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High-resolution spherical directivity of live speech from
a multiple-capture transfer function method

Timothy W. Leishman,a) Samuel D. Bellows, Claire M. Pincock,b) and Jennifer K. Whiting
Acoustics Research Group, Department of Physics and Astronomy, Brigham Young University, N284 Eyring Science Center,
Provo, Utah 84602, USA

ABSTRACT:
Although human speech radiation has been a subject of considerable interest for decades, researchers have not

previously measured its directivity over a complete sphere with high spatial and spectral resolution using live

phonetically balanced passages. The research reported in this paper addresses this deficiency by employing a

multiple-capture transfer function technique and spherical harmonic expansions. The work involved eight subjects

and 2522 unique sampling positions over a 1.22 or 1.83 m sphere with 5� polar and azimuthal-angle increments. The

paper explains the methods and directs readers to archived results for further exploration, modeling, and speech sim-

ulation in acoustical environments. Comparisons of the results to those of a KEMAR head-and-torso simulator,

lower-resolution single-capture measurements, other authors’ work, and basic symmetry expectations all substantiate

their validity. The completeness and high resolution of the measurements offer insights into spherical speech direc-

tivity patterns that will aid researchers in the speech sciences, architectural acoustics, audio, and communications.
VC 2021 Acoustical Society of America. https://doi.org/10.1121/10.0003363
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I. INTRODUCTION

Speech is a ubiquitous faculty of human expression that

affects personal and group communication, human-machine

interaction, sound in acoustical environments, and signals in

audio and telecommunication systems. Despite its impor-

tance in these and other areas and its prominence in many

scientific studies and technologies, the fine details of speech

radiation and diffraction are not well documented or under-

stood. To increase knowledge in this area and advance

future research, the authors have conducted high-resolution,

spherically sampled measurements that thoroughly charac-

terize speech directivity patterns and provide functional

results for general usage.

Past challenges in measuring live speech with sufficient

angular resolution have resulted in a lack of accessible,

detailed data. Professionals have consequently relied on

low-resolution, plane-polar, and even roughly estimated

directivities for their work. Meanwhile, high-resolution

spherical directivities of loudspeakers (e.g., with 5� uninter-

polated polar and azimuthal-angle resolutions) have become

virtually standardized tools for simulating and improving

sound systems.1–3 It stands to reason that similar directiv-

ities should become available for human speech to better

characterize its properties and enhance modeling, simula-

tion, and optimization for many applications.

In the past, various researchers have explored the direc-

tivity of live speech,4–12 a combination of speech and

singing,13,14 or singing alone.15,16 Others have investigated

radiation patterns from head-and-torso simulators (HATSs)

and compared them to those of human speech17–24 or sing-

ing.25–29 Some have studied speech30–32 or HATS33–36

directivities in relationship to theoretical head models.

Others have investigated speech, singing, or HATS directiv-

ities connected with theoretical or physical models of baf-

fled vocal tracts for distinct vowels, including the effects of

higher-order cross-modes.37–39 Still others have explored

measured or perceived spectral variations in audio signals

from microphone placements at different radii and

angles.5,40–42 These efforts have afforded valuable insights

into human voice directivity. However, the results are insuf-

ficient for many modern applications, and each has suffered

from distinct limitations.

Few directivity measurements have been taken, plot-

ted, or tabulated over a complete sphere (or an entire hemi-

sphere with assumed symmetry), or else sampling was

insufficient to characterize the frequency-dependent spher-

ical directivity thoroughly over useful bandwidths. As lim-

ited spherical data subsets, conventional plane-polar and

line plots for one, two, or three distinct planes only mini-

mally characterize spherical directivity functions. The

completeness and resolution recommended by current

loudspeaker standards are much more advantageous for

understanding and modeling directivities than these tradi-

tional representations.

In some cases, measurements have suffered from spatial

aliasing or processing errors. Most did not utilize the correc-

tive, noise-reducing capabilities of narrowband signal proc-

essing in the complex frequency domain. Many produced

full, half, or 1/3-octave-band results, but the graphical or
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tabular presentations were not particularly useful for

detailed analysis, modeling, and design needs. The results

typically failed to leverage physical symmetry about the

median talker plane; researchers did not acquire complete

spherical data to validate or symmetrize measurements or

enhance averaging. Several studies failed to utilize live,

phonetically balanced speech, relying instead upon simu-

lated speech, limited phonemes, or phonemic glissandi.

