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Abstract

This thesis develops and evaluates several designs for a binaural output, multimicrophone
hearing aid that exhibits a directional sensitivity in a desired ’target’ direction (directly in
front of the wearer) while also providing a realistic sense of space. Two primary classes of
system structure are considered — dual-array, which uses two independent microphone arrays
to produce the output signals, and single-array, which uses one array to produce both out-
put signals. Furthermore, within each class, several system designs are explored, including
complex systems which optimize system performance according to particular criteria and
much simpler systems which only approach optimal performance. In all cases, the systems
are designed for free-field operation. The system evaluation consists of two sections, physi-
cal and behavioral, and compares several test systems to the Naked Ear and Dual-Cardioid
binaural hearing aid reference systems. The physical evaluation compares theoretical with
actual free-field performance and explores the degrading effects of head-mounting upon the
free-field designed test systems. These results indicate that all systems behave as expected
in the free-field and that head-mounting causes little performance degradation. The behav-
ioral evaluation assesses system performance along two dimensions — speech intelligibility
and sound localization — that are directly affected by the directionality and binaural cue fi-
delity of the test systems. Results with normal-hearing indicate that all test systems exhibit
comparable speech-intelligibility enhancements (roughly 3 dB of gain) relative to the Naked
Ear and Dual-Cardioid reference systems, and that the binaural systems allow for reason-
ably accurate sound localization. Finally, the evaluations show that simplified, sub-optimal
systems achieve performance levels equivalent to that of more complex, optimal systems.
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Title: Principal Research Scientist
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Chapter 1

Introduction

Typical listening environments are often complex, with different sound sources ar-
riving simultaneously from different locations. In such an environment, shewn in
Figure 1-1, a typical hearing-impaired, or even normal-hearing, listener might have
difficulty focusing in on a ’target’ sound source while tuning out ’jammer’ sources.

Multimicrophone hearing aids provide one means of creating a directional hearing
aid, i.e. a hearing aid that is more sensitive to sounds arriving from a certain target
direction, usually assumed to be directly ahead of the wearer [6]. Such aids use a head
mounted array of microphones to form the system output signal, as shown in Figure 1-
1. Note that the signal processing in these systems can be either time-invariant
(fixed) [21],[22],[23] or adaptive (indicated by the dashed line) [20],[9]. While adaptive
systems have proven much better at jammer cancellation under ideal conditions, they
have problems in reverberant environments and in situations where the target signal
is misaligned from its assumed direction, [9]. Fixed systems, while they do not achieve
the jammer cancellation of adaptive systems, can still realize considerable directional
gains with processing that is relatively simple and robust.

As indicated in Figure 1-1, current multimicrophone designs typically produce a
monaural system output. This results in the loss of binaural sound localization cues

and, hence, the loss of a sense of space. The goal of this thesis is to develop fixed
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Figure 1-1: Typical, complex listening environment showing a monaural
multimicrophone hearing aid structure, with dashed lines indicating
possibly adaptive processing.
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multimicrophone systems that produce a binaural output. Such hearing aids would
retain the directional benefits of the monaural output multimicrophone system while
giving the wearer a realistic sense of space. A binaural output would also allow the
wearer to use some of their own natural binaural abilities to distinguish between
the target and jammer signals, which would further improve the wearer’s ability to
understand a target speech signal in a noisy environment [3],[4],[27].

Hence, the goal of this thesis is to produce a fixed-filter! multimicrophone hearing
aid with a binaural output such that:

e Each output signal possesses a directional characteristic that is most sensitive

in a desired ’target’ direction, assumed to be directly ahead of the wearer.

e The inter-output signal differences match, or at least reflect, the naturally oc-

curing binaural differences between the ears.

One approach to a directional hearing aid with binaural output is simply a con-
ventional binaural hearing aid implemented with two directional (e.g. cardioid) mi-
crophones. A microphone is located near each ear and its output is sent directly to
the corresponding ear. This 'Dual-Cardioid’ binaural aid achieves limited levels of
directionality, and, because it can be implemented with current hearing aid configu-
rations, it will serve as the reference against which all other binaural systems will be
compared.

The Dual-Cardioid aid is a special case of one general class of binaural-output
multimicrophone hearing aids that uses two independent microphone arrays to pro-
duce the binaural output, with the arrays placed so as to guarantee realistic binaural
cues. Soede has briefly explored this possibility [22], and his results indicate that such
a system does, in fact, increase the wearer’s speech intelligibility in noise to a greater

degree than a single, monaural multimicrophone hearing aid. This thesis will explore

! Welker [25] has studied one method of producing an adaptive multimicrophone hearing aid that
produces a binaural output.
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this class of system in more depth and will also introduce binaural output systems
that use only one array to generate both system outputs.

The structure of this thesis is as follows:

¢ Chapter 2: Background Theory contains two parts. (1) A brief review of monau-

ral output array theory — which presents the tools used to discuss and analyze
microphone arrays and summarizes the performance realized by such systems.
(2) An introduction to binaural listening theory, which presents the primary
binaural cues that this system should maintain and also discusses the relative

importance of these cues for sound localization.

e Chapter 3: System Design presents several methods for designing a multimi-

crophone hearing aid with binaural output that meets the two goals above or,

when these goals conflict, achieves a suitable compromise between them.

e Chapter 4: Physical Evaluation presents the performance of several example

systems designed using the methods of Chapter 3. These measurements allow
a comparison among the various systems as well as an exploration of the effects

of head-mounting upon arrays that were designed for the free-field.

e Chapter 5: Behavioral Evaluation presents the results of a behavioral evalua-

tion conducted on several test systems, in which normal-hearing listeners used

the systems for both speech intelligibility in noise and sound localization tests.

e Chapter 6: Conclusion draws the results of Chapters 4 and 5 together as a final

comparison of the various multimicrophone systems with binaural output.

e Appendices A and B present some useful derivations of expressions used in this

thesis.

e Appendix C presents some additional physical measurements to support the

discussion in Chapter 4.
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e Appendices D, E, and F present measurements and subject data to support the

results of Chapter 5.

It should be noted here that two forms of multimicrophone hearing aid with bin-
aural output have been developed and patented by Gorike [8] and Zwicker and Beck-
enbauer [28], respectively. These aids are relatively simple, and they form a subset of

the aids considered in this thesis.
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Chapter 2

Background Theory

Multimicrophone hearing aids with binaural output result from the combination of
two distinct concepts: single output, directional array theory (applied to hearing
aids), which involves generating a hearing aid with spatial selectivity, and binaural
listening theory, which involves preserving the natural binaural cues. This chapter
presents the aspects of these two theories that Chapter 3 will combine when discussing

design methods for binaural, multimicrophone hearing aids.

2.1 Monaural Array Theory

Fixed filter multimicrophone hearing aids have been thoroughly studied [21],[22],[23]
and their design, performance and performance limitations are all well understood.
This section presents a brief review of monaural array theory, especially those aspects

of it that will be used in the generation of a binaural output array system.

2.1.1 Coordinate System

Figure 2-1 shows the standard polar coordinate system used to describe all arrays
discussed in this thesis. In this system, a source arriving from the (4, ¢) direction

makes an angle of § with the z-axis and the projection of the source arrival direction

15
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into the x-y plane makes an angle of ¢ with the z-axis. For this thesis, the target

source is always assumed to arrive from the (8,¢) = (0,0) direction.

jammer

- target
- direction

Figure 2-1: Coordinate system used to describe microphone arrays.

2.1.2 Basic Array Structure

For ease of analysis, this thesis considers only linear microphone arrays consisting of
equally spaced elements. These arrays fall into two main categories, broadside and
endfire, shown in Figure 2-2. For broadside arrays, the array axis lies perpendicular
to the target signal arrival direction. For endfire arrays, the array axis lies along
the target signal arrival direction. In both of these cases, the inter-element spacing is
assumed to be d and the total span of an n element array is (n —1)d. Note that, when
implemented with omnidirectional elements, both of these arrays exhibit cylindrically-
symmetric behavior about the array axis. This is not necessarily true for arrays
implemented with directional elements, however, because the directional response
of the microphone may possess a different symmetry than the array. This thesis
considers only 'mini-endfire’ directional elements, which exhibit cylindrical symmetry

about the z axis of Figure 2-1; therefore, broadside arrays implemented with these
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jammer

~#> target

(a) Broadside array orientation.

jammer

—~* target

(b) Endfire array orientation.

Figure 2-2: Linear array structures.
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elements lose their cylindrical symmetry while endfire arrays retain it [23].

Figure 2-3 shows the internal structure of a sample, n element array system!. The
system output signal is formed by applying a frequency-dependent weight, Wi(w), to
each input signal, X;(w) = the electrical signal produced by the microphones, and
summing the resulting signals. Hence, the output signal, Y(w), is given by:

Y(w)= "Z":l Xi(w)Wi(w).

1=0

For simplicity of notation, Y (w) can be expressed as a vector product:
Y(w) = WH(w)X(w), (2.1)

where W(w) and X (w) are the vectors of the array weights and array inputs, given

by:

Wo(w) Xo(w)
W(w) = le(w) and X(w) = Xl-(“’)
W,,_l(w) X,,_l(w)

Before exploring the detailed properties of these arrays, first consider the methods
for mounting them upon human wearers. Broadside arrays could lie along the front
of a pair of eyeglasses or along a headband. Endfire arrays, on the other hand, could
lie along an eyeglass temple. All arrays considered in this project are designed for
the free-field, i.e. in free space, although a head-worn system is clearly not in the
free-field. The motivation behind free-field design is that it is extremely simple, and,
provided that the resulting performance loss from head mounting is not too great,

these designs can lead to practical, wearable hearing aids. Based on Soede [21] and

1The diagram shows the array in the broadside orientation. The endfire array is identical in all
aspects but orientation.



2.1. MONAURAL ARRAY THEORY 19

Xy@)
W (® qd
d
X
— W@ [—
Y( | target
Xn-l O
AR

Figure 2-3: Internal structure of n element array system, showing for-
mation of the output signal, Y(w), as a sum of the system inputs,
X;(w), multiplied by their respective weights, W;(w). In this system, d
is the inter-element spacing and the total array span is (n — 1)d.

Stadler [24], relatively little performance may be lost by using free-field designed
systems on the head. The effects of head mounting on the systems designed in this

thesis will be presented in Chapter 4.

2.1.3 Array Parameters

This section presents several useful parameters which assist in the description and
evaluation of microphone array performance. These expressions are derived for the

system structure given in Figure 2-3.

Microphone directional response, P(w,,¢)

The use of directional microphones significantly improves the directionality of the
overall system. In this case, the directional response of the i* microphone, i.e. the

gain of the microphone for a source arriving from the (8, ¢) direction P;(w,0,¢), is
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needed for system design and evaluation. This thesis considers only arrays of identical

elements, which results in:
P(w,8,¢) = P(w,0,4), i=0,1,...,n—1.
For a more thorough description of directional microphones, consult Stadler [24].

Source-to-array transfer functions, H;(w,6,¢)

The set of transfer functions from a source located in the (#,¢) direction to array
element i, H;(w, 8, $), together with P(w,8, ¢), provide the means for expressing the
array inputs, X;(w), in terms of a source signal, §(w), arriving from the (8, ¢) direc-
tion: X;i(w,9,d) = Hi(w,8,¢)P(w,0,$)S(w). Hence, the H;(w, 0, ¢) are necessary for
discussing system behavior.

The actual transfer function from a given source to any array varies with source
arrival direction and source distance from the array. To make these transfer functions
independent of source distance, the arrival direction information is extracted by re-
garding the electrical input from element 0, Xo(w, 4, ), as a reference against which
all remaining input signals are determined. In this case, Xo(w,0,¢) = S(w) and
Ho(w,8,4) = 1. Relative to element 0, The remaining elements, X1, X200y Xno1,
receive time-shifted versions? of S(w): Xi(w,8,4) = e~#*(*04)S(w), where a; is the
additional phase experienced by S(w) between microphones 0 and 7. Provided that a
source is located sufficiently far from the array that it can be regarded as arriving in
plane waves, free-field arrays of equally-spaced elements result in an identical incre-
mental phase, a(w, 8, $), between each adjacent pair of microphones. Consequently,
the additional phase between microphones 0 and 7 is equal to i of these incremental

phases. Hence,

oi(w,8,4) = ia(w, 0, ¢).

2For these arrays, the amplitude differences between array elements are relatively small and are
ignored in the design process — only inter-element delays are used.
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This leads to an expression of H;(w,0,¢) in terms of a(w, b, ¢):
H{w,0,4) = e599),

or:

HO(“” 0, ¢) 1
H ’ 0, ~jo(w,0,¢)
H(w,0,¢) = l(w, N I . : (2:2)
H, (w,0,9) e—i(n—1)a(w,6:4)

Appendix A shows that, in the free-field, Qbroadside(w, 8, 9) = %sinﬂcosd) and
Qendfire(w, 0, ¢) = %écosﬁ, where d = the inter-element spacing and ¢ = the speed of
sound.

As mentioned above, the source-to-array transfer functions together with the mi-
crophone directional response provide the means for expressing the array inputs
in terms of a source, S(w) arriving from the (0,#) direction: directional response,
P(w,8,9):

Xi(w,0,¢) = Hi(w,0,¢)P(w,0,¢)S(w).

In vector, this leads to:

Xo(ws0’¢)
Xl w, 0,
xeop=| TN | Bwoapeogse. @)
1_74(“’01¢)

Xn—l(wa 0’ ¢)

Thus, th e directionality of the microphones can be absorbed into the source-to-array
transfer function by defining a directional vector of transfer functions: Hy(w,0,9) =
H(w,0,0)P(w,0,8). Hy(w,0,d) is the vector of transfer functions from the source to

the array input after being received by the directional clement.



22 CHAPTER 2. BACKGROUND THEORY

Directional Array Gain, G(w,,¢)

The directional array gain, G(w, 8, ), describes the directional behavior of the mi-

crophone array:

_ Output signal produced for S(w) from (6,¢) _ Y(w,6,¢)
G(wv 0: ¢) - S(w) - S(w) :

The expression for the output signal formed by general input signals, Xo(w), ..., Xn-1(w)
(Equation 2.1) together with the expression for the array inputs that arise for S (w)
from the (4, ¢) direction (Equation 2.3) leads to an expression for the numerator

above:

Y(w’ 0’ ¢) = LV_T(U))X(UJ, 0, ¢) = .W_T(w)ﬂd(w’ 0) ¢)S(w)’
and so,

Y(w,8,4) W' (w)Hy(w,8,4)S(w)

= WT(w)Hy(w,0,¢) = z_: Wi(w)e 7«84 p(w, 8, $), (2.4)

where the last equality comes from the fact that the i** term of Hy(w,6,9) is the
product of the ith source-to-array transfer function, e~#*(“#%), and the microphone

directional response, P(w, 8, ¢).

Directivity, D(w)

Directivity, D(w), serves as a frequency-dependent measure of a microphone array’s
average directionality. Essentially, it reflects the system’s sensitivity to a source from

the target direction relative to its sensitivity to an isotropic source. By definition:

Output power from target direction
Average output power from all directions
1G(w,0,0)P
170 Jia 1G(w, 6, 4)F sinf dBdg

D(w)

1
4
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ET(“-’)_H.J(“% 0, O)EJH(“” 0, O)W_‘(w)
W (w)Sea(w)W* (w) ’

(2.5)

where 7 = transpose, * = complex conjugate, # = hermitian (complex conjugate
transpose), and S,,(w) is the cross spectral density matriz for isotropic noise, given
by:
1 p2x =
Suxlw) = £ f¢ _ /o | Hu(w,0,$)H} (0,0, ) sind dbdg. (2.6)

As discussed in Section 2.1.4 which follows, maximally directional multimicro-

phone hearing aids are designed to maximize the directivity at each frequency.

Noise sensitivity, ¥(w)

Noise sensitivity, ¥(w), serves as a frequency-dependent measure of the sensitivity of

the array to uncorrelated noise at the array inputs, [5],[20]:

_ T Wi(w)
¥e) = Go0p

_ W (w)W*(w)

T WT(@0)Hy(w,0,0)HE (w,0,0)W(w) (27)

Typically, maximum directivity systems possess large microphone weights (par-
ticularly at low frequencies), and, consequently, the noise sensitivity is very high.
For this reason, practical multimicrophone hearing aids are designed to maximize

directivity subject to maintaining ¥(w) at a reasonable level.

Broadband Directivity, D;w, and Noise Sensitivity, ¥y

Directivity and noise sensitivity, as discussed above, are functions of frequency. It
is often convenient to have a single number, rather than a function, to describe
system behavior, which leads to the concept of a broadband directivity, Drw, and noise
sensitivity, ¥yw (which are similarly defined by Stadler and Rabinowitz, [23]). These
broadband performance metrics are formed by taking the intelligibility-weighted sum
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of D(w) and ¥(w), in dB, at the 14 center frequencies of the third-octave bands from
200 to 4000 Hz:

DIW = i’)’i].OlOg(D(wg)), (2.8)
Uy = f:'y,-lﬂlog(\l’(w;)), (2.9)

i=1

where the w; are the center frequencies, v; are intelligibility weights (as derived from
French and Steinberg (7], Kryter [12],[13]. and ANSI [1] and as used by Peterson {20])
applied to each band3.

2.1.4 Maximum Directivity, Monaural Output Multimicro-

phone Hearing Aids
Maximum Directivity Systems

The array directivity, D(w), given in Equation 2.5, measures the degree to which the
system reduces isotropic noise relative to the target direction. In other words, this
reflects the average directional behavior of the array, and, consequently, optimal fixed-
filter microphone arrays are designed to maximize the directivity at each frequency.
As shown in Stadler and Rabinowitz [23], the vector of system filters, W(w), which

maximizes directivity is:
W' (w) = (B (w,0,0)57! (w)Hi(w,0,0)) ™ Hf (v, 0,0)5}(w), (2.10)

where H 4(w,0,0) is the target-to-array directional transfer function and §;.(w) is the

cross spectral density matrix defined in Equation 2.6.

3The weights v; are 0.0128, 0.0320, 0.0320, 0.0447, 0.0447, 0.0639, 0.0639, 0.0767, 0.0959, 0.1182,
0.1214, 0.1086, 0.1086, and 0.0767.
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Maximum Directivity Systems with Constrained Noise Sensitivity

Noise sensitivity, ¥(w), as presented in Section 2.1.3, measures the overall system
sensitivity to uncorrelated noise at the microphones. Typically, maximum directiv-
ity systems exhibit unreasonably large levels of noise sensitivity, which causes severe
degradation of system performance and renders these systems impractical to imple-
ment. As discussed in Stadler and Rabinowitz [23], it is possible to design systems
that maximize directivity while constraining the noise sensitivity to be below a given

level. For such a system, the optimum weight vector comes from the equation:

WT(w) = (HE (w,0,0)(Sz:(w) + BT (w) Hu(w,0,0)) " B3 (w,0,0)(Szz(w) + BI) 7.

(2.11)

This closely resembles Equation 2.10, except that uncorrelated noise of power 8 has

been introduced at each of the microphones. By varying 3, the noise sensitivity can

be adjusted until it reaches the desired level — larger 3 leads to lower noise sensitivity

and vice versa. For any given (3, the filters Wo(w),...,Wn_1(w) that result from
Equation 2.11 produce maximum directivity for the resulting noise sensitivity.

Equation 2.11 provides the means for designing a practical, realizable fixed-filter

multimicrophone hearing aid that maximizes average directional behavior.

An Example Monaural Output System

In order to understand the potential performance of monaural output, fixed-filter
multimicrophone hearing aids, consider the following example. This sample system

has the following properties:
o Four cardioid microphones, equally spaced with 14 cm total span (d = 4.67 cm).

e Individual directional response for the cardioid microphone:

|P(w,8,8)| = 2|sin(~=L(cosh + 1))|
2¢
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where p = microphone port spacing = 8.5 mm and ¢ = the speed of sound = 345 m/s.

