(np . square (abs ( s e l f . c i r cBu f f

[ : , 0 , : ] ) ) , 0)

Gyy = (2 / s e l f .NFFT) ∗ np .mean( np . square (abs ( s e l f . c i r cBu f f

[ : , 1 , : ] ) ) , 0)

Gxy= (2 / s e l f .NFFT) ∗ np .mean( np . mult ip ly (np . conj ( s e l f . c i r cBu f f

[ : , 0 , : ] ) , s e l f . c i r cBu f f [ : , 1 , : ] ) , 0)

#ca l c u l a t e coherence

coh = np . d i v id e (np . square (abs (Gxy) ) , np . mult ip ly (np . c l i p (Gxx , 1 . 0 e

−12, None ) , np . c l i p (Gyy , 1 . 0 e−12, None ) ) )

#weigh t the coherence by the minimum po s s i b l e coherence (Above 0

Hz where the minimum i s 1 anyway to avoid d i v i d e by zero )
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coh = np . d i v id e (np . c l i p ( ( coh [1 : ] − s e l f . t a r g e t [ 1 : ] ) , 0 , 1 , ) ,(1− s e l f

. t a r g e t [ 1 : ] ) )

#pe r c e p t u a l l y l i n e a r i s e the coherence b e f o r e averag ing .

coh = np . power (1 − coh , 4 )

#put in t o f requency bands on the ERB s ca l e . .

for c f in range (0 , s e l f . indexes . s i z e −1) :

#

s e l f . cohBands [ c f ]=np .mean( coh [ s e l f . indexes [ c f ] : s e l f . indexes [ c f

+1]+1])

s e l f . l eve l sBands [ c f ]=10 ∗ np . log10 (np . c l i p (np .sum(abs ( x f1 [ : , s e l f .

indexes [ c f ] : s e l f . indexes [ c f +1]+1]) ) , 1 . 0 e−12, None ) )

# Only s e l e c t bands t ha t are w i th in 15dB of the l o ud e s t band .

Di f f = np .mean( s e l f . cohBands [ s e l f . l eve l sBands >= max( s e l f .

l eve l sBands ) − 15 ] )

# The d i f f u s e n e s s i s on ly r e l e v an t i f the aud i b l e sound i s par t

o f the main programme mater ia l based on an a r b i t r a r y cut o f f

o f −70dB . i . e . d i g i t a l s i l e n c e shou ld not be d i s p l a y ed as

having a coherence o f 1 and t h e r e f o r e d i f f u s e n e s s o f 0 .

Level = 10∗ np . log10 (np . c l i p (np .mean(np .sum(abs ( s e l f . c i r cBu f f

[ : , 0 , : ] ) , 1) ) , 1 . 0 e−12, None ) )

Inc lude = Level >= −70;

#update window number f o r c i r c u l a r b u f f e r

s e l f . winIndex = s e l f . winIndex + 1

i f s e l f . winIndex >= s e l f . numWin :

s e l f . winIndex = 0
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# Create a parameter message ho l d ing a s i n g l e f l o a t .

outParam = pml . Float ( D i f f )

outParam2 = pml . Float ( Inc lude )

# Send the computed d i f f u s e n e s s va lue to the output .

s e l f . d i f f u s ene s sOut . protocolOutput ( ) . enqueue ( outParam )

s e l f . l eve lOut . protocolOutput ( ) . enqueue ( outParam2 )

# Send the data to the audio output i f t h i s op t ion has been

chosen .

i f s e l f . audioOutput i s not None :

s e l f . audioOutput . set ( x )
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