This work’s primary aims were to overcome such

limitations, acquire detailed, high-resolution spherical

directivities of averaged live speech, and disseminate

them in electronic formats that facilitate straightforward

applications. Multichannel, multiple-capture (rotate-and-

repeat) digital recordings of several seated male and

female subjects in an anechoic chamber formed the

study’s basis. In many ways, past incognizance of related

methodologies, their potential for high-resolution mea-

surements, and associated mitigation of repetition varia-

tions in narrow or broad spectral bands has hampered

spherical directivity work. Some researchers have sensi-

bly divided 1/n-octave-band levels from sampling micro-

phone signals by those of reference microphone signals.

However, this paper shows that additional processing

enhancements provide desirable benefits for narrowband

and broader-band directivities.

The subjects spoke efficient, phonetically balanced pas-

sages while the measurement system captured their radiated

sounds, which were inherently affected by diffraction and

absorption. With 5� equiangular sampling in both the polar

and azimuthal angles, the procedure employed 2522 unique

measurement positions over a complete sphere. Subsequent

signal processing yielded frequency response functions

(FRFs or transfer functions) between a near-field reference

microphone output in the rotating reference frame and those

of more distant semicircular array microphones in a fixed

reference frame. Ratios of averaged cross-spectra to aver-

aged input auto-spectra produced the FRFs, led to effective

coherent output spectra, improved noise immunity, and

yielded normalized directivity functions for both narrow and

energetically summed broader bands.

Directivity balloons and polar plots in the median, fron-

tal, and transverse planes provided convenient visualizations

of the results. Complementary coherence balloons also dem-

onstrated relevant qualities. Subsequent spherical harmonic

expansions of the angularly sampled narrowband FRFs and

associated broader-band summations of coherent output

spectra provided continuous functions for directivity recon-

structions, angular resampling, smoothing, and other

purposes.

Section II explains the measurement methods and dem-

onstrates how they enabled directivity acquisition for subse-

quent sharing. Section III presents illustrative results.

Section IV provides further analysis and discussion, includ-

ing comparisons of live speech directivities to those of a

KEMAR HATS, lower-resolution results acquired using a

quasi-spherical 32-point microphone array, and the results

of other authors.

II. METHODS

A. Measurement system and procedure

Figure 1 depicts the speech directivity measurement

system used in the investigation, located in an anechoic

chamber with an 80 Hz cutoff frequency (below the typical

talkers’ fundamental frequencies). The chair could adjust

vertically or horizontally within the rotating reference frame

to locate the talker mouth opening at the microphone array

and corresponding measurement sphere’s circular center (see

Fig. 2). The rotation apparatus comprised an axle-and-gear

mechanism driven by a stepper motor, allowing azimuthal

rotation of the seated talker via computer control. Once the

mouth aligned initially toward the polar angle h ¼ 90� and

the azimuthal angle / ¼ 0�, a head restraint minimized later

movement within the rotating reference frame. It consisted of

a thin plastic web attached to a narrow metal framework,

which connected firmly to the chair.

Each subject wore a small 5.4 mm diameter head-worn

pre-polarized condenser microphone, positioned consis-

tently at the corner of his or her mouth to provide a refer-

ence signal. Two additional precision 1/2 in. (12.7 mm) pre-

polarized condenser microphones provided alternative refer-

ence signals from more distant fixed positions within the

rotating reference frame.

The semicircular array included 37 precision 1/2 in.

(12.7 mm) pre-polarized condenser microphones, each with

approximately 50 mV/Pa sensitivity and relative calibration

over frequency, to produce spatially sampled signals of the

radiated field. They fell at Dh ¼ 5� polar-angle increments

with a fixed radial distance of either a ¼1.83 m or a¼ 1.22

m from the spherical center using adjustable support rods.

Custom phantom power converters supplied the array micro-

phone preamplifiers and two reference microphone pream-

plifiers utilizing integrated electronics piezo-electric (IEPE).

FIG. 1. Diagram of the speech directivity measurement system.
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The microphone signals fed five eight-channel Focusrite

RedNet 4 digital audio interfaces for recording at 24 bits and

48 kHz sampling frequency. At higher frequencies, e.g.,

above 4 kHz, signal-to-noise ratios were generally lower

behind each talker than in front. This effect was due partly

to diffraction about the subject’s head, body, and chair and

partly to the 40-channel gain settings made at / ¼ 0� that

remained fixed for all other azimuthal angles. The record-

ings thus proceeded in 40-channel files for each azimuthal

angle through Reaper Digital Audio Workstation software.