¢ Designed and evaluated for the free field case.

e Designed so that, at any given frequency, ¥(w) is less than the single microphone

noise sensitivity? plus 5 dB.

This example system results in Dy = 8.03 dB and ¥y = 7.50 dB. The azimuth
plane directional characteristic is demonstrated by a polar plot of the directional
response magnitude with ¢ = 0, i.e. 20log(|G(w, 8, #)|), plotted as a function of 4 for
a specific frequency. Results for four frequencies are given in Figure 2-4. Note that
these plots place the 0 dB curve as the outermost circle and the radial grid has 10 dB
decrements. At each frequency, the system is most sensitive in the target direction
(8 = 0), with the sensitivity becoming more focused as frequency increases. As an
overall directional characteristic, Figure 2-5 shows the intelligibility-weighted polar
plot |Grw(8,é = 0)|, where

|Grw(8,¢ = 0)| = > : 20log(|G(w:, 8, 4 = 0)]).

=1
This definition is similar to that of the broadband directivity D;w and noise sensitivity

¥rw.

2.2 Binaural Listening Theory

Human listeners maintain an auditory sense of the space about them through a variety
of cues. The cues that are most dominant and useful for sound localization are
binaural cues, which involve differences in the sounds arriving at the two ears [18].
This section presents the two primary binaural localization cues and discusses the

relative importance of each one in the actual task of binaural listening.

4The noise sensitivity of a single microphone with directional response P(w,8,¢) is simply

1
[P(w,0,0)]3*
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Figure 2-4: Polar plots showing the directional characteristic, in the azimuth plane,
of the example broadside system at four frequencies.
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Figure 2-5: Polar plot showing the intelligibility weighted directional
characteristic, in the azimuth plane, of the example broadside system.

2.2.1 Binaural Localization Cues - ITDs and ILDs

The two most important binaural cues for sound localization [18] are:

1. Interaural Time Differences (ITDs): These cues arise from the fact that a sound

arriving from a certain angle will arrive at one ear earlier than at the other.

2. Interaural Level Differences (ILDs): These cues arise from the fact that a sound

source will be more intense (i.e. louder) at one ear than at the other.

Listeners are quite sensitive to these time/phase and magnitude differences hetween
the ears, and can exploit these cues as an aid to localize sound sources.

Studies have shown that ITDs are the prominent sound localization cue at low
frequencies while ILDs are the prominent cue at high frequencies [18]. This makes
intuitive sense, as the high-frequency signals tend to alias between the ears and the
usefulness of ITDs in localization diminishes. While high-frequency envelope ITDs
can potentially contribute to sound localization [11],[15], a study by Middlebrooks

and Green [16] indicates that these cues are quite weak and are overridden t, iLD
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cues. A study by Wightman and Kistler [26] demonstrates that the low-frequency
ITDs are, in fact, the dominant sound localization cue. For this reason, our efforts
toward binaural cue preservation will focus on ITD maintenance.

In addition to providing a realistic sense of space, binaural cues also increase the
wearer’s comprehension of speech in noisy environments [27],(3],[4]. Binaural systems
exploit the listener’s natural abilities to use binaural cues as a means of "focusing’ on
a given target source. This thesis will explore how the addition of binaural cues to the
directionality of multimicrophone hearing aids affects a wearer’s ability to understand

speech in noisy backgrounds.
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Chapter 3

System Design

Our goal is to produce a multimicrophone hearing aid that possesses both a direc-
tional characteristic and a binaural output. The previous chapter discussed each of
these two concepts separately, and now methods of ’marrying’ them together must

be investigated.

3.1 System Structures

There are two basic classes of . "stem structure that can be used to meet the above

requirements:

1. Dual-Array Systems: This class of systems is the simplest extension of monau-

ral output microphone array theory to binaural output systems. It uses two
independent monaural arrays to produce the output signals (one array per out-
put), where each array is designed to maximize directionality and the physical

spacing between the two arrays yields the desired binaural cues.

Figure 3-1(a) portrays this system as consisting of two endfire arrays. Endfire
arrays suit dual-array systems, because they can be easily placed along eyeglass
temples to reflect the signals arriving at a single ear, thus ensuring that the

inter-array output differences reflect the natural binaural differences. Although
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Figure 3-1: Two classes of system structure for a multimicrophone hearing aid with
binaural output.
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broadside arrays can also be used to construct dual-array systems, the phys-
ical span requirements of two sufficiently directional broadside arrays, placed
to reflect the inter-ear spacing, would reduce the head-mountability of such a

system.

Soede [22] conducted a behavioral evaluation using a system implemented with
dual endfire arrays, on both normal and hearing-impaired listeners. His results
indicated that speech intelligibility was improved over that obtained with a

single, monaural output array.

Single-Array Systems: This class of systems uses one array to produce both

system outputs, and, consequently, the system filters must be designed to both
increase directionality and maintain binaural cues. (Note that with dual-array
systems the filters maximize directionality only. Unfortunately, as discussed be-
low, there is a trade-off between these two goals — directivity must be sacrificed

so that binaural cues can be maintained.

Figure 3-1(b) depicts this system implemented with a broadside array. Broad-
side arrays are the only reasonable choice for single-array systems, because the
span of the array reflects the natural inter-ear spacing. Endfire arrays, on the
other hand, can not be used for these cystems. To see why this is so, recall
from Section 2.1.2 that free-field endfire arrays possess a cylindrical symmetry
about the array. This symmetry means that a source, S(w), arriving at an
angle of either +7 or —7 in the azimuth plane would produce the same input
signals, X;(w), at the array, and, hence, both arrival directions would yield the
same output signals. However, the natural binaural cues presented by these two
arrival directions should be opposite, and so the free-field endfire array cannot

produce a realistic binaural output.
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3.2 Dual-Array Systems

Figure 3-2 shows the detailed structure of a dual-array implementation of a multi-
microphone hearing aid with binaural output: two independent arrays generate the
two output signals Yp(w) and Yj(w). The two arrays are identical, so that the same

weight vector, W(w), serves to convert the array inputs into the output signals:

Yo(w) = W (w)Xo(w) (3.1)
Yi(w) = W'(w)Xy(w), (3.2)

where Xo(w) and X,;(w) are the vectors of inputs to arrays 0 and 1 respectively.

This equality of the two arrays results in symmetrical system behavior about the

mid-sagittal plane.

3.2.1 Design Criteria

In dual-array systems, each array is designed to maximize directionality only. The
output binaural cues arise from the physical separation of the two arrays and are not
an issue in the design of the array filters. Section 3.3 will discuss, however, that single-
array systems must directly account for binaural cue fidelity in the design process.
As discussed in Chapter 2, directivity, D(w), serves as the standard measure of fixed
array directionality:

.V_V_T(‘*’)Ed(wa 0, 0)—H—f(w’ 0, O)K‘(“’)
WT0)Su@W(w)

D(w) = (3.3)

where, as defined in Chapter 2, W (w) = vector of filters, H4(w,0,0) = vector of
target-source-to-array transfer functions, and S,.(w) = the cross spectral density

matrix.
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Figure 3-2: General structure of a Dual Endfire System.
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3.2.2 System Design - Dual Endfire System

For dual-array systems, each (endfire) array maximizes D(w), and the system filters
arise directly from Equation 2.11, as presented in Chapter 2: These optimum directiv-
ity arrays require reasonably complex filters to implement, and, therefore, it is useful
to consider some simplified endfire systems whose performance approaches that of the
optimal system but requires very simple processing. Two such sub-optimal endfire

systems are:

e Delay/Sum: Appropriate delays are applied to front microphone inputs so that
all inputs from the target direction add in phase at the system output (see

Figure 3-3(a)).

e +/- Gradient: This system consists of two elements and forms its output by

subtracting the rear input from the front input (see Figure 3-3(b)). Clearly this
array cancels sources coming directly from the side of the array, because the
same signal is then incident on both array inputs. With directional elements,

front /back discrimination is also achieved.

These sub-optimal systems are very simple to implement and since they result in only

small losses in overall system directionality, they will be considered in the system

evaluations of Chapters 4 and 5.

3.3 Single-Array Systems

Figure 3-4 shows the detailed structure of a single-array system with a binaural out-
put, in which each array element is coupled through an independent weighting to
each output signal. Essentially, this system consists of two processors, one to gener-

ate Yp(w) and one to generate Y;(w), both sharing the same physical set of elements:

Yo(w) = W' (w)X(w) (34)
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Figure 3-3: Structures of sub-optimal endfire arrays
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and
Y1 (UJ) = -W—z‘ev(w)-x-(w)? (3'5)

W(w) is the vector of system filters used to

where X (w) is the vector of array inputs,

W, eo(w) is the 'reversed’ version of W(w):

produce Yo(w) and

Wo(w) Wo1(w)
wow=| T md W)= Wo-sl)
W (@) Wolw)

etry between the filters used to generate Yo(w) and Y;{w) guarantees

The reverse symm
sagittal plane.

symmetical system behavior about the mid-
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3.3.1 Design Criteria

The n system filters, W;(w), must be selected to meet the two goals of producing a

binaural output such that:

o Each output exhibits a directional characteristic that is most sensitive to sources

arriving from straight ahead.

o The output inter-signal differences reflect the natural binaural differences.

The following two design criteria are used to measure the degree to which a system
achieves these two goals — one criterion is for directionality and the other is for
binaural cue maintenance. (The relationship between these two criteria, as well as
the method for combining them to produce a practical hearing aid, is discussed in

Section 3.3.2.)

Directivity, D(w)

As discussed with dual-array systems, directivity, D(w), serves as the standard mea-
sure of the array’s directional performance. In principle, each output signal, Yp(w) and
Yi(w), could possess a unique directivity. However, the enforced symmetry among the
system filters, as shown in Equations 3.4 and 3.5, ensures that both system outputs
possess the same directivity.

Appendix B demonstrates how the expression for the directivity can be expressed

in terms of n — 1 system weight ratios, R;(w) = W{Z}’ oy Rna(w) = —-,';,—;&?1 and

RT(w)P(w,0,0)H(w,0,0)H¥ (w,0,0)P*(w,0, O)R‘(w)

D(w) = BT ()S.:(w)R" ()

(3.6)
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where R(w) is defined as:

(1 )

Ry (w)

E(w) = Rz(w)
\ Rn1(w) )

These ratios, together with the constraint of unit gain in the target direction, com-
pletely specify the system filters and, moreover, they allow for the simplification of the
system design process by reducing the number of variables by one. This variable re-
duction is helpful in the combined system approach to single-array systems presented
in Section 3.3.2, because this approach involves intensive numerical optimization in

order to determine W(w).

ITD Error, E(w)

No standard measure, such as D(w) for directionality, exists to measure binaural
cue fidelity, and, therefore, one had to be determined for specifying system design.
Chapter 2 presented the two primary binaural cues for sound localization in the
azimuth plane: interaural time differences (ITDs) and interaural level differences
(ILDs). Since low-frequency ITDs are the dominant sound localization cue [26] [2], a
design criterion based on ITD maintenance was selected. Specifically, we form E(w),

defined as the RMS ITD error at w, averaged over three-space:

E(w) = \[ Zi? /; 2' /; " (ITD gesived(w, 0, #) — ITDgueput(w, 8, ¢))25ind dbdgp  (3.7)

where ITD.sireq is the ITD that the system is trying to preserve and ITD,yipu: is the
ITD actually generated by the system.
For the system in Figure 3-4, ITDgesireq is assumed to be the inter-signal difference

experienced by the two outermost array elements, Xo(w) and X,_;(w), which are
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nominally separated by a headwidth. This ITD reflects the true ITDs at the wearer’s
ears (assuming tiiat the outermost elements are near the ears), and it is specified
simply from the array structure. For the purposes of this thesis, ITDge,ireq is defined
as the phase delay between Xo(w) and X,,_;(w), which, as shown in Appendix B, is
simply:

ITDdeoired(w, 0, ¢) = (n _C l)dsin0c03¢. (3_8)

The source-to-array transfer functions, H(w), together with the system filters,
Wi(w), determine ITD,yipue, which, as shown in Appendix B, can be expressed in

terms of the ratios, R;(w), that were defined above:

ITDoutput(w,0,¢) = (n—1)a(w,b, ¢)
st (o sntte) et )
1+ E:—l |Ri(w)|cos[LRy(w) — (i — 1)e(w, 6, $)]
-t (BB Re) 4 - el )
1 |Ri(w)|cos[LRi(w) + (¢ — 1)a(w, 6, §)] |
(3.9

It should be noted that each of the systems designed in this thesis had the prop-
erty that the phases of terms within the weight vector, W(w), were equal, and so
LRi(w) = 0, V i. In this case, Appendix B shows that the expression for ITDoutput

can be simplified to:

ITD puirut(w,0,0) = (n—1)a(w,8,9)

a1 (53 Ru(w)sinfia(w, 6, )
% (1+z._1 T Ri(@)cosia(a, 0 ¢)J) (3.10)

Provided that single-array systems will always possess equal phase weight vectors,
this simplifies the optimization for system design further by reducing the optimization
n — 1 complex variables to n — 1 real variables.

It can be argued that /R;(w) will always equal zero for optimal single-array sys-

tems. To see why this is so, consider maximally directive, monaural broadside systems
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first. Inspection of the target-to-array transfer functions, Hy(w,6,¢), and the cross
spectral density matrix, S,.(w), reveals that the equation for the optimal system
weights (Equation 2.11) always results in real system filters', which means that the
maximally directive system always delays the target signal so that it adds in phase
(except for shifis of ) when forming the system output. Extending this argument to
binaural output single-array systems: although they do not actually form the max-
imally directive signal, they realize the maximum achievable directivity subject to
constraints on E(w) by ensuring that the target signal always adds in phase at the
system outputs. Hence, these single-array systems also possess the property that all
weight vectors have identical phase responses? and, consequently, /R;(w) = 0.

Substituting Equations 3.8 and 3.10 into Equation 3.7 leads to a frequency-
dependent measure of ITD error, E(w), which depends only upon the system structure
and the system ratios.

D(w) and E(w) serve as measures of the two system goals — larger D(w) results
in more directionality and smaller E(w) results in better binaural-cue fidelity. Hence,

the goal of single-array systems is to maximize U(w) and to maintain E(w) = 0.

3.3.2 D(w) vs E(w) Trade-off and Possible System Designs

The goals of maximizing D(w) and minimizing F(w) are at odds with one another

and cannot be simultaneously satisfied:

e Recall from Chapter 2 that, for any given array, there is a unique set of filters
that maximizes the directivity for a given output, given by Equation 2.11. If the
system were designed so that each output signal possessed maximum directivity,

then the two outputs would be generated using exactly the same filters and,

10Obviously, the system cannot actually be real (i.e. non-causal), but a linear delay can be added
to each filter to ensure causality.

2This argument does not apply to systems implemented with non-broadside arrays. It can be
shown that for maximum directivity endfire arrays, the target signal does not always add in phase
at the system output, a phenomenon known as oversteering [21]
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consequently, the two output signals would be identical — the output would be

diotic.

o As stated above, the desired ITD is assumed to be the ITD experienced by the
two outermost array elements. In this case, a system would maintain E(w) =0
by simply passing the outermost microphone inputs to their respective ears with
no other coupling between the array inputs and the outputs: Wy(w) = 1 and
Wi(w) =0, =1,2,...,n — 1. The system forms each output using a single
microphone and, consequently, it does not take advantage of the array structure

to increase overall system directionality.

Notwithstanding these extremes a continuous trade-off between D(w) and F(w) is
possible at any given frequency, and two facts can be exploited that allow this trade-

off to be used to combine the system goals:
1. Low-frequency ITDs are the dominant sound localization cue [26],[2].

2. Only minimal directivities can be realized by broadside arrays at low frequencies

21],[23].

This suggests the design of a system which focuses on ITD preservation at low fre-
quencies and directivity maximization at high frequencies. Two main types of systems
emerge: (1) a Combined system, which uses the D(w)-E(w) trade-off to achieve some
combination of the two goals at each frequency, with the relative importance of each
goal governed by the two facts above, and (2) a Lowpass/Highpass system, that

maintains E(w) = 0 at low frequencies and maximizes D(w) at high frequencies.

Combined System

Figure 3-5 shows the D(w) vs E(w) trade-off at 1000 Hz for a four-element broadside
array of cardioid elements with a total span of 14 cm. These results were obtained

by maximizing D(w) as a function of the mazimum allowable E(w). It shows that
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directivity gains that exceed those of a single microphone (indicated by an ’x’ at 0

ITD error on the plot) can be achieved by allowing some ITD error.
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Figure 3-5: D(w) vs E(w) trade off at {=1000 Hz.

The Combined system incorporates this trade-off and the system ratios, Ri(w),
are then determined by maximizing D(w) while maintaining E(w) below a given,
frequency dependent threshold:

ma.xR‘D(w)

(3.11)
constrained so that : E(w) < 7(w) = threshold ITD error.

For this design process, the error threshold, 7(w), reflects the ITD sound localization

importance as a function of frequency. At each frequency, the resulting system op-
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erates at some point along a trade-off curve, such as that of Figure 3-5, governed by
T(w).

Recall from Chapter 2 that systems which maximize D(w) possess unreasonably
large levels of noise sensitivity. This is alsc the case for the Combined system when
designed using the optimization above. Unfortunately, no ’clean’ method, analogous
to that of Equation 2.11, exists for incorporating noise sensitivity into this design
process, and ¥(w) is controlled by adding it as a second constraint in the numerical

optimization that the R;(w) must satisfy:

constrained so that : E(w) < 7(w) (3.12)
and : ¥(w) < ¥mgz(w).

In this way, ¥(w) can be maintained at an acceptable level.

Lowpass/Highpass System

The Lowpass/Highpass system divides the frequency spectrum into two bands, sepa-
rated by a cut-off frequency, f., and focuses on ITD preservation (E(w) = 0) below f.
and directivity maximization above f.3. In terms of Figure 3-5, the system operates
at the E(w) = 0 point, marked by an ’x’, for f < f. and at the maximum D(w) point,
marked by an ’0’, for f > f.. The Lowpass/Highpass system is actually a special case

of the Combined System, with the system ratios selected to:

maxg; D(w)

0 w<2xf.
constrained so that : E(w) < 7(w) (3.13)
© w>2rf,

and : Y(w) < ¥pex

3This lowpass/highpass approach was used by Welker [25] to develop an adaptive binaural mul-
timicrophone aid, in which the common high-frequency component of the outputs was generated
using the Griffiths-Jim adaptive beamformer [9]
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Although the system filters can be designed via the numerical optimization above
and implemented with the structure of Figure 3-4, there is a simpler implementation
which leads to a simpler design method. Figure 3-6 shows this implementation: the
outermost array input signals, Xo(w) and X, ;(w), are lowpass filtered and sent
directly to their respective ears while a common high-frequency component is formed
using the optimal directivity weights (obtained from Equation 2.11 for the desired
level of ¥(w)).

Yo@ P LPF Xo@
k —d
Wy ©
X, @
W, —
— HPF Target

W@ —X 0

Y, @ ¢ } LPF

Figure 3-6: Simplified Lowpass/Highpass system structure.

The design of this system is much simpler than that of the Combined system,
because the optimum directivity filters have a closed fcrm solution, and they require
no numerical optimization. More importantly, this system is easier to implement:
given an n-element array, it requires only n + 3 filtering operations versus the 2n

required for the general single-array structures and, hence, the Combined system.

Sub-optimal Lowpass/Highpass Systems One property of broadside arrays is

that arrays implemented with optimum directivity weights achieve only small gains
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in D(w) over arrays implemented with uniform weights (where the array inputs are
simply averaged to form the output) [21],[23]. Moreover, most of the loss in D(w)
occurs at the low frequencies, which suggests that uniform weights could be used to
generate the common high frequency component of the output signals of the Low-
pass/Highpass system without causing a substantial decrease in performance. The
main advantage to such a system is its simple structure, shown in Figure 3-7, and
ease of implementation. It could be easily implemented using analog circuitry. In
Chapters 4 and 5, it will be evaluated and compared with the optimal single array

systems as well as optimal and sub-optimal dual-array systems.

Y (@ M X )
0 \(‘ LPF _Oq

— HPF Target

Y@ ﬁ'} LPF

Figure 3-7: Sub-optimal Lowpass/Highpass System with the high-
frequency output component formed using uniform weights on the ar-
ray.

This chapter has presented the two main classes of binaural-output multimicro-

phone systems (dual-array and single-array) as well as several design methods (both
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optimal and sub-optimal) for these classes. Since these systems are based on dif-
ferent design criteria (maximizing directionality vs. maximizing both directionality
and binaural cue fidelity) and implemented with different array structures (endfire
vs. broadside), they should perform differently. The following chapters will explore

system performance and will compare these two classes as well as the design methods

within each class.



Chapter 4

Physical Evaluation

This chapter presents the results of a physical evaluation made on several test systems.
It begins by examining the free-field and head-mounted performance of an ’optimal’
conventional binaural hearing aid, the Dual-Cardioid aid, that consists of two cardioid
microphones located near the ears with the outputs sent directly to the respective
ears. This system serves as a reference against which to compare the performance
of the binaural output microphone array hearing aids. The chapter continues by
presenting the results for several example dual- and single-array systems, designed
as discussed in Chapter 3, which were tested in both free-field and head-mounted
situations.

The evaluation involved two types of measurements: (1) the azimuth-plane direc-

tional characteristic, |G(w,8,¢ = 0)|, and (2) the azimuth-plane output ITDs.

4.1 Testing Procedure

All measurements were performed in an anechoic chamber, with the test system
mounted on either a stand (for the free-field case) or on 2 KEMAR manikin (for
the head-mounted case). The stand (or KEMAR) was mounted upon a turntable,

which could be programmably turned to any position in the azimuth plane, with an

49
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Optimus Pro-7 loudspeaker placed 1 m away from the turntable. This combination
of turntable and loudspeaker allowed convenient measurement of array performance

for sound sources arriving from any azimuth angle (see Figure 4-1).

Im

Array i‘ Loudspeaker

Stand (or KEMAR)

L.__rr__l

Turntable

Figure 4-1: Basic testing environment, with the array located on a
turntable and the speaker 1 m away. The array is mounted on either a
stand (for free-field measurements) or on KEMAR (for head mounted
measurements). All measurements were made in an anechoic chamber.

4.1.1 Directional Characteristic Measurements

Measurements of the test systems’ azimuth-plane directional characteristics were

taken at 10° intervals from 0° to 350°. These measurements were made by first
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turning the array so that the source was located at the desired angle, 8o, presenting
a periodic chirp (produced by an HP35660A spectrum analyzer) to the system, and
measuring the resulting value of |G(w, 8o, ¢ = 0)| (using the spectrum analyzer). This
|G(w, 80,4 = 0)| was then summed over frequency to determine the total power in
each of the fourteen third octave bands, with center frequencies from 200 to 4000 Hz.
These fourteen powers, rather than the actual measured |G(w, 6, ¢ = 0)|%, were then
interpreied as the measured values of |G(w, 8y, = 0)|? ai these center frequencies.
A revised directivity measure allows for an easy comparison of the measured di-
rectional characteristics with the theoretically predicted one. Since the measurements
were made only in the azimuth plane |G(w,§,¢ = 0)|, it was useful to form a two-

dimensional (azimuthal) version of directivity, defined as:

|G(w,0,0)/?
2 Jo" |G(w,6,0)[2d6"

Dou(w) = (4.1)

This differs from the standard directivity definition, given in Equation 2.5, in that the
denominator contains the average system output power from the azimuth plane only
and not from all of three-space!. As with conventional directivity, an intelligibility-
weighted version of azimuth directivity, Dsw,q;, can be formed. Although Dyw,.. does
not equal Dyw, it preserves the correct relative ordering, within each class, for all
systems tested in this study. Consequently, this two-dimensional measure will serve

as the primary means of comparing directional performance in the following sections.

4.1.2 ITD Measurements

In a manner similar to that above, azimuth-plane ITD measurements were taken
at 30° increments from 0° to 330°. These measurements were taken by turning the

array to the desired 8y, presenting a periodic chirp to the speaker, and measuring the

1The denominator integral here was approximated by a finite sum for all measured results, as
the values of |G(w, 8, ¢ = 0)| were taken at only 36 values of 6.
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resulting inter-output phase differences. These phase differences were then smoothed

with a 7-point moving average filter and converted into output ITDs via:

inter-output phase difference(w, 8y, ¢ = 0)

ITDoutput(w, 00, ¢ = 0) = (4.2)

w

Rather than considering the RMS ITD error, as defined in Chapter 3 and which is
a design criterion only for single-array systems, this chapter will present ITD results in
the form of the actual output ITDs produced by the system for a source arriving from
0°, 30°, 60°, and 90°. By comparing the actual output ITDs with the theoretically
predicted output ITDs, the degree of ITD fidelity can be observed.

4.2 Conventional, Dual-Cardioid Binaural Hear-
ing Aid

This system consisted of two cardioid microphones, separated by 14 cm for free-field
measurements and located near the ears for head-mounted measurements. For either
mounting, the output of each microphone was sent directly to the corresponding ear.

Each microphone (Knowles EL-3085) had a (theoretical) directional response of:
|P(w,6,4)] = 2lsin(S(cosh + 1),

where p = microphone port spacing = 14 mm and ¢ = the speed of sound = 345 m/s.
Furthermore, the responses of the two microphones were (roughly) equalized through
the application of a scale factor to one microphone. This system was implemented
in real time using two Ariel DSP-96 boards, each of which contained a Motorola
DSP96002 signal processing chip and dual channel I/O. (Although one board would
have easily sufficed for this system, the remaining systems required four channels
of A/D input, and so two boards were necessary.) This implementation included

filtering each output with a single-pole (p=0.897), single-zero (z=0.572) IIR filter
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to compensate for the linear w dependence evident in the microphone directional

response, |P(w, 0, ¢)|, for low frequencies.

4.2.1 Directionality Measurements

Table 4.1 shows the theoretically predicted free-field values of Dyw and Dyw,, as
well as the free-field and head-mounted values of Dyw,, for this system, with the
measured values given for the right (R) and the left (L) outputs. These results
indicate that head mounting causes only a small (less than 1 dB) degradation in the
system directionality.

Table 4.1: Directionality (in dB) of conventional Dual-Cardioid binau-
ral hearing aid in the free-field and head-mounted near the ears.

Theoretical | Theoretical Measured
Diw (dB) | Diw,a: (dB) Diw,. (dB)
Free-Field | Free-Field | Free-Field | Head-Mounted
4.59 4.03 4.20(R) 3.34(R)
4.15(L) 3.34(L)

To further illustrate the effects of head-mounting upon this system, Figures 4-2
and 4-3 show the intelligibility-weighted azimuth-plane polar plots, |Grw(6,¢ = 0)]
for the right and left ears, respectively. The measured free-field curves follow theory
very well, while the head-mounted curves, as expected, display head-shadow effects.
Figure 4-2 (c) shows that the cardioid microphone mounted on the right side of the
head is more sensitive to sound arriving from the right and less sensitive to sound
arriving from the left, which is a direct result of head-shadowing upon sources from
the left. The opposite behavior is evident for the left microphone (Figure 4-3 (c)).

Nevertheless, in the head-mounted case, the directional patterns of the two outputs
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still possess an increased sensitivity in the target direction — head mounting degrades
directionality only slightly. In fact, the quantitative loss in directivity is due primarily
to the gain (above 0 dB) evident between roughly 0° and 45° toward the ear with the

microphone.

4.2.2 Output ITD Measurements

For the free-field mounting, the expected output ITDs of this system are simply the
ITDs experienced by two microphones located 14 cm apart. This result is the same
as the value for ITDg.,ireq, given in Equation 3.8, for the case of a single-array system
with a total array span of (n —1)d = 14 cm. Substituting this value into Equation 3.8
leads to theoretical free-field output ITDs of:

ITDsutput(w, 8, @) = o—jisin0 cosd.

Figure 4-4 shows the measured free-field and head-mounted output ITDs for
sources arriving from angles of 0°, 30°, 60°, and 90°, with the theoretical curves
(generated using the equation above) indicated by dotted lines in each plot. As ex-
pected, the free-field results agree with the theoretical predictions quite well. The
head-mounted system, on the other hand, produces consistently larger output ITDs
than the theoretical predictions. This arises because the actual distance between the
two cardioid microphones at the ears is greater than the 14 cm free-field separation

and because of sound diffraction about the head [14].

4.3 Dual-Array Systems

The dual-array systems were designed for the free-field and possessed the following

structure:
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270 270
(b) free-field

270
(c) head-mounted

Figure 4-2: Intelligibility-weighted polar plot of the dual cardioid directional response
— right ear (270°): (a) theoretical pattern, (b) measured free-field pattern, and (c)
measured head -mounted pattern. In both measured plots, the theoretical curve is
indicated by a dashed line.
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270 270
(b) free-field

270
(c) head-mounted

Figure 4-3: Intelligibility-weighted polar plot of the dual cardioid directional response
— left ear (90°): (a) theoretical pattern, (b) measured free-field pattern, and (c)
measured head-mounted pattern. In both measured plots, the theoretical curve is
indicated by a dashed line.
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Figure 4-4: Measured output ITDs for the conventional, dual cardioid, binaural hear-
ing aids for (a) free-field and (b) head-mounted near the ears. Dotted lines indicate

theoretical free-field results.
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e Dual, two-cardioid-element endfire arrays, with a center-to-center microphone

spacing of 9.2 cm (2.6 cm for the special case of the Dual +/- Gradient arrays)?

o Individual cardioid microphone (Knowles EL-3085) response:
|P(w,0, )] = 2lsin(5(cosf + 1)),

where p = the microphone port spacing = 14 mm. Note: these microphones are
the same type as the ones used for the conventional, Dual-Cardioid, binaural
hearing aid of Section 4.2, and the individual responses were roughly equalized
by applying scale factors to three of the four microphones.

These systems were implemented in real time using two Ariel DSP-96 boards ~ one
board per array. As with the Dual-Cardioid system, the outputs of these systems were
processed by a single-pole (p=0.897), single-zero (z=0.571) IIR filter to compensate

for the linear w dependence of the microphones at low frequencies®.

4.3.1 Test Systems

Three sample dual-array systems, based on the designs of Section 3.2 were tested, all
of which produced a binaural output. One system is the optimal dual-array system,
while the remaining two systems make use of the sub-optimal, brt simplified, endfire
array structures. Figures 4-5 through 4-7 display the three different structures used
to implement these systems. Note that the Optimal Directivity system was designed
so that ¥(w) < ¥,inge(w) + 5 dB, where ¥,ing.(w) is the noise sensitivity of a single

2These distances are the distances between the centers of the two microphone elements. As
discussed below, each microphone had a port spacing of 14 mm. For this reason, the total array
span was the center-to-center span plus 2*(one half of the port spacing). Hence, the total array span
was 10.6 cm (or 4.0 cm for the Dual +/- Gradient arrays).

3The subtraction of the two cardioid microphones in the Dual +/- Gradient system, which will be
presented in Section 4.3.1, resulted in a low-frequency w? dependence in the overall system response,
and so the outputs of this system were processed by two identical single-pole (p=0.897), single-zero
(z=0.571) IIR filters in cascade.
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microphone, I_PW' The test systems were:

1. Dual-Optimal Endfire: Each of the two arrays was designed to maximize the

directivity of the corresponding output signal. This system is an optimal dual-
array system, and serves as an upper bound on free-field performance for the
given array structure.

Structure: General Dual-Array, Figure 4-5, with filters Wy(w) and W;(w) de-

termined according to Equation 2.11.

2. Dual-Delay/Sum: The input from the front microphone was delayed so that the

target source would add in phase with the input from the second microphone.

Structure: Dual-Delay/Sum Array, Figure 4-6, with the first input delayed by
three samples (which is the delay for the 9.2 cm microphone separation with a

sampling frequency of 11.25 kHz).

3. Dual +/- Gradient: For each array, the output was formed by subtracting the

rear input from the front input. Note: in this case, the microphones were

separated by only 2.6 cm.

Structure: Dual +/- Gradient Array, Figure 4-7.

For the Dual-Optimal Endfire system, the filters W;(w) were implemented using 127-
tap FIR equiripple approximations.

4.3.2 Array Mountings

The Dual-Optimal Endfire and Dual-Delay/Sum systems were tested for two different
mounting conditions: (1) free-field, with the arrays located 14 cm apart, and (2) head-
mounted with the arrays along the temples of a pair of eyeglasses (see Figure 4-8). The
Dual + /- Gradient system was tested for three different mounting conditions: (1) free-
field, (2) eyeglass temple mounted near the front of the eyeglasses, and (3) eyeglass

temple mounted near the ears (see Figure 4-9).
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Figure 4-5: General Dual-Array Structure, used for Dual Optimal Endfire system.
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Figure 4-6: Dual-Delay/Sum Array Structure, where a= aendfire(w, 9, #) (the inter-
microphone incremental phase difference), as defined in Chapter 2, for 2 9.2 cm

microphone spacing.
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Figure 4-7: Dual +/- Gradient Array Structure.
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Figure 4-8: Eyeglass temple mounting for Dual-Optimal Endfire and
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Figure 4-9: Eyeglass temple mounting for the Dual +/- Gradient dual-
array system (a) at the front of the glasses and (b) at the ears.

4.3.3 Directionality Measurements

Table 4.2 shows the theoretically predicted free-field values of Dyw, Dyw,q., and ¥ rw

for the three test systems. Interesting properties to note are:

1. The Dual-Delay/Sum system realizes lower directivity than the Dual-Optimal
Endfire system.

2. The Dual +/- Gradient system achieves high directivity with very simple pro-

cessing, a gain which is offset by its high noise sensitivity.

3. The measure Dw,. yields much lower values than the conventional Dyw, a fact
that arises due to the 'narrowness’ of endfire directional patterns both horizon-
tally and vertically. Since the azimuth directivity does not reflect the vertical
‘narrowness’, it results in considerably lower values than the conventional, three-

dimensional directivity.

Table 4.3 repeats the theoretical free field values of Dyw and Dyw,,. together with

the measured values of Dyw,q. for the different mounting cases. Since all of the test
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Table 4.2: Theoretical free-field values of Dyw, Diw,.. and ¥rw for the
three dual-array test systems.

[ Dual-Array Syst. " Diw (dB) I Dnv,az (dB) | Viw (dB) |

Dual-Optimal Endfire 8.12 6.22 3.69
Dual-Delay/Sum 6.31. 5.15 0.42
Dual +/- Gradient 8.53 6.46 10.89

systems produced a binaural output, directivities were measured for both the right
(R) and left (L) outputs.

Considering Table 4.3 within each column reveals that head mounting does not
greatly alter the relative ordering of the systems’ directivities. The one noticeable
change in ordering is that while the Dual +/- Gradient system theoretically possesses
the highest directivities, the Dual-Optimal Endfire system exhibits the highest mea-
sured directivities. The Dual +/- Gradient systems suffers a significant performance
loss, relative to theoretical levels, which arises from the high noise sensitivity levels
~ this system is more susceptible to non-identical microphones, etc. In general, how-
ever, head mounting does not affect any one system any more or less than it affects
the other two.

Considering Table 4.3 within each row reveals that head-mounting does result
in performance degradation relative to the free-field mounting. The Dual-Optimal
Endfire and Dual-Delay/Sum systems both demonstrate similar levels of degradation,
while the Dual +/- Gradient system behaves slightly differently. When mounted
towards the front of the eyeglasses, it behaves almost the same as it does in the free-
field, but, when mounted near the ears, the performance levels decrease. Considering

the results for all three systems, head mounting causes the greatest directivity loss
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Table 4.3: Theoretical free-field Dyw and Djw,.. and measured Drw,q-
for the three dual-array test systems. The measured values are given
for the right (R) and left (L) outputs.

Dual-Array System Theoretical | Theoretical Measured

Diw (dB) | Drw,e. (dB) Diw,: (dB)
Free-Field | Free-Field | Free-Field | Eyeglass
Dual-Optimal Endfire D(w) 8.12 6.22 6.39 (R) | 5.44 (R)
6.42 (L) | 5.48 (L)
Dual-Delay/Sum 6.31 5.15 5.48 (R) | 4.73 (R)
5.63 (L) [ 4.99 (L)
Dual +/- Gradient 8.53 6.46 5.75 (R) | 5.77 (R)
(front of glasses) 5.80 (L) | 5.43 (L)
Dual +/- Gradient 5.10 (R)

(near the ears) 4.86 (L)
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when the microphones are closer to the head, i.e. when the head shadow effects are
largest. The Dual +/- Gradient system is the best example of this — when mounted
near the ears, all four microphones are located directly next to the head, and this
system exhibits the greatest directivity loss re free-field. In contrast, when it 1s
mounted at the front of the eyeglasses, none of the microphones is directly next to
the head, and little performance is lost re free-field. The remaining systems fall
between these extremes, with two microphones next to the ears and two microphones
at the front of the glasses. This behavior makes sense — the mounting environment is
least like the free-field (i.e. sound diffraction is greatest) when the array is very close
to the head.

To further appreciate the effect of head-mounting upon the directional perfor-
mance of these test systems, Figures 4-10 and 4-11 show the intelligibility-weighted
polar plots, |Grw(8,¢ = 0)|, for the right outputs of the Dual-Optimal Endfire and
Dual +/- Gradient systems, respectively?.

Figure 4-10 shows that the Dual-Optimal Endfire system free-field measurements
correspond very closely with the expected values and that head mounting degrades
the performance only slightly. As expected for the head-mounted case, the side of the
array that experiences little head shadowing (towards 270° for the right array) still
exhibits a portion of the theoretical null characteristics, while the other side, which
experiences a significant amount of diffraction effects due to head shadowing, does
not. Overall, the eyeglass-mounted array still possesses an enhanced directionality in
the desired target direction and retains roughly the free-field directionality gains.

Figure 4-11 shows that the Dual +/- Gradient system free-field measurements also
correspond with the theoretical predictions. Performance is only slightly degraded
when the arrays are mounted on eyeglass temples near the front of the eyeglasses,

and, as shown for the Dual-Optimal Endfire system, sources that experience little head

4The Dual-Delay/Sum system exhibits a similar relationship between the theory and actual
measurements as shown for the Dual-Optimal Endfire system, and, for all three systems, the left
outputs behave almost identically to the right outputs, except for an obvious left-right flip.
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(b) free-field

270
(c) eyeglass-mounted

Figure 4-10: Intelligibility-weighted polar plot of |Grw(8, ¢ = 0)| for the right output
of the Dual-Optimal Endfire test system for (a) the theoretical free-field, (b) the
measured free-field and (c) the measured eyeglass-mounted case.
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shadow experience a directional pattern similar to that of the free-field while sources
shadowed by the head experience different behavior. When the arrays are mounted
near the ears, however, the system loses more of its directional performance, with
neither side behaving like the free-field case. This second eyeglass mounting places
both microphones very close to the head (much closer than the first Dual +/- Gradient
eyeglass mounting), which strongly affects the overall system directionality. Overall,
however, this system does still demonstrate some improvement in directionality over
the conventional dual cardioid binaural hearing aid, Figures 4-2 and 4-3.

The intelligibility-weighted polar plots of the left outputs of these systems behave
in a similar manner to the right outputs (with the obvious 'flip’ in behavior due to
switching from one side of the head to the other) and the Dual-Delay/Sum system
exhibits behavior similar to that of the Dual-Optimal Endfire System.