The main subjects included three men and three

women, all American-English speakers between ages 18

and 35. Each memorized the short sentences proposed by

Lai et al.,43 which contained the most commonly used

phonemes. Before a measurement sequence began, the

subject spoke the sentences for an initial recording via the

head-worn reference microphone. Subsequent playback

through a small in-ear headphone prompted and paced the

talker for additional practice. While pacing was the pri-

mary aim of the technique, pitch matching and repetition

consistency may also have improved from its usage. Once

the subject repeated the passages confidently and consis-

tently, the 40-channel directivity measurement sequence

began.

The talker repeated the same six sentences in step with

continued in-ear prompts following each D/ ¼ 5� azimuthal

rotation relative to the fixed microphone array. In case of a

word or phoneme repetition error, the recording technician

stopped the multichannel recording and repeated it at the

same angle. The procedure did not expressly monitor or

compensate for vocal fatigue, e.g., as perceived by the talker

or determined by physiological indicators, including reduced

ranges and control of fundamental frequency and level.44,45

However, slight variations in these particular indicators did

not appear to affect the directivities appreciably—especially

with the study’s signal-processing methods, subject averag-

ing, and broadband representations. Consequently, they did

not constitute repetition errors.

As depicted in Fig. 2, the multiple-capture method pro-

duced 2522 unique sampling positions that thoroughly

assessed the speech radiation. The complete measurement

procedure, including setup, practice, 72 passage repetitions,

and takedown, took approximately 2 h per subject. The full

360� rotation in the azimuthal angle offered several benefits,

including examinations of typical symmetry assumptions

about the median plane and associated measurement valida-

tions. It also allowed symmetrizing of data or a quasi-

doubling of subject averaging.

A second, single-capture system facilitated methodologi-

cal comparisons for two additional subjects (one male and one

female). It comprised a constellation of 32 microphones with

positions at the apexes of a Catalan pentakis dodecahedron of

nominal radius a¼ 1.83 m and angles confirmed by an

altazimuth-mounted laser pointer at the spherical center.46

Recordings from this system were more efficient than those of

the multiple-capture system because they required no passage

repetitions and only about 30 min per subject. However, inher-

ently limited angular resolution resulted from the 32 unique

measurement positions. An a¼ 1.83 m radius version of the

higher-resolution multiple-capture system also allowed com-

parative measurements of the two subjects.

The a¼ 1.22 m radius multiple-capture system assessed

the GRAS KEMAR 45BC HATS directivity for comparison

with those of the six primary talkers. The HATS sat on a nar-

row stand in place of the chair (see Fig. 3) as it rotated azi-

muthally and its mouth opening remained fixed at the center

of the measurement sphere. A 20 Hz to 21.5 kHz linear sine

sweep drove the HATS as the reference signal for FRF mea-

surements based on spectral averages over five iterations.

B. Narrowband signal processing

The signal processing for the systems included computa-

tions of the FRFs between a reference signal (e.g., from the

head-worn microphone) and each of the array signals. The

multiple-capture system involved U¼ 37 polar angles and

V¼ 72 azimuthal angles on the measurement sphere. (The

a¼ 1.22 m array involved only U¼ 36 polar angles because the

rotation apparatus obstructed the nadir microphone.) The FRFs

over the entire sphere were then Hu; v fð Þ ¼ H hu;/v; fð Þ, where

u ¼ 0; 1; 2; …; U � 1, v ¼ 0; 1; 2; …; V � 1, hu ¼ uDh,

/v ¼ vD/, and Dh ¼ D/ ¼ 5�. Each azimuthal angle included

repetitions of the zenith and incorporated nadir measurements.

Transfer function calculations for each measurement

position employed Welch’s method;47,48 discrete Fourier

transforms performed on the six-sentence passage involved

48 000-sample block sizes (1 s record length, 1 Hz

FIG. 2. (Color online) Sampling positions of the speech directivity mea-

surement system. Effective sampling areas differed, as suggested by those

illustrated about the points labeled VS0;6; S9;6, and S15;6, where V ¼ 72. For

convenience in summations, S0;v and S36;v segmented the sampling areas of

the two poles into V equal sectors, where v ¼ 0; 1; 2; …; V � 1. The total

polar sampling areas were then VS0;v and VS36;v.
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narrowband resolution), a Hann window, and 75% overlap.