4.3.4 Output ITD Measurements

Theoretically, free-field dual-array systems with the arrays located 14 cm apart should
produce the same output ITDs as two microphones spaced 14 cm apart. (This assumes
identical microphones in each array so that the two arrays would process signals from
any given source direction identically.) Hence, the theoretical output ITDs are the
same as the ITDg,i,cq for the single-array systems with the total array span, (n—1)d,

replaced by 14 cm and, from Equation 3.8:

14 em

sinf cosd.

ITDoutput(w, 8, 9) =

Figures 4-12 through 4-14 show the measured free-field and eyeglass-mounted output

ITDs for the three test systems with sources arriving from 0°, 30°, 60°, and 90°.
Figures 4-12 and 4-13 indicate that the Optimal Endfire and Dual-Delay/Sum

systems both operate as predicted in the free-field, with the small jumps’ evident in

these ITD measurements arising due to nulls in the directional pattern, with associ-
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Figure 4-11: intelligibility-weighted polar plot of |Grw(8,¢ = 0)| for the right output
of the Dual +/- Gradient test system for (a) the theoretical free-field, (b) the measured
free-field and the measured eyeglass mounted cases (c) near the front of the glasses
and (d) near the ears.
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Figure 4-12: Dual-Optimal Endfire system output ITDs for (a) free-field and
(b) eyeglass-mounted. Dotted lines indicate theoretical free-field behavior.
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Figure 4-14: Dual +/- Gradient system output ITDs for (a) free-field, (b) eyeglass-

mounted near the front of the eyeglasses, and (c) eyeglass-mounted at the ears:
0° = "0’, 30° = ’-*, 60° = >-’, and 90° = ’-.”. Dotted lines indicate theoretical free-field

behavior.
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ated large phase shifts, that are unequal at the ears. Head mounting increases the
ITDs similarly in both cases, so that they resemble the ’true’ ITDs at the ears, shown
in Figure 4-4 (b). The large deviations evident in these ITD curves at low frequen-
cies arise due to the low-frequency linear w dependence in the cardioid microphone
responses. The low-frequency signals out of the microphones are very small, and,
consequently, the array is more susceptible to slight magnitude and phase differences
between the microphones, which results in poorly preserved ITDs.

Figure 4-14 shows that the Dual + /- Gradient system does not behave as expected
for either the free-field or the head-mounted cases. To understand these plots, first
note that they are plotted in a slightly different manner than the other ITD plots
in this thesis — due to the erratic nature of these ITDs, each of the four curves was
plotted in a different line type. The theoretical ITDs are also plotted using the
standard dotted lines. For the free-field case, the ITDs for sources arriving from
0°, 30°, and 60° behave as expected — they follow the theoretical free-field curves
reasonably well. The source arriving from 90°, however, produces output ITDs that
are substantially different from the theoretical predictions — they are smaller than
expected. This arises largely from the fact that the Dual +/- Gradient system has
a magnitude null at 90° for all frequencies (see Figure 4-11), which results in output
signals with poorly defined phase (as explained below) for sources arriving from 90°.
Hence, the resulting ITDs are of questionable meaning in this case. For the two head-
mounted cases, the 0° and 30° curves again behave as expected — they are slightly
larger than the theoretically predicted values, which results from head shadowing.
The 60° and 90° curves, on the other hand, behave erratically. While the null at
90° (as discussed above) partially explains this behavior, the main cause for this is
uncertain. One possible cause is that, since there are two partial cancellations at low
frequencies, slight differences in the magnitude and phase responses of the individual
cardioid microphones and errors in their placement can result in wide deviations in

output ITDs. Since the microphone differences would be most obvious for sources
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that are close to nulls, the ITDs behave most erratically for sources arriving from
60° and 90°. As with the Dual-Optimal Endfire and Dual-Delay/Sum systems, the

low-frequency w? dependence® also causes low-frequency 1TD deviations.

4.4 Single-Array Systems

The single-array systems were designed for the free-field case and possessed the fol-

lowing structure:

e Four-element broadside array (span = 14 cm) consisting of equally-spaced car-

dioid elements.

o Individual cardioid microphone (Knowles EB-1979) response:
[P(w,6,4)] = 2lsin(5(cosd + 1)),

where p = microphone port spacing = 8.5 mm. The four responses were roughly
equalized by the application of a scale factor to three of the microphones.
Note that these microphones are slightly different than those used in the Dual-
Cardioid and Dual-Array systems of Sections 4.2 and 4.3 in that they have a

smaller port spacing (8.5 mm versus 14 mm).

These systems were implemented in real time using two Ariel DSP-96 boards, each
equipped with a Motorola DSP96002 signal processing chip and a dual channel 1/0.
The need for two boards arose due enly to the I/O requirements (four A/D channels
were needed for the four microphones) and not to processing requirements. All output
signals were processed with a single-pole (p=0.897), single-zero (z=0.571) IIR filter

to compensate for the linear w dependence of the microphones at low frequencies.

5Recall that, for this array, the low-frequency dependence is w? rather than linear w, which was
the dependence for the previous two systems.
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4.4.1 Test Systems

Five sample systems — two monaural and three binaural — were evaluated. Three of
the systems served as ’boundary’ systems, marking the theoretical limits of directional
(maximum directivity) and binaural cue (zero RMS ITD error) performance, while
the remaining two systems are a Combined system and a Lowpass/Highpass system,
which, as presented in Chapter 3, operate between these boundaries. The listing
below describes each test system and tells which of the three possible structures,
defined in Chapter 3 and repeated in Figures 4-15 through 4-17, was used in the actual
implementation. Note, all systems with noise sensitivity considerations were designed
so that ¥(w) < U,ing.(w) + 5 dB at all frequencies, where ¥ inge(w) = I_I_’_(E%W is

the single-microphone noise sensitivity.

1. Pass Through: The inputs to the outermost microphones, Xo(w) and Xs(w),

were sent directly to their respective ears, which resulted in the ’perfect’® main-
tenance of ITDs (E(w) = 0), but achieved only single microphone directivity -

it served as a lower bound on both directivity and RMS ITD error.

Structure: Sub-optimal Lowpass/Highpass (Figure 4-17) with the lowpass and
highpass filters having an infinite cutoff frequency’.

2. Optimal Directivity: The filters were designed to maximize directivity at all fre-

quencies, which resulted in maximum directionality while producing a monaural

output — it served as an upper bound on both directivity and RMS ITD error.

Structure: Optimal Lowpass/Highpass (Figure 4-16) with the lowpass and high-

pass filters having a zero cutoff frequency®, f. = 0 Hz.

8For single-array systems, 'perfect’ ITDs mean that the system maintains the ITDg,,ireq defined
in Equation 3.8. These ITDs do not necessarily equal the naturally occurring ITDs at the wearer’s
ears, which are shown for the dual cardioid binaural hearing aid in Figure 4-4 (b).

7An infinite cutoff frequency means that the lowpass filter is simply a short circuit and the
highpass filter is an open circuit.

8A zero cutoff frequency means that the lowpass filter an open circuit and the highpass filter is
a short circuit.
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3. Uniform Weighting: The inputs were averaged to form the output signal, which

resulted in moderate levels of directivity from an extremely simple structure
and a monaural output — it served as an upper bound on directivity and RMS

ITD error for the case of simple processing.

Structure: Sub-optimal Lowpass/Highpass (Figure 4-17) with the lowpass and
highpass filters having a zero cutoff frequency.

4. Combined, 7(w) = 40 psec: The weights satisfied Equation 3.12 for the desired

level of 7(w), and, therefore, this system was an intermediate between the ex-
treme cases above — it achieved some directivity gains at each frequency by

allowing a small amount of RMS ITD error.

Structure: General Single-Array (Figure 4-15).

5. Lowpass/Highpass (f. = 1000 Hz): The low-frequency portion of the output

signals was formed using the Pass Through system while the common high-

frequency component came from the Optimal Directivity system.

Structure: Optimal Lowpass/Highpass (Figure 4-16).

For all systems above, the filters W;(w) were implemented using 127-tap, FIR equirip-
ple approximations and the lowpass and highpass filters (in cases where they had
neither infinite nor zero cutoffs) had 300-Hz transition regions, centered at the cutoff,

and were implemented using 63-tap, FIR equiripple approximations.

4.4.2 Array Mountings

The single-array systems were tested for three different mounting conditions: (1) free-
field, (2) head-mounted across the front of eyeglasses, and (3) head-mounted on a
headband. Figure 4-18 shows the two head mountings. Note that for both of these
mountings, the array had the same 14-cm linear span, but that the headband moust-

ing required a slight bending of the array along the top of the head.



CHAPTER 4. PHYSICAL EVALUATION

78
w — X
Y © 0@ ij)
W3 (@
W1 (® Xl @
q
W2 () (=
W2 (@ _Xz_ ;0))
W] (®
‘ W3 (» X3(CO)
Y (0 —d
0 W (0
0
Figure 4-15: General Single-Array Structure.
Y (o Me X (@)
0 LPF 0
¥ -0,
Wo (@
X, @)
W, (@ ——d
— HPF Xz(m)
W, (@ —
W, (@ — X3@
—d
Y@ —e LPF

Figure 4-16: Optimal Lowpass/Highpass Structure.

Target

Target




4.4. SINGLE-ARRAY SYSTEMS

Y @

Y, (@

Figure 4-17: Sub-optimal Lowpass/Highpass Structure.

(a)

©

O

14cm

Q} LPF
—  HPF <——(>T§
1/4

Au-{\’ LPF

X 0 )

X, @

X, @)

X3 @)

79

Target

l14cm

Figure 4-18: Single-array system head-mountings: (a) eyeglasses and (b) headband.
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4.4.3 Directionality Measurements

Table 4.4 shows the theoretically predicted values of Dyw, Diw,qe. and ¥ w for the five

test systems. These provide a means for comparing the expected system directionality

and reveal three interesting properties:

1. The easily implemented Uniform Weighting system achieves almost the same

levels of Dyw as the Optimal Directivity system and has a lower noise sensitivity.

2. The values of Dyw for the Combined and Lowpass/Highpass systems indicate

that some degree of ITDs can be maintained without sacrificing too much di-

rectionality.

3. The values of Dyw,,. are close to the values of Dyw, a fact that arises because
the directional patterns of broadside arrays are 'narrow’ only horizontally and
not vertically. Since most of the conventional directivity gains are due to the

horizontal narrowness, the azimuthal directivity is close to, if not greater than,

the three-dimensional directivity.

Table 4.4: Theoretical values of Drw, Drw,.. 3nd ¥ w for the five test systems

[ Single-Array System || Diw (dB) [ Diw,a. (dB) | ¥1w (dB) |

Pass Through 4.67
Optimal Directivity 8.03
Uniform Weighting 7.18

Combined (7(w) = 40psec) 7.06

LP/HP (f.=1000 Hz) 7.66

4.22

8.26

7.47

7.08

7.61

7.94

7.50

1.91

8.44

6.03




4.4. SINGLE-ARRAY SYSTEMS 81

Table 4.5 lists the theoretical free-field Dy, the theoretical free-field D w ., and
the measured free-field and head-mounted Dy, for all five systems and all array

mountings.

Table 4.5: Theoretical and measured directional performance for the
five sample systems with the three different mountings. For binaural
systems, (R) indicates right ear and (L) indicates left ear.

Single-Array Theoretical | Theoretical Measured
System DIW (dB) D]W,u (dB) DIW.az (dB)
Free-Field | Free-Field | Free-Field | Eyeglass | Headband
Pass Through 4.67 4.22 4.02 (R) | 4.26 (R) | 3.85(R)
4.19 (L) | 420 (L) | 3.90 (L)
Optimal Directivity 8.03 8.26 7.88 8.22 7.51
Uniform Weighting 7.18 7.47 7.06 7.60 7.24
Combined 7.06 7.08 6.73 (R) | 7.37 (R) | 6.30 (R)
(r = 40psec) 6.90 (L) | 7.26 (L) | 6.78 (L)
LP/HP 7.66 7.61 747 (R) | 7.58 (R) | 7.01 (R)
(f. = 1000 Hz) 7.55 (L) | 7.78 (L) | 7.10 (L)

To discuss these directional results, first consider Table 4.5 within each column.
For each of the three mounting cases, the relative performance levels of the five
test systems behave as predicted by theory: the Optimal Directivity system always
possesses the highest Dy, and the Pass Through system possesses the lowest. The
only case where the theoretical ordering of the Dyw,q. values are not preserved is
for the headband mounting, with which the Uniform Weighting system achieves a
higher Dyw,,. than the Lowpass/Highpass system. A possible reason for this is that

headband mounting involves a slight bending of the linear array. As discussed below,
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this bending does not degrade the Uniform Weighting system to the same extent
as the other systems. In general, the columns of Table 4.5 are consistent, and the
relative performance between the systems is hardly affected by head mounting.

Now, consider Table 4.5 within each row. This shows that head mounting has
very little effect upon the performance of any given system. In fact, the eyeglass-
mounted systems exhibit better performance than the free-field systems! This arises
due to the head shadow effects in the azimuth-plane — in particular, the head shadows
sources arriving from behind the wearer, increasing overall sensitivity in the forward
target direction. The headband mounting, on the other hand, tends to degrade per-
formance slightly, partly because the headband mounting does not enjoy the same
azimuth-plane head-shadow benefits of the eyeglass mounting, but more importantly
because the headband mounting introduces a slight curvature into the array struc-
ture. To determine the effects of curvature upon array performance, consider the four
array systems tested (Pass Through is excluded here, because it is not technically
an array system in that each output is formed by using only one microphone). Of
these four systems, the Optimal Directivity, Combined and Lowpass/Highpass were
all designed for linear arrays with a precisely known structare while the Uniform
Weighting system is independent of the array structure. As shown in Table 4.5, when
compared to free-field mounting, headband mounting degrades the performance of all
three structure-dependent systems while it actually improves the performance of the
structure-independent system, which suggests that the slight change in array structure
is, in fact, the primary degrading factor in the performance of the headband-mounted
systems. For all of the measured cases of Table 4.5, however, the variations of Drw,q.
across any given row are small (less than 1 dB), and so ihese results show that head
mounting has relatively little effect on performance.

To illustrate the effects of head mounting on the azimuth plane directional char-

acteristic, Figure 4-19 shows the theoretical and measured |Grw (8,4 = 0)| for the
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Optimal Directivity system®. Overall, the measured characteristics follow the theo-
retically predicted ones very closely, except for the small lobe toward the rear of the
system (180°). Since the theoretical null at 180° arises from the cardioid microphones,
the small rear lobe most likely arises from the failure of the actual microphones to
exhibit perfectly cardioid behavior. This lobe probably accounts for the fact that all
free-field measured values of Dw,, in Table 4.5 are lower than the theoretical val-
ues. Also, as indicated in Table 4.5, the eyeglass mounting performs slightly better
than the free-field system and the headband-mounted system performs slightly worse.
The intelligibility-weighted polar plots of the remaining four systems exhibit behavior
similar to that predicted in Table 4.5.

4.4.4 Output ITD Measurements

The Pass Through system theoretically maintains the ITDs produced by two micro-
phones located 14 cm apart, with the output ITDs given by Equation 3.8:

14 em

ITDoutput(w, 0, @) = sinb cos.

This is the ITD that the Combined system is designed to maintain (within its specified
constraints) and that the Lowpass/Highpass system does maintain at low frequencies.
To see the variations in the output ITDs produced by these three systems, Figures 4-
20 through 4-22 show the theoretical free-field output ITDs for the three single-array
binaural output systems for azimuth-plane sources arriving from 0°, 30°, 60°, and
90°. The Pass Through system (Figure 4-20) produces exactly the ITDg.qirea as
defined by Equation 3.8, and so the output ITDs are constant over frequency for
any given arrival angle. The Combined system (Figure 4-21) allows some degree of
RMS ITD error at all frequencies and, consequently, exhibits deviations from the

9The remaining four systems exhibit similar relationships between the measured curves and the
theoretical curves as the Optimal Directivity system. In the binaural output cases, the left and right
outputs behave almost identically, except for a left-right *flip’ in all of the curves.
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Figure 4-19: Polar plot of intelligibility-weighted azimuth-plane directional charac-
teristic for tke optimal directivity system: (a) theoretical, (b) measured free-field, (c)
measured eyeglass-mounted, and (d) measured headband-mounted.
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desired ITDs. Note that the basic trends of the ITD4csireq are maintained in that the
ITDs produced by sources closer to 90° are greater than ITDs produced by sources
closer to 0°. The Lowpass/Highpass system (Figure 4-22) maintains the ITDs at
low frequencies and has zero ITDs (monaural output) at high frequencies. Note
that all three systems perfectly maintain ITDs for sounds arriving from 0° = the
target direction, a property caused by the imposed symmetry of the weights in the
single-array structures, shown in Figure 4-15. Figures 4-23 through 4-25 depict the
measured output ITDs produced by the three binaural systems for the free-field and
the eyeglass-mounted cases. (Apperdix C shows the measured ITDs produced by

the headband-mounted systems — these ITDs resemble those of the eyeglass-mounted

systems.)
Theoretical
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Figure 4-20: Theoretical free-field ITDs for the Pass Through system.
Perfectly matches desired ITDs.
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Figure 4-21: Theoretical free-field ITDs for the Combined system,
7(w) = 40usec (solid line) and for the Pass Through system (dotted

lines).
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Figure 4-22: Theoretical free-field ITDs for the Lowpass/Highpass sys-
tem, f. = 1000 Hz (solid lines) and for the Pass Through system (dotted

lines).
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-

Figure 4-23 shows measurements for the Pass Through system, which theoretically
maintains ’perfect’ ITDs. In both cases, the output ITDs resemble the theoretical
ITDs. The free-field results follow the theoretical predictions extremely closely, while
the eyeglass-mounted results show some deviation, that increase at low frequencies.
These low-frequency ITDs (which are the ones of interest in sound localization) are
greater in the eyeglass-mounted cases than in the free-field case, behavior that arises
due to sound diffraction about the head. This increase in low-frequency ITDs is
actually desirable, because it causes the system to produce output ITDs that are
closer to the natural ones, as shown in Figure 4-4 (b) for the conventional binaural
hearing aid.

Figure 4-24 shows the output ITDs for the Combined system. As with the Pass-
Through system, the free-field results follow the theoretical predictions closely, while
the eyeglass-mounted results show deviations that increase at low frequencies. Actu-
ally, the eyeglass-mounted low-frequency ITDs are as large as those measured near
the ears with the conventional binaural hearing aid, Figure 4-4 (b), and so head-
mounting again has the desirable effect of rendering the low-frequency ITDs more
realistic. Chapter 5 will explore whether the variations of these ITDs as functions of
frequency has any degrading effect upon the wearer’s localization abilities.

Figures 4-25 shows the output ITDs for the Lowpass/Highpass system. These
results behave as expected, with the lowpass portion of the output ITDs being similar
to the Pass Through system ITDs for the two different mountings. The free-field ITDs
follow theory quite closely while the eyeglass mounted ITDs are larger. The high-
frequency ITDs are always zero for this system, which is expected due to the monaural
high frequency component.

Note that all head-mounted single-array ITDs are lower than those of the head-
mounted Dual-Cardioid system. This indicates that single-array systems produce
ITDs that are smaller than the naturally occurring ones, which should affect the

wearer’s ability to localize sound. These ITDs could be made more realistic by increas-
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Figure 4-23: Measures ITDs for the Pass Through system with (a) free-field mounting
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and (b) eyeglass mounting. Dotted lines indicate theoretical free-field behavior.
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Figure 4-24: Measured ITDs for the Combined (7(w) = 40usec) system with (a) free-
field mounting and (b) eyeglass mounting. Dotted lines indicate theoretical free-field

behavior.
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Figure 4-25: Measured ITDs for the Lowpass/HighPass (f. = 1000 Hz) system with
(a) free-field mounting and (b) eyeglass mounting. Dotted lines indicate theoretical
free-field behavior.



92 CHAPTER 4. PHYSICAL EVALUATION

ing the broadside array span so that spacing between the outermost array elements

more accurately reflected the natural inter-ear spacing.

4.5 Interpretation of Results

4.5.1 Directionality

The directionality results for both the dual-array (Table 4.3) and single-array (Ta-
ble 4.5) systems suggest that the multimicrophone, binaural output hearing aid struc-
tures developed in Chapter 3 are capable of increasing overall directionality, relative
to a conventional, Dual-Cardioid binaural hearing aid, while still producing a realis-
tic binaural output. All multimicrophone test systems (excluding the Pass Through
single-array system, which served as a lower bound on directionality) exhibited theo-
retical free-field levels of Dy that were 3-4 dB greater than the corresponding levels
for the Dual-Cardioid aid. Moreover, the measured results, Dyw,., indicate that these
systems retain their increased directionality when mounted upon the head.
Comparing the two classes of binaural multimicrophone system to each other, the
dual-array systems (Table 4.3) consistently exhibited higher levels of theoretical Dw
than the single-array systems (Table 4.5). The measured values of Dw,q., as well as
the actual intelligibility-weighted polar plots, |Grw (8, ¢ = 0)|, indicate, however, that
head mounting degrades the dual-array systems to a greater degree than single-array
systems. One cause of this discrepancy in head-mounting effects lies in the fact that
all measurements were made in the azimuth-plane, in which head-shadow effects de-
grade dual-array endfire performance to a greater degree than they affect single-array
broadside performance. To see why this is so, consider the head-mounted dual- and
single-array systems. The only single-array mounting in which head shadow had a
serious effect on azimuth-plane performance was the eyeglass mounting — the head
did not block azimuth sources with the headband mounting. In the eyeglass-mounted

case, the head shadowed sources arrive from behind the listener, thus reinforcing the
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system null at 180° and improving performance relative to the measured free-field
performance. For the head-mounted dual-array systems, however, head shadow af-
fected sources to one side of the listener. The resulting diffraction effects degraded the
nulls that these arrays have to the sides and, consequently, degraded the directional
performance.

Overall, head shadowing caused a greater degradation of azimuth-plane perfor-
mance in dual-array endfire systems versus single-array broadside systems. The over-
all levels of degradation due to head mounting were reasonably similar for all systems
tested, dual- or single-array, and no one system exhibited strikingly different bchavior

upon head mounting.

4.5.2 Oatput ITDs

Comparing the output ITDs of the binaural multimicrophone systems with the out-
put ITDs of the conventional binaural hearing aid reveals that the multimicrophone
systems can produce output ITDs that reflect the naturally occurring ITDs near the
ears. In all cases, head mounting has the desirable effect of increasing the ’natural-
ness’ of the output ITDs — the output ITDs become closer to their values at the ears,
shown in Figure 4-4 (b).

Comparing the two classes of multimicrophone systems, the single and dual-array
systems perform comparably, with the dual-array systems producing slightly more
realistic ITDs. This arises due to the more natural location of the arrays in the dual-
array systems — one array on either side of the head. This array placement results
in the dual-array systems experiencing greater azimuth-plane head shadowing effects,
and so their output ITDs are more natural. The only exception to this conclusion is
the Dual +/- Gradient array, for which the locations of the nulls in the directional
pattern together with the high noise sensitivity result in inaccurate output ITDs.

In summary, this chapter has demonstrated that the systems presented in Chap-

ter 3 do indeed meet both goals of this thesis. They exhibit both directionality and
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binaural fidelity to varying degrees. Moreover, these results have shown that the sys-
tems can be designed for free-field operation and subsequently head-mounted without
substantial performance loss. In fact, head mounting results in more realistic output

ITDs for all systems.



Chapter 5

Behavioral Evaluation

This chapter presents the results of a behavioral evaluation performed on normal-

hearing subjects and consisting of two parts:

1. Speech Intelligibility in Noise: Directionality was explored by measuring system

intelligibility weighted gain, Gy, and by testing the wearer’s ability to compre-

hend target-direction speech in a diffuse noise field.

2. Sound Localization: Binaural cue fidelity was measured by testing the wearer’s

ability to localize sound sources in the azimuth plane.

5.1 Test Systems

Evaluations were conducted on thirteen head-mounted system designs, all of which
were also tested in Chapter 4 (with the exception of the Lowpass/Highpass single-
array system that was tested with a cutoff frequency of 1000 Hz in Chapter 4 and
800 Hz in this chapter). The systems are:

o System 1. Naked Ear (i.e. no hearing aid): This served as the primary reference

system. This ’system’ provided no enhancement of directional sensitivity, but

it retained perfectly natural binaural cues.

95
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o System 2. Dual-Cardioid: This served as the secondary reference system. It

is the simplest case of a directional, binaural hearing aid, consisting of two
cardioid microphones (Knowles EL-3085, port-spacing = 14 mm) located at
the ears and providing some enhancement in the wearer’s directional sensitivity

with near perfect preservation of the natural binaural cues.

e Systems 3-4. Dual-Array Systems: These form the first subclass of binaural out-

put, multimicrophone hearing aids (Section 3.2). These test systems consisted of
two endfire arrays, each implemented with two cardioid microphones (Knowles

EL-3085, port-spacing = 14 mm). These systems were:

— 3. Dual-Optimal Endfire: Each endfire array was designed to maximize

free-field directivity, D(w). The center-to-center microphone spacing was
9.2 cm (total array span of 10.6 cm, including the 14 mm microphone
port-spacing) and the arrays were mounted along the temples of a pair of
eyeglasses, as shown in Figure 4-8. (See Figure 4-5 for the interior structure

of this system.)

— 4a,4b. Dual +/- Gradient: Each array output was formed by subtracting

the output of the rear microphone from that of the front microphone. In
this case the center-to-center microphone spacing was 2.6 cm (total array
span of 4 cm, including the 14 mm microphone port spacing) and the arrays
were head-mounted in two different ways: (a) along eyeglass temples near
the front of the eyeglasses and (b) along the temples near the ears, as shown

in Figure 4-9. (Sce Figure 4-7 for the interior structure of this system.)

e Systems 5-8. Single-Array Systems: These form the second subclass of multimi-

crophone, binaural output systems (Section 3.3). All single-array systems con-
sisted of a broadside array with four equispaced cardioid microphones (Knowles
EB-1979, port-spacing = 8.5 mm). Two separate head mountings, shown in

Figure 4-18, were investigated for each system: (2) mounted along the front of
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a pair of eyeglasses, and (b) mounted on a headband.

— 5a,5b. Optimal Directivity: Each output signal was formed to maximize

free-field directivity. As discussed in Chapter 3, this led to a monaural
output, and so this system preserved no binaural cues. Figure 4-16, with

zero cutoff frequency, f. = 0 Hz, gives the detailed system structure.

— 6a,6b. Uniform Weighting: Each output signal is simply the average of the

array inputs. Note that, like the Optimal Directivity system, this system
produces a monaural output, and, consequently, these two systems should
exhibit similar results for sound localization. For this reason, localization
measurements were made only for the Optimal Directivity system. Fig-

ure 4-17 with zero cutoff frequency, f. = 0 Hz, gives the system structure.

— T7a,7b. Combined (7(w) = 40usec): System filters were chosen according to

Equation 3.12 in order to maximize directivity, D(w), while keeping RMS
ITD error, E(w), below 40usec. Figure 4-15 shows the detailed structure
of this system.

— 8a,8b. Lowpass/Highpass (f. = 800 Hz): The outermost array inputs were

sent directly to the corresponding ears as the low-frequency (f < f.) com-
ponent of the outputs and the maximum directivity signal was sent to both
output signals as the common high-frequency (f > f.) component of the
outputs. This system maintained RMS ITD error at 0 for low frequen-
cies and maximized directivity for high frequencies. Figure 4-16 shows the
basic structure of this system, with the lowpass and highpass filters both
having cutoff frequencies at f. = 800 Hz!.

Table 5.1 summarizes the thirteen test systems along with their associated numerical

labels.

! This system differs slightly from the Lowpass/Highpass system tested in Chapter 4 in that the
cutoff frequency has been changed from 1000 Hz to 800 Hz.
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Table 5.1: The thirteen test systems and their numerical labels.

Number Reference Systems
1 Naked Ear
2 Dual Cardioid at ear
Number Dual Array Systems
3 Dual Optimal Endfire along eyeglass temple mounting
4a Dual +/- Gradient - front of eyeglass temple mounting
4b Dual +/- Gradient - near ear mounting
Number Single Array Systems
Sa Optimal Directivity - eyeglasses mounting
5b Optimal Directivity - headband mounting
6a Uniform Weighting - eyeglasses mounting
6b Uniform Weighting - headband mounting
Ta Combined (7(w) = 40psec) - eyeglass mounting
b Combined (7(w) = 40psec) - headband mounting
8a Lowpass/Highpass (f. = 800 Hz) - eyeglass mounting
8b Lowpass/Highpass (f. = 800 Hz) - headband mounting
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All hearing aid systems, Systems 2-8b, were implemented using two Ariel DSP96000
boards, each of which contained a Motorola 96000 signal processor and dual-channel
I/O. The filters W;(w), as specified by Equation 2.11, were implemented using 127-
tap, equiripple FIR approximations to the ideal filters, and the lowpass and highpass
filters were implemented using 63-tap, equiripple FIR approximations, with transition
regions 300 Hz wide centered at the cutoff frequency. The array outputs were ampli-
fied using a Crown D-75 amplifier and presented to the wearer via a set of Etymotic
Research ER-3A insert earphones. Insert earphones were employed avoid the effects

of the headset.

5.2 Testing Procedures and Results

The 13 systems were evaluated on five (paid) normal-hearing subjects, who ranged
in age from 18-22 years. The following two sections present the detailed descriptions

of the speech intelligibility in noise and the sound localization test procedures.

5.2.1 Speech Intelligibility in Noise

This test consisted of two parts:

1. Measurement of the intelligibility-weighted gain Gy [10] of each test system
was performed within the specific speech-intelligibility test environment. Gy,
mathematically defined in the following section, is a measure of the expected
intelligibility gain provided by a given system and will serve as a reference
against which to compare the actual speech intelligibility improvements attained

by the subjects.

2. Subjects’ speech reception thresholds (SRTs) were determined using the Hearing
In Noise Test (HINT) [19] for the thirteen test systems with target sentences
presented from 1 m directly ahead of the subject and noise presented in a quasi-

diffuse field.
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Figure 5-1 shows the experimentzi setup for both of these tests. Four Optimus Pro-7
loudspeakers were positioned in the corners of a non-treated room (6.1x4.0x2.7 m)
and driven to create a quasi-diffuse? noise field about the subject. Each loudspeaker
played a separate track of HINT Noise®, amplified by an Optimus SA-155 amplifier,
and together they generated a free-field noise level of 65 dBA at the location of the
subject. Target sentences, also amplified by an Optimus SA-155, were played from an
Optimus Pro-7 loudspeaker located 1 m directly in front of the subject. Target level
was adjusted so that HINT Noise played through the target loudspeaker produced a
reference level of 65 dBA at the subject.

Intelligibility-weighted Gain, Gy

Method: As mentioned above, G predicts the intelligibility gain provided by a
given system. Theoretically, in a perfectly diffuse noise field, the free-field Gr should
equal the intelligibility-weighted free-field directivity, D;w (presented in Chapter 2).
By definition, Gy [10] is given by:

GI = i'Yi(TJRoutput(w:') - TJR,;nput(w;)), (51)

i=1

where the «; are the intelligibility weights for the 14 third-octave bands from 200-
4000 Hz (defined in Chapter 2), TJRoutput(w;i) is the output target-to-jammer ratio at
the frequency w;, TIR;npyu:(w;) is the input target-to-jammer at the frequency w;, and
the w; are the fourteen center frequencies of the third-octave bands mentioned above.
More specifically, the TJRinpy(w;) is the ratio (expressed in dB) of the power due to
the target signal (with no noise) at w; to the power due to noise (with no target) at
w;, as measured by an omnidirectional microphone. The TJR yiput(w:) is a similar

ratio measured for the output signals of the hearing aid in question.

2Measurements in Appendix D indicate that the noise field was weaker, by about 2 dB, from the
up-down direction relative to the horizontal directions.

3HINT Noise is colored noise that is spectrally matched to the speaker of the HINT sentences
used to determine the SRTs.
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Figure 5-1: Experimental setup for the speech intelligibility evaluation
(room dimensions 6.1x4.0x2.7m).
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The TJR;npus was determined by measuring the power spectrum produced by
the target loudspeaker playing HINT noise, and the power spectrum produced by
the quasi-diffuse noise field produced by the four jammer loudspeakers. These mea-
surements employed an omnidirectional microphone (Knowles BT-1759) located in
the free-field at the position of the subject’s head, with the subject absent, and an
HP35660A spectrum analyzer. The measured power spectra were then processed to
determine the target and noise powers within each of the fourteen third-octave bands.
The ratios of the fourteen target-output powers to their respective noise-field powers
were then interpreted as TJR;npye(w;) at the fourteen w;.

The TJRoutput(w;) were measured with the KEMAR manikin as the ’subject’ and
were obtained as above, except that the output power spectra were obtained from
the system under measurement and not from an omnidirectional microphone. For the
Naked Ear case, the power spectra were measured directly by microphones (Etymotic
Research ER-11) placed in the ears of KEMAR. For the aided cases, the hearing aid
outputs were presented to KEMAR via the Etymotic ER-3A insert earphones and
the power spectra were obtained from the microphones in KEMAR'’s ears.

The TJRoutput values were obtained for both the right and left outputs of the
thirteen test systems, and, therefore, Gys were obtained for both ears. These values

were averaged to form a single G for each system.

Results: Table 5.2 shows the right, left, and averaged G values, as well as the
theoretical Dy values, for each of the thirteen test systems. Although the measured
G1 clearly demonstrate that all aided systems provide some intelligibility gain over
the unaided case, the gains are all significantly lower than the theoretical D;w values
(which they should match). Within each class of systems, however, the ordering of
G does reflect the ordering of Dyw (systems with higher relative Dyws have higher
relative Grs). This correspondence suggests that the discrepancies between Gy and
D;w are due to overall common factors that affect all systems within a given class.

Four possible causes of the performance degradation evident in the measured Gys are:
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Table 5.2: Gy measurements (in dB) for the test systems, along with
the corresponding theoretical, three-dimensional Dyw values.

System System || Right | Left || Average || Theoretical
Number || Ear | Ear G Free-field Dw
Reference Systems
Naked Ear 1 0.64 |0.19 0.40 N/A
Dual-Cardioid 2 2.30 | 1.72 2.01 4.59
Dual-array Systems
Dual-Optimal Endfire 3 3.21 | 3.79 3.50 8.12
Dual +/- Gradient 4a 3.82 | 4.45 4.13 8.53
4b 4.14 | 3.96 4.05
Single-array Systems
Optimal Directivity 5a 6.39 | 6.31 6.35 8.03
5b 6.01 | 5.09 5.55
Uniform Weighting 6a 5.27 | 5.65 5.46 7.18
6b 5.58 | 4.45 5.02
Combined Ta 5.28 | 4.52 4.90 7.06
7b 4.87 | 4.75 4.81
Lowpass/Highpass 8a 6.68 | 5.74 6.21 7.66
8b 5.44 | 5.51 5.48
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1. Head-mounting: Theoretical D;ws were determined for the free-field case whereas

Grs were measured for the head-mounted cases. Chapter 4 demonstrated that
head-mounting tends to degrade the directional performance of a given system,

thus resulting in measured G lower than theoretical Dyw .

2. Non-direct target: Equality of Gy with Dyw assumes that the received target

power is purely direct. In that the received target contains both direct and

reverberant power, the measured Gy will be lower.

3. Non-diffuse noise: Equality of G; and D;w requires a diffuse noise field within

the test environment. If the noise is not diffuse, the G; measurements will not

equal the theoretical Dyw values.

4. Non-omnidirectional reference microphone: The TJR;npu: measurements used to

form G assume that the reference microphone is omnidirectional. This omni-
directional reference is required for measured G to equal theoretical Drw. If
the reference microphone were more sensitive in the target direction, this would

lower measured G values.

In order to explore the contributions of these four factors in lowering the measured
Gy in Table 5.2, Table 5.3 shows the difference between measured G and theoretical
D;w for the reference Dual-Cardioid system, the dual-array systems and the single-
array systems. Note that the values for the dual- and single-array systems are the
average values over all systems within that class. Observe that the degradation in
Gy for single-array systems (2.0 dB) is smaller than that of the dual-array systems
(4.5 dB). This difference arises, in part, because the endfire-arrays in the dual-array
systems are more sensitive to head-mounting than the broadside-arrays in the single-
array systems. To support this, Table 5.3 also shows the measured drop in G that
arises due to head-mounting for three-example systems: the Dual-Cardioid, the Dual
+/- Gradient (as an example of dual-array systems), and the Uniform Weighting (as
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an example of single-array systems)?. These results show that head-mounting does

degrade single-array systems less than the Dual-Cardioid or dual-array systems.

Table 5.3: Average degradation between Gy and Dyw. The table also
shows the drop in Gt that arises upon head-mounting the system.

System Average Loss Loss due to
in Gy Head-Mounting
Dual-Cardioid 2.6 1.2
Dual-Array Systems 4.5 1.2
Single-Array Systems 2.0 0.3

Regarding the rightmost column of Table 5.3 as the G; degradation due to head-
mounting and subtracting these values from the overall G; degradation, the remaining
degradations (1.4 dB for the Dual-Cardioid system, 3.3 dB for the Dual-Array sys-
tems, and 1.7 dB for the Single-Array systems) must arise from the other three factors
listed above. Of these, the non-omnidirectional response of the reference microphone
is probably least significant. Non-direct target is likely to be substantial with an ex-
pected direct-to-reverberant power ratio estimated to be near 0 dB. Non-diffuse noise
is also significant, as shown by additional measurements in Appendix D that indicate
less power (about 2.5 dB) from the up-down direction (due to acoustic ceiling tile)

than from horizontal directions.

Determination of Speech Reception Thresholds (SRTSs)

Method: The SRTs of the various test systems were determined using the Hearing
In Noise Test (HINT) [19] with the following procedure:

1. For each system and with the diffuse noise field in place, one list of HINT

sentences was played from the target loudspeaker located at 1 m directly in

4These values were obtained by measuring Gy for both the free-field and head-mounted cases.
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front of the subject.

9. Under the HINT procedure, the levels of successive target sentences were ad-

justed based upon the correctness® of the subjects responses.

3. The final six presentation levels were averaged to form the subject’s Speech
Reception Threshold (SRT) for the system under evaluation, where the SRT is
an estimate of the presentation level of the target signal required for a subject

to recognize speech materials 50% of the time.

Each subject was tested twice with each system, and the two SRTs were averaged (in
dB) to form an overall system SRT®. All SRTs for a given subject were normalized
by the SRT of the Naked Ear system, and so the results presented are relative to the
Naked Ear case.

Results: Table 5.4 shows the SRTs obtained for each of the five subjects, DB, ME,
CK, JP, and J3, as well as the average (in dB) across subject and the corresponding
standard deviations. These SRTs indicate how much gain needs to be applied to
the target source so that the subjects’ speech comprehension is the same as with
the Naked Ear” and should roughly equal the negatives of the measured Gy values
(Table 5.2). Figure 5-2 shows the SRT results. Note: as a measure of the total
variability of these measurements, the overall average standard deviation® is equal to

1.30 dB. Observations arising from these data are:

1. The dual- and single-array systems exhibit similar SRTs, 3-4 dB, which indi-
cates that neither class of system provides superior speech intelligibility perfor-

mance.

5T0 be considered ’correct’, a subject’s response had to identify correctly all words in the sentence,
with the exception of articles (e.g. ’a’ ve ’the’) and tenses of ’to be’ (e.g. 'is’ vs 'was’).

8Subject ME was nnable to undergo the second set of tests, and so her results were based on a
single SRT measurement for each system.