This approach typically produced 64 or more block aver-

ages over the six sentences. The autospectrum Gaav
ðf Þ of

the reference microphone signal avðtÞ followed similarly

for each azimuthal-angle increment (continuous frequency

f and time t are used here only for convenience). The

method likewise led to an average cross-spectrum Ga~bu; v
ðf Þ

between the reference microphone signal and each array

microphone signal ~bu; v tð Þ, where the tilde suggests the

ideal signal bu; v tð Þ contained uncorrelated noise nu; v tð Þ
[i.e., ~bu; v tð Þ ¼ bu; v tð Þ þ nu; v tð Þ]. The FRF then followed as

Hu; vðf Þ ¼ Ga ~bu; v
ðf Þ=Gaav

ðf Þ, a least squares estimator

reducing bias associated with the noise.48 These calcula-

tions assumed the system between the reference and array

microphones was linear and approximately time-invariant

following each azimuthal-angle increment (see Secs. II C

and III A for further discussion).

The previously mentioned spectra and the autospectrum

G~b ~bu; v
ðf Þ of each array signal allowed calculation of the

microphone position’s coherence function as c2
a~bu;v

fð Þ
¼ jGa~bu; v

fð Þj2=Gaav
ðf ÞG~b ~bu; v

fð Þ. This calculation provided

means of testing signal associations in the assumed linear

input-output model48 and quantifying and visualizing confi-

dence in the FRFs over the full measurement sphere. The

frequency-dependent values related to causality, signal-to-

noise ratio, and other signal and system characteristics.

While speech is neither an entirely deterministic nor random

broadband process, the coherence function distinguished

valid spectral regions for the FRFs and their ensuing direc-

tivities. Because acceptable FRFs required sufficient radi-

ated sound levels at both the reference and array

microphone positions, calculated signal-to-noise ratios

SNRa~bu;v
fð Þ ¼ 10log c2

a~bu;v
fð Þ= 1� c2

a~bu;v
fð Þ

h in o
enabled fur-

ther monitoring of uncorrelated noise in the associated

signals.49

C. Broader bands

For some applications, directivities in 1/n-octave or

other broader bands are more practical than those in narrow

bands. Accordingly, one might consider summing Hu;v fð Þ
�� ��2

directly into the broader bands with equal weighting per fre-

quency. However, radiated speech amplitude is not spec-

trally uniform; its frequency dependence differs from any

transfer function’s dependence, suggesting that the latter

should receive a proportional weighting. One approach

to the problem might involve multiplying each Hu;v fð Þ
�� ��2 by

the reference input autospectrum Gaav fð Þ, which coinciden-

tally yields the coherent output spectrum Gbbu;v
fð Þ

¼ Hu;v fð Þ
�� ��2Gaav

fð Þ ¼ c2
a~bu;v

fð ÞG~b ~bu; v
ðf Þ. This product repre-

sents the array microphone signal energy that is fully coher-

ent with the reference microphone signal.

In theory, the coherent output spectrum eliminates

uncorrelated noise measured at the array and optimizes sig-

nal identification due to the measurement system’s input. Of

course, the reference microphone must adequately detect the

speech signal generated from within the time-varying vocal

tract and produce a linearly related signal with negligible

noise contamination. The reference signal then yields the

same theoretical coherent output spectrum as the true source

signal in the vocal tract, despite modifications by linear transfer

functions to the external reference microphone and through

its transduction mechanism.48,50 In practice, time-delay bias

errors, estimation errors, and deviations from linear time-

invariant (LTI) assumptions reduce the full benefits of coherent

output spectra, which highlights the importance of reducing

those effects. Corrective strategies include estimating the

magnitude-squared FRF as Hu; v fð Þ
�� ��2 ¼ jGa~bu; v

ðf Þ=Gaav
ðf Þj2

and averaging many data blocks to reduce spectral-estimate

variances and narrowband measurement noise. The strategies

may also involve large block sizes and consequently narrower

frequency bins that improve the broader bands’ overall level

estimates.50 Talker restraints and prompts reduce the measure-

ment system’s time-varying features.