7The actual Naked Ear SRTs for subjects DB, ME, CK, JP, and JS are 2.86, 2.28, 2.28, 2.28,
and 2.14 dB, resvectively, with an average SRT = 2.39 dB.

8Given by Oavg = %}:, o;, where o; are the standard deviations of the test systems.
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Table 5.4: Average differences in SRT (in dB), relative to the Naked
Ear, for each of the five subjects and averaged over subject. The right-
most column is the standard deviation across subject.
System System || DB [ ME | CK | JP JS || Average | o
Number | SRT | SRT | SRT | SRT | SRT SRT
Reference Systems
Naked Ear 1 0 0 0 0 0 0 N/A
Dual-Cardioid 2 -1.14| 0 |-0.86|-0.43 |-0.44 | -0.57 | 0.44
Dual-Array Systems
Dual-Optimal Endfire 3 -5.29 | -2.86 | -3.43 | -3.72 | -2.72 -3.60 | 1.03
Dual +/- Gradient 4a -4.57 | -1.15 | -4.14 | -4.86 | -3.86 || -3.72 | 1.49
4b -2.56 | -4.00 | -3.43 | -5.43 | -3.29 -3.74 | 1.07
Average -4.14 | -2.67 | -3.67 | -4.67 | -3.29 -3.69 | 0.77
Single-Array Systems

Optimal Directivity 5a -5.72 | -7.43 | -3.00 | -3.15 | -0.15 -3.89 | 2.79
5b -2.14 | -4.01 | -4.00 | -4.57 | -2.15 -3.37 | 1.40
Uniform Weighting 6a -3.71 | -1.15 | -4.00 | -2.29 | -1.00 -2.43 | 1.40
6b -3.43 | -6.29 | -3.71 | -5.15 | -2.14 | -4.14 | 1.61
Combined Ta -4.57 | -3.43 | -2.00 | -3.71 | -3.00 -3.34 | 0.94
b -3.00 | -4.57 | -4.57 | -6.56 | -1.57 || -4.05 | 1.88
Lowpass/Highpass 8a -3.43 | -4.57 | -2.85 | -2.86 | -3.00 || -3.34 | 0.73
8b -4.14 | -6.86 | -5.06 | -4.57 | -4.71 -5.07 | 1.05
Average -3.77 | -4.79 | -3.65 | -4.11 | -2.22 || -3.71 | 0.94
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1 2 3 4a 4b 5a 5b 6a 6b 7a 7b 8a 8b
System

Figure 5-2: Average SRTs and corresponding standard deviations.
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2. The simplified, sub-optimal systems yield similar SRTs to their more complex,
optimal counterparts. This is an important result — substantial speech intelli-

gibility improvements can be obtained with simple, easy-to-construct systems.

3. The SRTs are all lower than the measured Gys. In part, these differences result
from the fact that the SRTs are intelligibility gains measured relative to the
Naked Ear, whereas the Gys are intelligibility gains measured relative to an
omnidirectional microphone. To compare the SRTs with the Gys, all G; mea-
surements should be normalized to the 0.4 dB Naked Ear gain in Gy (Table 5.2).

4. Great correspondence between SRT and Gy is achieved when the results are
normalized to the Dual-Cardioid system, rather than the Naked Ear. These re-
normalized values (see Table 5.5) demonstrate a better correspondence between

SRT and Gy, especially for the single-array systems.

5. Within the dual- and single-array classes, the relative ordering of the SRTs
does not reflect the ordering of the corresponding Gys. However, variability in
the SRT results limits their precision. Had more test runs been made on each
subject for each of the test systems, a better correspondence might be found.
As an indication of the intra-test variability of the SRTs, Table 5.6 shows the
standard deviation between the first and second test runs, averaged (in dB)
over the thirteen test systems®. The overall average intra-test variability was

Ointra-test = 1.28 dB.

Overall, these results demonstrate that the binaural output, multimicrophone
hearing aids provide the wearer with significant speech intelligibility benefits over the
Naked Ear case. No one class of systems exhibits superior performance, however,
and, more importantly, equivalent performance levels are achieved with both optimal

systems and their simplified, sub-optimal counterparts.

9Appendix E gives the individual subject test results.
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Table 5.5: SRT and Gy measurements presented relative to the Dual-
Cardioid system.

System System || SRT (dB) | Gr
Number
Reference Systems
Dual-Cardioid 2 0 0
Dual-Array Systems
Dual-Optimal Endfire 3 -3.03 1.49
Dual +/- Gradient 4a -3.15 2.12
4b -3.17 2.04
Average -3.12 1.88
Single-Array Systems
Optimal Directivity 5a -3.29 4.34
5b -2.80 3.54
Uniform Weighting 6a -1.86 3.45
6b -3.57 3.01
Combined Ta -2.77 2.89
() -3.48 2.80
Lowpass/Highpass 8a -2.77 4.20
8b -4.50 3.47
Average -3.13 3.46

Table 5.6: Subject and average inter-test variability, in dB.

Subject O subject
DB 1.92
CK 0.62
JP 1.43
JS 1.15
Ointra-test = 128
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5.2.2 Sound Localization

Method: The subject was seated at the center of a seven-loudspeaker (Optimus
Pro-7) semi-circle, with the loudspeakers located in the subject’s azimuthal plane from
—90° to 90° at 30° intervals at a distance of 1 m (see Figure 5-3). A speech fragment
of about 2-3 seconds duration was played from a loudspeaker chosen at random and
the subject was asked to identify the speaker. The speech fragments, taken from an
analog cassette that continuously repeated a single male speaker reading a 1.5 minute
passage, were presented at a level of 60 dBA, and the system gain was adjusted to the
loudest comfortable level for the subject!?. A test run included 70 speech fragments

(10 per speaker). For each of the eleven test systems!!, two runs were performed.

Results: The results are presented in the form of confusion matrices, totaled over
all five subjects!?, as well as the percent-correct responses and the RMS angle-
identification error for each of the eleven systems tested (see Figure 5-4). The systems
are referred to by numerical label (see Table 5.1 for the corresponding systems), and
for each matrix, the rows correspond to the stimulus speaker (S) actually presented
and the columns correspond to the response speaker (R) given by the subjects. Several

results follow from these confusion matrices:

1. Figure 5-4(a) shows that the subjects achieved near perfect sound localization
with the Naked Ear. In fact, four of the six total errors involved a left/right
reversal; they were all due to the same subject and may have resulted from
a sign error made in reporting rather than an actual sound localization error.
If the signs of these responses were reversed, the percentage correct would be

99.6% and the RMS localization error would be 1.96°.

100pe subject, ME, experienced difficulties in obtaining a good seal with the ear insert earphones.
Consequently, the presentation level was reduced to 57 dBA and the system gain increased by about
3 dB.

11Recall that the Uniform weighting systems, 6a and 6b, were not tested for sound localization.

12Appendix F contains the individual subject results.
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Figure 5-3: Physical setup of the sound localization experiment, in
which the subject was asked to determine the source loudspeaker from
a semi-circle of seven loudspeakers located in the subject’s azimuth
plane.
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2. Figure 5-4(b) demonstrates that the Dual-Cardioid binaural aid leads to very
good localization. The majority of the errors occur when the source is at +90°,
which indicates that a binaural aid located at the ears maintains binaural cues
for sources located centrally ahead of the listener but not (perfectly) for lateral
sources. These results serve as an upper bound on the localization performance

for the aided systems, 2 through 8b.

3. Figure 5-4(c) demonstrates that the localization performance with the Dual-
Optimal Endfire system is slightly worse than that with the Dual-Cardioid
system — there were greater difficulties localizing lateral sounds, with the range
of difficulty expanding from 3-90° (as occurred for the dual-cardioid aid) to also

include sources arriving from +60°.

4. Figures 5-4(d) and (e) demonstrate that the performance with the Dual +/-
Gradient systems is slightly worse than the Dual-Optimal Endfire system -
subjects have some difficulty localizing central as well as lateral sources. One
phenomenon evident with these systems is the left-right reversal that occurs
with sources at +90°. Recall from Figure 4-14 that the output ITDs produced by
the Dual +/- Gradient are unreliable for sources arriving from 90°. Therefore,
although the subjects had a rough idea that lateral sources were different from
central sources, they had difficulty discerning the correct side.

5. Figures 5-4(f) and (g) indicate that both head mountings of the Optimal Di-
rectivity system, which has a monaural output, provide few localization cues.
Performance was not random, however, indicating that some cues were avail-
able. Cues may have arisen due to leakage through the insert earphones and
due to the system’s directional response itself. This system is most sensitive
to sources from 0°, and given that the speech fragments were presented at the
same level from all seven loudspeakers, the 0° source always sounded louder

and fuller than off-axis sources. Thus, subjects were able to identify 0° cor-
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rectly three-quarters of the time. Similarly, the more central sources tended
to be less attenuated, and some subjects could identify whether a source was
closer to 0° or more towards £90°. While these cues did assist the subjects in
judging a sources arrival angle, they provided for no left-right discrimination.
Any remaining localization cues evident in these ‘monaural’ results are probably
due to leakage through the headphones. Based on the approximate symmetry

of the confusion matrices, leakage cues appear to have been small.

6. Figures 5-4(h) through (k) demonstrate that the Combined and Lowpass/Highpass
systems both provided similar localization cues for both types of head mount-
ings. As with all of the binaural systems, the localization errors increase for
sources located further away from the center target direction. A particular prop-
erty of these systems, however, was that subjects tended to compress the source
arrival directions towards 0° — identifying sources as arriving from angles closer
to 0° than they actually were. This behavior arose, presumably, from the short
span of these 14-cm broadside arrays relative to the natural inter-ear spacing.
Recall that all single array systems were designed to preserve the ITDs experi-
enced by the two outermost array elements, and, consequently, for these arrays,
the ITDs being preserved were smaller than the ITDs actually experienced at
the ears (as evident in the physical measurements shown in Figures 4-4, 4-24,
and 4-25). Smaller ITDs resulted in the compression of perceived source arrival
angle. Another conclusion from these confusion matrices is that the more com-
plex processing of the Combined system, which partially preserves ITDs over
the entire frequency spectrum, yields sound localization performance equivalent
to that of the much simpler Lowpass/Highpass system, which preserves ITDs
only up to 800 Hz. Thus, preserving only low-frequency ITDs appears adequate

for sound localization.

Considering all of these results, the test systems behaved as expected, and the devi-

ations from the Naked Ear case and from each other can be qualitatively accounted
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for by considering the geometry and directional behavior of the different systems.

The primary conclusions that can be drawn from the evaluations in this chapter

are:

o All dual- and single-array systems (3-8b) exhibit similar speech intelligibility
gains relative to the reference systems (1,2) — no system exhibits discernibly bet-
ter performance. Furthermore, the SRTs indicate that the simpler test systems,
i.e. the Dual +/- Gradient systems (4a,4b), the Uniform Weighting systems
(6a,6b), and the Lowpass/Highpass systems (8a,8b), yield speech intelligibility

gains similar to those of their more complex counterparts.

e All binaural output dual- and single-array systems provide sufficient binaural
cues that allow for reasonably accurate localization for sources located close
to the target direction but that are less accurate for lateral sources. Of these,
the dual-array systems generally provide more realistic binaural cues than the
single-array systems, except in the case of the Dual --/- Gradient systems, which
exhibit left-right confusions for extreme lateral sources. Single-array binaural
cues would be more accurate if the span of these systems were adjusted to better

reflect true interaural spacing.

Overall, neither dual- nor single-array systems exhibit decisively superior speech in-
telligibility or sound localization performance. Therefore, the choice of the ’best’
system depends on the aesthetics of system mounting and on the complexity of sys-

tem implementation.
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R

90 -60 -30 0 30 60 90
9|98 1 - - - 1 -
6|1 98 - - - 1 -
30| - - 98 - 2 - -
s o|- - - 100 - - -
|- - - - 100 - -
60| - - - - - 100 -

9| - - - - - - 100

(a) Syst. 1: 99.1% correct, 2.31° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 O 30 60 90
-90 | 77T 22 - 1 - - - -90 | 73 27 - - - - -
2 1 99 - - - - - -60 | 20 79 1 - - - -
=30 - - 100 - - - - 30 1 - 99 - - - -
S 0 - - - 100 - - - S 0 - - - 99 1 - -
30 - - - - 100 - - 30 - - - - 100 - -
60 - - - - - 100 - 60 - - 1 - - 94 5
90 - - - - - 23 17 90 - - - - - 14 96
(b) Syst. 2: 93.3% correct, 6.22° RMS error (c) Syst. 3: 90.0% correct, 7.03° RMS error
R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
-90 | 17 2 - - 1 16 64 -90 | 48 2 1 - 1 10 39
-60 | 6 72 19 1 - 1 1 -60 | 15 69 15 1 - - -
-30 | - 10 89 1 - - - 30 | - 10 89 - 1 - -
S 0 - 1 4 94 1 - - S o0 - - 3 97 - - -
30 - - - 2 96 2 - 30 - - - 1 96 3 -
60 - - - 1 16 83 - 60 - - 1 - 5 90 4
90 | 26 7 2 2 1 13 49 90 | 22 1 2 1 - 12 62

(d) Syst. 4a: 71.4% correct, 51.6° RMS error (e) Syst. 4b: 78.7% correct, 32.9° RMS error

Figure 5-4: Sound localization confusion matrices.
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R
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-90 | 31 27 12 2 3 10 15
-60 | 1 4 20 9 21 4 1
-30 | 2 18 22 20 27 9 2
S o - 3 7 75 15 - -
30 1 4 15 52 23 4 1
60 2 12 13 11 30 21 11
90 | 32 14 5 1 13 15 20

(f) Syst. 5a: 33.7% correct, 47.7° RMS error
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-30 | - 3 90 7 - - -
S 0 - - - 99 1 - -
30 - - - 18 1M 2 3
60 - - - 1 54 39 6
90 - - - - - 59 44

(h) Syst. 7a: 62.9% correct, 11.8° RMS error

R
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60| 3 44 51 2 - - -
-30{ - 2 8 17 1 - -
S o0 - - 1 99 - - -
30 - - - 14 81 4 1
60 - - - - 52 34 14
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(j) Syst. 8a: 57.7% correct, 13.7° RMS error
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(i) Syst. Tb: 55.9% correct, 13.5° RMS error

R
-90 -60 -30 0 30 60 90
-90 | 42 26 2 3 1 6 29
60 3 27 44 10 11 4 1
-30 | 2 14 28 22 28 6 -
S 0 1 2 8 77 11 1 -
30 - 5 27 44 23 1 -
60 | 5 12 6 4 37 30 6
90 | 10 13 2 2 25 25 23
(g) Syst. 5b: 35.7% correct, 44.9° RMS error
R
-90 -60 -30 0 30 60 90
-90 [ 45 49 6 - - - -
-60 | 2 30 68 - - - -
-30 | 2 1 87 9 1 - -
S 0 - - - 100 - - -
30 - - - 24 11 5 -
60 - - - - 65 31 4
90 - - - - 11 62 27

Figure 5-4 (cont): Sound localization confusion matrices.
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-90 | 45 49 6 - - - -
-66 | - 38 62 - - - -
-30 § - - 98 2 - - -

S 0 - - - 100 - - -
30 - - 1 24 73 2 -

60 - - - 1 61 31 7

90 - - - - 10 59 31

(k) Syst. 8b: 58.6% correct, 13.4° RMS error
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Chapter 6

Summary and Discussion

This thesis has developed and evaluated several methods for creating multimicrophone
hearing aids that are both directional and binaural. Aids have been designed to
exhibit enhanced sensitivity in the desired target direction (directly in front of the
wearer) and to generate a binaural output whose inter-output time differences reflect
naturally occurring interaural time differences (ITDs). These systems increase the
wearer’s ability to comprehend target speech in a noisy background while providing
the wearer with a realistic sense of space.

Chapter 3 presented the two main classes of binaural, multimicrophone aids, in-
cluding dual-array and single-array structures, together with the free-field design
methods for these systems. These two classes use fundamentally different approaches
to solving the design problem. Dual-array systems use two arrays to independently
produce the two output signals, where each array is designed only for increased di-
rectionality and the physical spacing between the arrays generates the desired output
ITDs. Single-array systems, on the other hand, use one array to produce both output
signals, with the array designed for both increased directionality and ITD mainte-
nance. These different system classes lead to different structures and design proce-
dures, which, in turn, cause these systems to behave differently. First, dual-array

systems use endfire arrays and single-array systems use broadside arrays, which re-
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sults in different directional symmetry and behavior for these two types of systems,
especially when head-mounted. Second, ITD maintenance is an actual design pa-
rameter for single-array systems, whereas it is a byproduct of the array structure for
dual-array systems. This results in different binaural cues being maintained by the
two classes of systems. Chapters 4 and 5 explored these differences in directional be-
havior and I'TD maintenance and examined how these differences affected a subject’s
performance. Chapter 3 also introduced sub-optimal, simplified versions of the dual-
and single-array systems. These systems are much simpler to design and implement
than the optimal systems.

Chapter 4 presented the results of a physical evaluation made upon several ex-
ample binaural, multimicrophone systems as well as several reference systems (all
designed for free-field operation). The primary reference was the Dual-Cardioid sys-
tem, which is the simplest form of binaural, directional hearing aid, consisting of two
cardioid microphones located near the ears with their outputs sent directly to their re-
spective ears. This evaluation compared the theoretical free-field system performance
with the actual measured free-field and head-mounted (upon the KEMAR manikin)
performance — it explored whether the system behaved as predicted and investigated
the degrading effects of head-mounting upon these free-field designed systems. These

results demonstrated that:
o In the free-field, all test systems behaved approximately as predicted.

e Head-mounting minimally degraded the directional performance of the test sys-
tem relative to the free-field, although it degraded dual-array systems (con-
sisting of two endfire arrays) to a greater extent than it degraded single-array

systems (consisting of one broadside array).

o In all test systems, head-mounting resulted in more realistic output ITDs than
the free-field case. The dual-array systems generally produced more realistic

ITDs than the single-array systems — single-array systems tended to produce
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smaller than natural ITDs, because the span of the broadside array used for the

single array system was smaller than the effective inter-ear spacing.

Chapter 5 presented the results of a behavioral evaluation conducted on several
test and reference systems. This evaluation was conducted using normal-hearing sub-
jects and consisted of two parts: speech-intelligibility in noise and sound localization.
For speech intelligibility, the system intelligibility-weighted gains, Gys, were measured
and compared to both the predicted intelligibility gains, as measured by directivity,
D;w, and with the actual SRT changes (re the Naked Ear) produced by the subjects
wearing the test systems. For sound localization, the subjects identified arrival angle
for azimuth-plane sources. Throughout this evaluation, the relative performances of
the different system classes (dual-array vs. single-array) and of the different systems
within each class (optimal vs. sub-optimal) were considered. Overall, the dual- and
single-array systems provided roughly 3 dB of gain relative to the Dual-Cardioid ref-
erence system while providing the wearer with sufficient binaural cues to maintain a
reasonably realistic sense of space. Specific speech intelligibility and binaural output

results indicated that:

e The measured Gjys, for all test systems, were consistently lower than the the-
oretical Dyw, although the relative Gy ordering within each system class did
reflect the relative Dyw ordering. This could be qualitatively accounted for,
however, by considering the effects of head-mounting, the direct-to-reverberant

ratio of the target signal in the room, and a non-diffuse noise field.

e The measured SRTs were lower than the Gys, and the relative differences be-
tween them did not reflect the relative differences between the Gys. It was
noted, however, that SRTs and Grs were rendered more consistent when the
Dual-Cardioid system was used as a reference, as opposed to the Naked Ear.
Still, the relative differences in Gy were not observed in SRT measurements due

to the intra-test variability.
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e In general, dual- and single-array systems both provided similar speech intelli-

gibility in noise benefits.

o Dual-array systems generally provided more realistic ITDs and better local-
ization performance than single-array systems, although the sub-optimal dual-
array system (i.e. the Dual +/- Gradient system) exhibited left-right confusions
for peripheral sources (located at either side, £90°, of the subject). Single-array
ITDs could be improved, however, if the array span were increased to more ac-

curately reflect the natural inter-ear spacing.

e Within the dual- and single-array classes, very little performance, in either
speech intelligibility or sound localization, was lost when sub-optimal systems

were used.

This thesis has presented several binaural output, multimicrophone hearing aid
designs. It has shown that these designs behave as theoretically expected and that
they all provide similar benefits to normal-hearing wearers. The most practical finding
with regard to the future development of actual body-worn aids is that simple, sub-
optimal systems provide similar benefits as more complex, optimal systems. This
indicates that simple, body-worn units can be constructed and that they can enhance
the wearer’s speech intelligibility while allowing them to retain a realistic sense of

space.



Appendix A

Inter-Microphone Phase

Increments

This appendix derives the inter-element phase differences, a(w,#,¢), for standard
broadside and endfire linear arrays with equally spaced elements, located d apart.
These phase differences are necessary io form the source to array transfer functions,
Hi(w,6,¢), defined in Chapter 2.

Figure A-1 shows a detailed view of a source signal incident upon the array from
the (0, ¢) direction. In particular, it shows the extra distance that the signal must
travel when traveling from microphone 0 to microphone 1, shown by the bold line,
which is equal to d sinf cos¢. The time required to travel this extra distance is
simply the distance divided by ¢ = the speed of sound: 7 = g-sinﬂcoscﬁ. Hence, the
increase in phase between the signal arriving at microphone 1 and microphone 0 is

simply w, and S0 Qproadside(w, 8, @) is given by:

Qbroadside(w, 8, ¢) = wTdsin0cos¢. (A.1)

In an exactly analogous manner, Figure A-2 shows the same situation for an endfire
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mic #(n-1)

Figure A-1: Figure showing extra distance traveled by source signal in
going from microphone 0 to microphone 1 of a broadside array.
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array. In this case, the extra distance traveled from microphone 0 to microphone 1 is

d cosd. Thus, T = %cosf# and the increase in phase between microphones 1 and 0 is:
c

ab,md,,-,k(w,ﬂ, ¢) = %—dcoso. (A2)

Y source

Figure A-2: Figure showing extra distance traveled by source signal in
going from microphone 0 to microphone 1 of an endfire array.

Since the arrays in both cases consist of equally spaced elements, the additional
phases given in Equations A-1 and A-2 are the phase differences between microphones

i and ¢ — 1 in general.
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Appendix B

Derivation of Directivity and ITD

Expressions

This appendix derives the expressions, in terms of the n—1 ratios R;(w), for directivity,
D(w), and for RMS ITD error, E(w) for the single array, multimicrophone hearing aid,
as discussed in Chapter 3. Figure B-1 repeats the basic configuration of this system,
which consists of a single broadside array, whose microphone output signals, Xo(w)
through X,,_;(w), serve to generate the two system output signals, Yo(w) and Yj(w).
Note that the filters are arranged in such a way that the system exhibits symmetric

behavior about the mid-sagittal plane, and so:

Yo(w) = W'(w)X(w),
Yi(w) = Wi, (0)X(w),
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where, as shown in Chapters 2 and 3:

Xo(w) Wo(w) Wn_l(w)
X W, Wa-
_X_(w) _ 1.(w) , ﬂ(w) _ 1'(‘0) , _VKrw(w) _ .z(w)
Xn_1(¢U) W,,_1(w) WO(UJ)
w X
Y1 (W O(o» —_94((0)
‘ Wn_1 (0
Wl (® X1 @)
—d
V2@ Target

n-1

Y 0 (®

Figure B-1: Standard configuration of combined system approach.
Note, this array is assumed to contain n identical directional elements,

each with response P(w,d, ¢).

B.0.3 Determination of the System Directivity, D(w)

According to Equation 2.5 from Chapter 2, the directivity for the output Y5(w),

Do(w), can be expressed as:

W (w)Hy(w,0,0)Hf (,0,0)W* (w)
W7 (w)S.z(w)W*(w) ’ (B.1)

Do(w) =
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where * represents complex conjugate and ¥ represents hermitian or complex conju-
gate transpose. Here, W(w) is as defined above, Hy(w,0,0) is the directional vector
of target-source-to-array transfer functions, presented in Section 2.1.3, and S::(w) is

the system correlation matrix, defined as:

1 w 2w
Sexw) = 3= 7 [ P(0r0,0)H(w,0, 6)B" (0, 6)P*(w,0, §)sind dpd.

Factoring out |Wp(w)|? from both the numerator and denominator of Equation B.1
leads to an expression for D(w) that depends only upon the n—1 ratios R;(w) = %g},
Ry(w) = %’)—&}, vy Rpa(w) = %ﬁé‘;"l, rather than upon the n weights themselves:

R¥(w)P(w,0,0)H(w,0,0)HH(w,0,0)P*(w,0, 0)E*(w)

Dy(w) = RT(w)S..(w)R*(w)

(B.2)

In this case, R(w) is defined as:

(1 [ 1 )

Ry(w) 0
Rw)=| Ryw) |=| 34

\ Baa(w) )\ Tt

It should be noted that these ratios, together with a constraint of unit array gain in

the target direction, completely specify the system filters, W;(w).

Due to the symmetric relationship between W (w) and W,.,(w) (and the analogous
relationship between R(w) and R,.,(w)), together with the fact that the matrices
[Hy(w,0,0)H¥(w,0,0)] and S,.(w) are hermitian,! it can be easily shown that the
directivity for the output signal Y;(w) is exactly equal to Do(w). Hence, this system
has only one directivity to consider, D(w) = Dg(w) = Dy(w).

1A hermitian matrix in one whose complex conjugate transpose equals the matrix itself, 4 = AH.
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B.0.4 Determination of the RMS ITD Error, E(w)

Recall from Chapter 3 that the RMS ITD is defined as:

E(w) = \[11; /o o /0 " (ITD desired(ws 8, ) — ITD guspue(w, 8, 6))2sind d6dg,  (B.3)

where ITD .sireq is the ITD that the system is trying to preserve and ITDoyepu: is the
ITD actually generated by the system. This section will derive the expressions for
ITDdesirea and ITDyspy in terms of the ratios Ri(w).

The ITDg. ireq is assumed to be the ITD experienced by the two outermost array
inputs, Xo(w) and X,—1(w). For this thesis, this ITD is defined as the phase delay®

between these two signals for a source ariving from (6, ¢):

1

ITDdcaired(w, oad’) = ;[éXn—l(wyaa ¢) - LXO(wa 09 ¢)]
- %[LHd,n_l(w, 0,8)S(w) — LHap(w, 0, $)S(w)]
= L{tHup1(w,8,)P(0,6,8)S(w) — LHag(w,0,9)P(w,0, 4)S(@)
1

= ;[(LHd,,,_l(w, 0, ¢) + LP(W,O, ¢)S(UJ))

—(LH40(w,08,¢) + LP(w,0,$)S(w))]
1

= ;[LHd'n—l(w707 ¢) - LHd,o(W,9,¢)]
— %[Le‘j(”—1)abrocdcid¢(“’vos¢) — Ll]

- %(n_ 1) toroadside(w; 6, )

ITDaesirea(w,0,8) = Z=Wsingcoss, (B.4)

[

where Hy;(w, 0, ¢)is the it* element of the directional source to array transfer function

2Recall that if the Fourier Transform of z(t) is X (), then 2(t—7) «— X(w)e 3T = Xetayed(w),
and so the delay at any frequency is simply 7 = £Xdstarae()
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vector, H,(w,0,4), the definitions of Hy(w,8,9), P(w,8, ¢), and Hy(w,8,¢) from
Chapter 2 are used and the definition of Qbroadside (W, 8, ¢) from Appendix A is used.

ITDoutpus is obtained in a similar fashion as the phase delay experienced between
the two output signals for a source arriving from (4, #). In this case, however, the

system filters, W;(w), play an integral part in the determination of the output phases.

ITDoupue(w,0:4) = ~[L¥i(w) = Yo(w)
= W X (w,0,6) (BT, X(,0,4)
= (W) By, 6,4)S()
— (W, H (8, 8)S(w)
= Sl H(w,0,4)P(w,6,8)5(0)
~ (W, H(w,0,8)P(w,0,4)S(w)
= (W H(w,6,6) + LP(w,6,)(w)
(L5, H(w,0,8) + LP(w,6,4)S(w))
= W) H(w,0,6) - (0T, H(w,0,4),
where W(w) and W,.,(w) are as defined above and Hy(w,,8), P(w,8,4), and
H(w, 6, §) are as defined in Chapter 2. Recall from Chapter 2 that? Hi(w,8,$) = e~vialwd),
and so:

.‘L’T(W)ﬂ(w, 0, ¢) = "Z—I M(w)e—jia(w,0,¢)

1=0
and
n-1
Wr o (0)H(w,8,0) = 3° Wiy (w)ea(88),

1=0

Substituting these expressions into the equation above,

n—~1 n-1
ITDW“M(Q,, 6, ¢) — LZ m(w)e—jia(w,O.qS) _ LZ Wi l(w)e—jia(w,9,¢)

1=0 =0

3For this system, a(w,6, d)=a(w, 8, $)= ¢4 sinfeosg.
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= (W w)[1+'§w( W) -sia(u06)

(w)
— [ Wo(w)e-in-awe (T :VV ((w))

=1

J‘a(“’aé)) + 1]
n—-1

= (Wo(w) + L[1+ Y Ri(w)e ial«04)]
=1

— (Wo(w) + (n — Da(w,,) - z[(’fi Ri(w)e (@4 4 1]

ITD,utput(w, 8, @) (n —1)a(w,0, dJ)
o (BB o) i) )
1+ ):I'.f | Ri(w)|cos[LRi(w) — ic(w, 8, §)]
(TR Rw)lsinlLRi(w) +ia(w,,6)
t (1 + Y |Ri(w)|cos[LRi(w) + ia(w, b, ¢)]) - (B.5)

As discussed in Chapter 3, all systems in this thesis that were designed using E(w)
resulted in filters with identical phase responses (i.e. all /ZW;(w) were the same). In
this case, the R;(w) are real and the expression for ITD,utput(w, 8, $) can be further
simplified, as /R;(w) = 0.

ITD putput(w, 8, ¢) = (n—1)(w,0,0)
-t [ 2 Biw)sin[—ia(w, 6, )]
*t ( 73 Ri(w)cos[ia(w, 0 ¢)1)
—tan™! ( s=1 R"(""’)szn[za(w 6 ¢)] >
1+ Y Ri(w)cos[ia(w, 6, ¢)]

= (n-1a(w,0,¢)

- 2! Ry(w)sinfia(w, 8, 4)]
+t ( 1+ z._1 Ri(w)cos[ic(w, 8, d>)])
—tan™? ( Sin Ri(w)sinfia(w, 6, 9)] )

2 Ri(w)cos[ic(w, 6, ¢)]

= (n—1)a(w,6,9)
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tan! ( 2! Ri(w)sinfia(w, 8, ¢)) )
1+ ¥ Ri(w)cos[ia(w, 8, ¢)]

o (i Bw)sinia(s,0,9)]
! (1 + Y0 Ri(w)cosfia(w, 0,4))])

ITDwtwt(w10’¢) = (n_l)a(w’0’¢)
-1 i) Ri(w)sinfia(w, 6, ¢)]
(FEmireds). o

Together, Equations B.4 and B.5, or in the case of real ratios Equations B.4 and B.6,
define the RMS ITD Error in terms of the n — 1 system ratios RB;(w).

The expressions for D(w) and E(w) derived in this appendix serve as measures of
the performance of single and, to a certain degree, of dual array approaches to mul-
timicrophone hearing aids with binaural output. Expressing these measures in terms
of the n — 1 system ratios help to simplify the overall design process, especially for

the Combined system of Section 3.3.2, which involves intense numerical optimization.
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Appendix C

Single-Array Headband-Mounted
ITDs

This appendix contains the anechoic chamber ITD measurements for ’the head-
band mounted cases of the binaural output, single-array test systems. These results
show the measured (solid lines) and theoretical (dotted line) output ITDs produced
for sources arriving from 0°, 30°, 60°, and 90° in the azimuth plane. Specifically,
Figures C-1 through C-3 show the results for the Pass Through, Combined, and
Lowpass/Highpass test systems, respectively. These figures resemble the eyeglass-

mounted ITDs shown in Figures 4-23 through 4-25.
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Headband Mounted
1000 T

800

600
H
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e 60
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_2m 1 L L 1 1
0 1000 2000 3000 4000 5000 6000

frequency (Hz)

Figure C-1: Measured output ITDs for headband-mounted Pass
Through system.
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Headband Mounted
1000 T

8001 B

600 B
$
2 400F . 90
e 60
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frequency (Hz)

Figure C-2: Measured output ITDs for headband-mounted Combined
system.
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Headband Mounted
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Gm -
g o 90
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frequency (Hz)

Figure C-3: Measured output ITDs for headband-mounted Low-
pass/Highpass system.



Appendix D

Diffuseness Measurements

This appendix presents measurements made to determine the diffuseness of the noise
field used in the speech-intelligibility measurements of Chapter 5. These measure-
ments were made by pointing a dipole microphone (Knowles BW-1789) in several
different directions with the noise field in place. The resulting average powers (ex-
pressed in dB) in the fourteen third octave bands from 200 to 4000 Hz were then
generated and compared to see if the noise field was stronger in any given direction.
Table D.1 gives these measurements, as well as the maximum and minimum reading
in each band and the difference between them. Interesting measurements to note in

this table are:

e Measurement 1: the dipole microphone points in the front/back directions (re-

call, front = target direction).

e Measurements 2 and 3: the dipole microphone points (roughly) at the left-front /right-

rear and right-front/left-rear jammer loudspeaker pairs, respectively.
e Measurement 5: the dipole microphone points in the up/down directions.

These measurements indicate a quasi-diffuse field, with the widest variation in
measurements (5-6 dB) occurring for the 400 Hz and 1000 Hz bands. It should
be noted that the bands from 400 Hz to 4000 Hz all exhibit minimum power for
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measurement 5, in which the microphone points in the up/down directions. This

indicates that the noise field is not perfectly diffuse and is, in fact, weaker (about

2.5 dB) in the up/down directions than in the azimuth plane.
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Table D.1: Measurements to determine diffuseness of noise field used in Chapter 5.

Meas. | Angle Average Power in Band
No. |0] ¢ | 200 | 250 | 315 | 400 | 500 | 630 | 800
1 [0] 0 [[-60.10 [-62.67 [ -63.88 | -63.76 | -67.77 | -65.78 | -64.07
2 | Z|0 | -58.56|-62.25|-64.22 | -61.44 | -67.88 | -64.80 | -63.60
3 |Z| x| -58.40|-61.06|-63.87 | -64.40 | -68.98 | -66.40 | -64.68
4 |Z|0 [-5944|-62.37 | -67.00 | -65.53 | -69.90 | -66.72 | -64.53
5 |Z|Z|-58.08|-60.52 | -64.86 | -66.97 | -70.33 | -67.26 | -66.40
6 |Z|Z|-59.06]|-62.57 |-64.61 |-64.47 | -67.83 | -66.51 | -64.54
7 ||| -58.65 |-62.47 | -64.09 | -62.29 | -67.77 | -65.71 | -63.63
8 |x|°%|-58.37-61.83|-65.23 |-65.93 | -69.34 | -66.91 | -64.90
9 |z|Zx|-59.48 | -61.95 | -65.22 | -64.71 | -68.11 | -65.89 | -64.82
max -58.03 | -60.52 | -63.87 | -61.44 | -67.77 | -64.80 | -63.60
min -60.10 | -62.67 | -67.00 | -66.97 | -70.33 | -67.26 | -66.40
|max—min| || 2.07 | 2.15 | 312 | 553 | 2.56 | 2.46 | 2.80
Meas. | Angle Average Power in Band
No. | 0] ¢ " 1000 | 1250 | 1600 | 2000 | 2500 | 3150 | 4000
1 [0 0 [[-69.27 [-77.16 [ -78.12 [ -76.94 | -74.29 [ -80.25 | -85.63
2 |Z|o0 |-68.65]|-77.13 |-79.28 | -77.13 | -74.97 | -81.07 | -84.72
3 |Z| [ -70.13 |-77.89 | -79.41 | -77.48 | -74.73 | -79.92 | -84.62
4 |Z|o0|-70.36|-77.85 |-79.93 | -78.29 | -75.89 | -81.23 | -86.08
5 | 2|z | -74.04|-80.61 |-80.84 |-78.86 | -76.12 | -81.84 | -87.85
6 |Z|Z|-69.58]-77.61|-79.35|-77.17 | -75.39 | -81.29 | -85.80
7 | Z|Z|-67.94 |-76.99 |-79.70 | -76.61 | -73.98 | -80.09 | -84.47
8 |Z|%|-70.95]|-77.88 |-79.11 | -77.65 | -75.57 | -81.39 | -85.66
9 |=z|Z=|-71.16 | -77.90 | -79.30 | -77.15 | -75.74 | -81.65 | -85.10
max -67.94 | -76.99 | -78.12 | -76.61 | -73.98 | -79.92 | -84.47
min -74.04 | -80.61 | -80.84 | -78.86 | -76.12 | -81.84 | -87.85
|max—min| || 6.10 | 3.61 | 2.71 | 2.25 | 2.13 | 1.92 | 3.37
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Appendix E

Subject SRT Measurements

This appendix presents the measured SRTs for each test run of the five subjects.
Subjects DB (Table E.1), CK (Table E.2), JP (Table E.3), and JS (Table E.4) were
each run twice, and, therefore, the statistical standard deviations are listed in the left-
most column, with an ’subject’ standard deviation, o,u;, which equals the standard
deviations averaged over system, given at the bottom of the column. The average
(in dB) of the four subject standard deviations gives an idea of the overall inter-test
variability of this SRT experiment: ojptra test = 1.28 dB. Note that subject ME

(Table E.5) was run only one time, and so no standard deviations are given.
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Table E.1: SRTs for subject DB.

System First Second Average Standard

Number || Run SRT (dB) | Run SRT (dB) || SRT (dB) | Deviation (dB)
1 0 0 0 N/A
2 2.29 -4.57 -1.14 4.85
3 -3.14 -7.43 -5.29 3.03
4a -4.57 -4.57 -4.57 0
4b -2.84 -2.28 -2.56 0.37
5a -4.00 -7.43 -5.72 2.43
5b -2.86 -1.43 -2.15 1.41
6a -3.42 -4.00 -3.71 0.41
6b -1.14 -5.71 -3.43 3.23
Ta -6.85 -2.28 -4.57 3.23
7b -4.85 -1.14 -3.00 2.62
8a -4.00 -2.85 -3.43 0.81
8b -4.57 -3.71 -4.14 0.60

| opp = standard deviation for DB = 1.92
Table E.2: SRTs for subject CK.

System First Second Average Standard

Number || Run SRT (dB) | Run SRT (dB) || SRT (dB) | Deviation (dB)
1 0 0 0 N/A
2 -1.14 -0.57 -0.86 0.40
3 -5.14 -1.71 -3.43 2.42
4a -4.00 -4.28 -4.14 0.20
4b -3.43 -3.42 -3.43 0.01
5a -2.57 -3.42 -3.00 0.60
5b -2.85 -5.14 -4.00 1.62
6a -4.00 -4.00 -4.00 0
6b -2.85 -4.57 -3.71 1.22
Ta -1.71 -2.28 -2.00 0.40
b -4.57 -4.57 -4.57 0
8a -2.85 -2.85 -2.85 0
8b -4.57 -5.42 -5.06 0.60

| ock = standard deviation for CK = 0.62




Table E.3: SRT's for subject JP.

System First Second Average Standard
Number || Run SRT (dB) | Run SRT (dB) “ SRT (dB) Deviation (dB)
1 0 0 N/A
2 -0.29 -0.57 -0.43 0.20
3 -5.72 -1.71 -3.72 2.84
4a -6.29 -3.43 -4.86 2.02
4b -5.15 -5.71 -5.43 0.40
5a -2.29 -4.00 -3.15 1.21
5b -3.43 -5.71 -4.57 1.61
6a -2.29 -2.29 -2.29 0
6b -6.86 -3.43 -5.15 2.43
Ta -6.29 -1.14 -3.71 3.64
b -6.86 -6.29 -6.56 0.40
8a -4.58 -1.14 -2.86 2.43
8b -4.57 -4.57 -4.57 0
ojp = standard deviation for JP = 1.43
Table E.4: SRTs for subject JS.
System First Second Average Standard
Number || Run SRT (dB) | Run SRT (dB) || SRT (dB) | Deviation (dB)
1 0 0 0 N/A
2 -1.72 0.85 -0.44 1.82
3 -3.43 -2.00 -2.72 1.01
4a -3.43 -4.28 -3.86 0.60
4b -1.71 -4.86 -3.29 2.23
5a 0 0.29 -0.15 0.20
5b -2.86 -1.43 -2.15 1.01
6a -1.72 -0.28 ” -1.00 1.02
6b -2.28 -2.00 -2.14 0.20
Ta -2.28 -3.72 -3.00 1.02
b -2.28 -0.85 -1.57 1.01
8a -5.14 -0.85 -3.00 3.03
8b -5.14 -4.28 | -4.71 0.61
oys = standard deviation for JS = 1.15
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Table E.5: SRTs for subject ME.

System First
Number | Run SRT (dB)
1 0
2 0
3 -2.86
4a -1.15
4b -4.00
ba -7.43
5b -4.01
6a -1.15
6b -6.29
Ta -3.43
b -4.57
8a “ -4.57
8b -6.86




Appendix F

Subject Sound Localization

Results

This appendix contains the confusion matrices of the sound localization test results for
the five subjects DB (Figure F-1), ME (Figure F-2), CK (Figure F-3), JP (Figure F-
4), and JS (Figure F-5). In all figures, the systems are referred to by number, as
defined in Table 5.1.
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R

90 60 -30 0 30 60 90

919 - - - - 1 -

60| - 19 - - - 1 -

30| - - 18 - 2 - -

s o|- - - 2 - - -
30 | - - - - 2 - -

60| - - - - - 20 -

90| - - - - - - 20

(a) Syst. 1: 97.1% correct, 12.5° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
9|11 9 - - - - - 9|16 4 - - - - .
60| 1 19 - - - - - 6|1 18 1 - - - -
-30 | - - 20 - - - - 30 | - - 20 - - - -
S o - - - 20 - - - S 0 - - - 19 1 - -
30 - - - - 20 - - 30 - - - - 20 - -
60 - - - - - 20 - 60 - - - - - 17 3
90 - - - - - 8 12 90 - - - - - 10 10
(b) Syst. 2: 87.1% correct, 10.6° RMS error (c) Syst. 3: 85.7% correct, 11.1° RMS error
R R
-90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
-90 | - - - - - 3 17 -90 | 16 2 - - - 1 1
60| 1 8 9 - - 1 1 60| 5 11 3 1 - - -
B0l - 1 19 - - - - 30! - - 2 - - - -
s 0| - - - 2 - - - s 0o|- - - 2 - - -
30| - - - - 19 1 - 30|- - - - 2 - -
60 - - - - 5 15 - 60 - - - - 1 18 1
90 7 - 2 1 1 2 7 90 9 - - 1 - 1 9

{(d) Syst. 4a: 62.8% correct, 81.8° RMS error (e) Syst. 4b: 81.4% correct, 49.6° RMS error

Figure F-1: Sound localization confusion matrices Zr subject DB.
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R R
-90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90

90 ( 10 2 3 - - 1 4 -90 1 12 8 - - - - -

-60 | - 10 3 1 4 2 - -60 | 1 5 12 1 1 - -

-30 | - 5 4 4 3 3 1 30| 1 3 8 2 5 1 -

S 0 - - - 20 - - - S 0 - - - 19 1 - -
30 | 1 2 3 7 5 1 1 30 | - - 4 13 3 - -

60 - 4 6 2 2 3 3 60 | 2 1 2 2 8 4 1

90 | 13 - - - - 1 6 90 | 5 2 1 - - 4 8

(f) Syst. 5a: 49.4% correct, 79.3° RMS error (8) Syst. 5b: 42.1% correct, 54.0° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
90| 8 12 - I -90 | 6 9 5 - - - -
60| 1 15 4 - - - - -60 { 2 7T 11 - - - -
-30 | - 2 8 - - - - -30 | 2 1 7 - - - -
S 0 - - - 2 - - - S o0 - - - 20 - - -
30 | - - - - 15 2 3 30 § - - - 1 16 3 -
60 | - - - 1 1 12 6 60 | - - - - 6 10 4
90 | - - - - - 3 17 90 | - - - - - 3 17

(h) Syst. 7a: 75.0% correct, 16.9° RMS error (i) Syst. Tb: 66.4% correct, 20.9° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
90| 8 12 - - - - - 90| 6 13 1 - - - -
60| 1 16 3 - - - - -60 | - 9 11 - - - -
30| - 1 9 - - - - -30 | - - 2 - - - -
S 0 - - - 20 - - - s 0 - - - 2 - - -
30 | - - - - 16 4 - 30 | - - - 1 18 1 -
60 | - - - - - 6 14 60 | - - - - 9 7
90 | - - - - - 2 18 90 | - . - - - 1 19

(5) Syst. 8a: 73.6% correct, 15.4° RMS error (k) Syst. 8b: 72.1% correct, 16.4° RMS error

Figure F-1 (cont).
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R
90 60 -30 0 30 60 90

9[22 - - - - - -
|1 19 - - - - -

30| - - 20 - - - -

s o|- - - 20 - - -
30|- - - - 2 - -

60| - - - - - 20 -

90| - - - - - - 2

(a) Syst. 1: 99.3% correct, 1.79° RMS error

R R

90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
9|17 3 - - - - - 90f19 1 - - - - -
60| - 20 - - - - - 603 17 - - - - -
30| - - 2 - - - - 3 (- - 20 - - - -
s o|- - - 2 - - - s o|- - - 2 - - -
|- - - - 2 - - |- - - - 20 - -
60| - - - - - 2 - 60| - - 1 - - 19 -
90| - - - - - 1 19 90 | - - - - - - 20

(b) Syst. 2: 97.1% correct, 5.07° RMS error (c) Syst. 3: 96.4% correct, 8.77° RMS error

R R

90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
90|10 - - - - - 10 98 - - - - 1 1
60| 3 16 1 - - - - 6|3 17 - - - - -
3| - - 2 - - - - 3| - 4 16 - - - -
s o - - - 19 1 - - s o|- - - 2 - - -
30| - - - 1 19 - - |- - - - 20 - -
60| - - - - - 2 - 60| - - - - - 19 1
0|2 - - - - - 18 9|2 - - - - - 18

(d) Syst. 4a: 87.1% correct, 40.9° RMS error (e) Syst. 4b: 84.3% correct, 56.6° RMS error

Figure F-2: Sound localization confusion matrices for subject ME.
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R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
90 5 9 2 1 1 1 - 90 [ 14 3 - - - 1 2
-60 ] 1 11 3 o 4 1 - -60 | - 2 10 8 - - -
30| 2 8 5 1 3 1 - -30 | - 7 6 4 2 1 -
S o - - 5 7 8 - - s 0 - 1 2 13 4 - -
20 | - 1 5 10 2 2 - 30 | - 4 12 4 - - -
60 | 1 7 2 3 1 4 2 60 | 3 7 1 - 5 4 -
9 | 7 6 - -3 3 1 90 | 1 3 - - 8 5 3

(f) Syst. 5a: 25.0% correct, 72.4° RMS errcr (8) Syst. 5b: 35.7% correct, 61.0° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
90 9 11 - - - - - -90 | 12 8 - - - - -
-66 | - 4 16 - - - - -60 | - 3 7 - - - -
36| - - 17 3 - - - 30| - - 13 6 1 - -
S © - - - 19 1 - - S o - - - 20 - - -
30 | - - - 1 19 - - 30 | - - - 2 18 - -
60 | - - - -~ 10 10 - 60 | - - - - 17T 3 -
90 | - - - - - 1 9 80 | - - - - - 19 1

(h) Syst. 7a: 62.1% correct, 18.4° RMS error (i) Syst. Tb: 50.0% correct, 21.6° RMS error

R R

-90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
9|8 10 2 - - - - 9|13 7 - - - - -
60| - 5 15 - - - - 60| - § 12 - - - -
3| - - 16 4 1 - - 3| - - 16 &4 - - -
s o - - - 20 - - - s of|- - - 2 - - -
6|- - - 1 19 - - 30| - - - 10 10 - -
60{ - - - - 10 10 - 0| - - - - 16 4 -
90| - - - - - 18 2 90| - - - - - 18 2

(3) Syst. 8a: 57.1% correct, 20.6° RMS error (k) Syst. 8b: 52.1% correct, 20.7° RMS error

Figure F-2 (cont).
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R
-90 -60 -30 0 30 60 90

(a) Syst. 1: 99.3% correct, 1.79° RMS error

R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
913 7 - - - - - 9|8 12 - - - - -
60| - 20 - - - - - 6|3 17 - - - - -
30| - - 20 - - - - 3 - - 2 - - - -
S o - - - 20 - - - S 0 - - - 20 - - -
30| - - - - 2 - - 30 - - - - 2 - -
60 - - - - - 20 - 0] - - - - - 2 -
|- - - - - 8 12 (- - - - - - 20
(b) Syst. 2: 89.3% correct, 9.77° RMS error (c) Syst. 3: 89.3% correct, 9.67° RMS error
R R
-90 -60 -30 O 30 60 96 -90 -60 -30 0 30 60 90
-90 | 2 2 - - 1 6 9 90| 3 - - - 1 7 9
-60 | - 17 2 1 - - - -60 | 4 5 1 - - - -
=30 - 9 11 - - - - -30 | - 6 14 - - - -
S 0 - 1 4 15 - - - S 0 - - 3 17 - - -
30 - - - 1 18 1 - 30 - - - 1 18 1 -
60 - - - i 9 10 - 60 - - - - 3 15
90 4 1 - - - 9 6 90 7 1 2 - - 5 &

(d) Syst. 4a: 56.4% correct, 66.3° RMS error (e) Syst. 4b: 55.0% correct, 73.5° RMS error

Figure F-3: Sound localization confusion matrices for subject CK.



(j) Syst. 8a: 31.4% correct, 28.8° RMS error

R

-90 -60 -30 0 30 60 90

90 (10 5 5 - - - -

-60 | - 16 4 - - - -

-30 | - 3 5 3 8 1 -

S 0 - 1 2 17 - - -

30 - - 4 16 - - -

60 - - 2 4 12 1 1

90 | 6 2 - - 6 4 2

(f) Syst. 5a: 36.4% correct, 53.9° RMS error

R

-9¢ -60 -30 ©0 30 60 90

90 { 3 17 - - - - -

60| - 2 18 - - - -

30| - 1 17 2 - - -

s 0| - - - 20 - - -

30 - - - 119 - -

60 - - - - 20 - -

90 | - - - - - 16 4

(h) Syst. Ta: 39.3% correct, 23.4° RMS error

R

90 -60 -30 0 30 60 90

90| 1 11 8 - - - -

60 | 2 5 mw 2 - - -

=30 | - - 9 11 - - -

s O - - 1 19 - - -

30 | - - - 1 8 - 1

60 | - - - - 19 1 -

90 | - - - - - 19 1

R
-90 -60 -30 0 30 60 90
-90 | 3 9 2 3 1 - 2
-60 | - 6 8 5 1 - -
-30 | - 3 1 7 9 - -
S o 1 1 4 11 2 1 -
30 - - 4 13 3 - -
60 - 3 2 1 8 b 1
90 | 3 2 - 2 9 3 1
(g) Syst. 5b: 19.3% correct, 60.9° RMS error
R
-90 -60 -30 0 30 60 90
9| - 20 - - - - -
60| - 1 19 - - - -
300 - - 17 3 - - -
s o) - - - 2 - - -
30/ - - - 16 3 1 -
60 - - - - 2 - -
90 | - - - - 7T 13 -

Figure F-3 (cont).

R
-90 -60 -30 0 30 60 90
-90 | - 15 5 - - - -
-60 | - 2 18 - - - -
=30 | - - 7 3 - - -
S 0 - - - 20 - - -
30 - - - 12 7 1 -
60 - - - - 2 - -
90| - - - - 10 10 -
(k) Syst. 8b: 32.6% correct, 29.9° RMS error
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R
90 -60 -30 0 30 60 90
9|2 - - - - - -
6| - 20 - - - - -
30| - - 2 - - - -
S 0 - - - 20 - - -

(a) Syst. 1: 100% correct, 0° RMS error

R R
90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
92 - - - - - - 9|18 2 - - - - -
60| - 20 - - - - - 60| 8 12 - - - - -
30 - - 2 - - - - 301 - 19 - - - -
s o|- - - 2 - - - s o|- - - 2 - - -
|- - - - 2 - - 30 - - - - 20 - -
60 - - - - - 20 - 60 - - - - - 19 1
90 - - - - - 4 16 90 - - - - - 3 17
(b) Syst. 2: 97.1% correct, 3.59° RMS error {c) Syst. 3: 89.3% correct, 10.7° RMS error
R R
-90 -60 -30 0 30 60 90 -90 -60 -30 0 30 60 90
9|5 - - - - 4 1 9|6 - - - - - 14
6|1 19 - - - - - 601 19 - - - - -
300 - - 19 1 - - - 300 - - 19 - 1 - -
s of|- - - 20 - - - s o) - - - 2 - - -
30|- - - - 20 - - 30|- - - - 18 2 -
60 - - - - - 20 - 60 - - 1 - 1 18 -
90 2 4 - - - i 13 90 4 - - - - 4 12

(d) Syst. 4a: 82.9% correct, 63.5° RMS error (e) Syst. 4b: 80.0% correct, 65.5° RMS error

Figure F-4: Sound localization confusion matrices for subject JP.



(3) Syst. 8a: 53.6% correct, 21.4° RMS error

R

-90 -60 -30 0 30 60 90

901 2 2 - 1 1 6 8

-60 | - 2 5 8 4 - 1

-30 | - 2 4 7T 7 - -

S o - 2 - 16 2 - -

30 - - 3 13 3 1 -

60 1 1 3 2 10 2 1

90 1 4 4 1 2 4 4

(f) Syst. 5a: 23.6% correct, 77.8° RMS error

R

-90 -60 -30 0 30 60 90

-90 | 15 4 1 - - - -

-60 | - 3 17 - - - -

-30 | - - 9 1 - - -

S 9 - - - 20 - - -

30 - - - 6 14 - -

60 - - - - 18 2 -

90 | - - - - - 17 3

(h) Syst. Ta: 54.3% correct, 20.7° RMS error

R

-90 -60 -30 0 30 60 90

-90 | © 13 1 - - - -

-60 | - 5 15 - - - -

30| - 1 18 - 1 - -

s o |- - - 2 - - -

|- - - 2 18 - -

60| - - - - 14 6 -

90| - - - - . 18 2

(i) Syst. 7b: 50.0% correct, 23.4° RMS error

R
90 -60 -30 0 30 60 90
90 { 7 4 - - - 3 6
-60 | - 1 9 4 5 1 -
=30 | - - 6 T 7T - -
S o - - 2 17 1 - -
30 | - - 2 15 3 - -
60 | - 1 1 1 14 2 1
90 | - 2 1 - 7 6 4
(g) Syst. 5b: 28.6% correct, 61.0° RMS error
R
90 -60 -30 0 30 60 90
90|13 6 1 - - - -
60| - 3 17T - - - .-
=30 | - - 20 - - - -
s of|- - - 20 - - .
30 | - - - 5 14 1 -
60 | - - - - 20 - -
90| - - - - 4 16 -

Figure F-4 (cont).

R

90 -60 -30 0 30 60 90
9|13 7 - - - - .
60| - 6 14 - - - -
30| - - 19 1 - - -
s o|- - - 20 - - -
30/- - 1 1 18 - -
60 | - - - 1 17 2 -
9[- - - - - 2 -

(k) Syst. 8b: 55.7% correct, 20.9° RMS error
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-90 -60 -30 0 30 60 90

(a) Syst. 1: 100% correct, 0° RMS error

R R
90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
9|16 3 - 1 - - - 9|12 8 - - - - -
60| - 20 - - - - - 6|5 15 - - - - -
3| - - 20 - - - - 30| - - 2 - - - -
S 0 - - -2 - - - S o0 - - - 20 - - -
30 - - - - 20 - - 30 - - - - 20 - -
60 - - - - - 20 - 60 - - - - - 19 1
90 - - - - - 2 18 90 - - - - - 1 19
(b) Syst. 2: 95.7% correct, 9.05° RMS error (c) Syst. 3: 89.3% correct, 9.81° RMS error
R R
90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
-90 | - - - - - 3 17 -90 | 15 - - - - 1 4
-60 | 1 12 7 - - - - -60 | 2 17 i - - - -
30 - - 20 - - - - 30 - - 20 - - - -
s o) - - - 2 - - - s o|- - - 20 - - -
30|- - - - 20 - - 30}- - - - 20 - -
60| - - - - 2 18 - 60| - - - - - 20 -
90|11 2 - 1 - 1 5 9 |- - - - - 2 18

(d) Syst. 4a: 67.9% correct, 5.0° RMS =rror (e) Syst. 4b: 92.3% correct, 25.4° RMS error

Figure F-5: Sound localization confusion matrices for subject JS.
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R R

-90 -60 -30 0 30 60 90 -90 -60 -30 ¢ 30 60 90
90 4 9 2 - - 2 3 -90 | 6 2 - - - 2 10

-60 | - 5 5 -9 1 - -60 | - 5 7 - 4 3 1

-30 | - - 4 5 6 4 1 ;30| 1 1 7 2 5 4 -

S 0 - - - 18 5 - - S 0 - - - 17 3 - -
30 | - 1 - 6 13 - - 30 | - - - 2 17 1 -

60 | - - - - 5 11 4 60 | - - - - 2 15 3

90 | 5 2 1 - 2 3 7 90 | 1 4 - -1 7 7

(f) Syst. 5a: 42.1% correct, 63.9° RMS error (g) Syst. 5b: 52.9% correct, 63.4° RMS error

R R

90 -60 -30 0 30 60 90 90 -60 -30 0 30 60 90
9017 3 - - - - - 9|14 6 - - - - -
60| - 15 5 - - - - 60| - 16 4 - - - -
30| - - 19 1 - - - 30| - - 20 - - - -

s o - - - 2 - - - s o|- - - 20 - - -
|- - - - 2 - - |- - - - 2 - -
60| - - - - 5 15 - 60| - - - - 2 18 -
0. - - - - 9 1 90| - - - - - 11 9

(h) Syst. 7a: 83.6% correct, 12.1° RMS error (i) Syst. 7b: 83.6% correct, 12.1° RMS error

R R

90 60 -30 0 30 60 90 90 -60 -30 0 30 60 90
90|15 5 - - - - - 9|13 7 - - - - -
6| - 13 7 - - - - 60| - 13 7T - - - -
30 - - 18 2 - - - 30| - - 20 - - - -
s o|- - - 2 - - - s of|- - - 20 - - -
30| - - - - 2 - - |- - - - 2 - -
60| - - - - 98 1m - 60| - - - 4 16 - -
90| - - - - - 15 5 |- - - - - 10 10

(5) Syst. 8a: 72.9% correct, 15.6° RMS error (k) Syst. 8b: 80.0% correct, 13.4° RMS error

Figure F-5 (cont).
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