Because the reference microphone position influences

the spectral content of Gaav
fð Þ, and the latter varies with pas-

sage repetition at each azimuthal angle, a global frequency-

dependent weighting of Hu;v fð Þ
�� ��2 would improve broader-

band directivities. The sound power spectrum could form

such a weighting. However, for multiple-capture live-speech

measurements, it must incorporate azimuthal variations in

âv fð Þ, the Fourier transform of avðtÞ, and Gaav
fð Þ rather than

assuming they are consistent, as for a single-capture measure-

ment or a perfectly repeating source. Following algebraic

manipulation, an equating of the sound power formulations

for multiple and single-capture measurements yields an effec-

tive input autospectrum

FIG. 3. (Color online) The GRAS KEMAR 45BC HATS positioned on a

stand in the directivity measurement system. A fixed microphone attached to

the stand rotated with the HATS to provide an alternative reference signal.
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Gaa;eff fð Þ ¼

XU�1

u¼0

XV�1

v¼0

Su;v âv fð Þ
�� ��2 Hu;v fð Þ

�� ��2
XU�1

u¼0

XV�1

v¼0

Su;v Hu;v fð Þ
�� ��2

; (1)

where Su;v is the effective sampling area of each microphone

position (see Secs. II A and II F). The effective coherent out-

put spectrum for each sampling position then follows as

Gbb;eff u;v fð Þ ¼ Hu;v fð Þ
�� ��2Gaa;eff fð Þ: (2)

In this work, calculations of 1/n-octave-band directiv-

ities followed by adding each bin of Gbb;eff u;v fð Þ to a broader

band when it fell entirely within the band limits. If it

spanned a limit, its energy divided proportionately between

the adjacent bands.

D. Spherical harmonic expansions

An expansion of the measured complex FRFs using

spherical harmonics led to the continuous angular function

H h;/; fð Þ ¼
X1
n¼0

Xn

m¼�n

anm fð Þ ~Ym

n h;/ð Þ; (3)

where ~Y
m

n h;/ð Þ are normalized spherical harmonics of

degree n and order m (see the terminological discussions in

Refs. 51–53). The expansion coefficients anmðf Þ, to trun-

cated expansion degree N, followed from either a quadrature

method or a least squares approximation based on the dis-

crete sampling positions.54,55 Similar expansions applied to

the real-valued Gbb;eff u;v fð Þ or broader-band results. Because

higher-degree spherical harmonics typically correspond to

more considerable spatial variations, an appropriate choice

of N can smooth data and reduce unwanted spatial noise.

E. Normalized directivity functions

Normalizing the narrowband FRFs by the maximum

found at any sampling position on the sphere for a given fre-

quency resulted in the sampled complex directivity function

Du;v fð Þ ¼ Hu;v fð Þ
H u;vð Þmax Hj j

fð Þ ; (4)

where u; vð Þmax Hj j represents the index pair with the maxi-

mum FRF magnitude given by maxu;v Hu;v fð Þ
�� �� [i.e., the

maximum of all Hu;v fð Þ
�� �� for the given f ]. The associated

decibel beam pattern for directivity balloons and polar plots

then followed as56

Bu;v fð Þ ¼ 20 log Du;v fð Þ
�� ��: (5)

From a degree N truncation of Eq. (3), a similar normal-

ization of H h;/; fð Þ on the sphere yielded an angularly con-

tinuous complex directivity function

D h;/; fð Þ ¼ H h;/; fð Þ
H h;/ð Þmax Hj j; f
� � ; (6)

where h;/ð Þmax Hj j is the angle with maximum FRF magni-

tude given by maxh;/ H h;/; fð Þ
�� �� for a given f. The associ-

ated decibel beam pattern was then

B h;/; fð Þ ¼ 20 log D h;/; fð Þ
�� ��: (7)

Similar formulas applied to the real-valued Gbb;eff u;v fð Þ or

broader-band results.

Some authors have attached phases to 1/n-octave-

band directivities for array radiation predictions.57,58

While Eqs. (4) and (6) contain phase information, the util-

ity of phase for 1/n-octave-band speech directivities is

indefinite.

F. Directivity deviation

An energetic, area-weighted, root-mean-square devia-

tion (AWRMSD) provided means of globally quantifying

differences between any directivity Du;v fð Þ and a reference

directivity Dref;u;v fð Þ. Suitable comparisons required alter-

native normalization such that the area-weighted mean

magnitude of each function became unity for each fre-

quency bin. This step was necessary because the normali-

zation in Eq. (4) depends upon specific angles of

maximum radiation that may vary over frequency and

between talkers.59

The area weights were the effective sampling areas for

each microphone position (see Fig. 2), defined in Eqs.

(4)–(6) of Ref. 56 as

Su;v ¼
2a2D/sin2 Dh

4

� �
¼ 4pa2

V
sin2 Dh

4

� �
; u¼ 0; 36

2a2D/sin huð Þsin
Dh
2

� �
; 1� u� 35;

8>>><
>>>:

(8)

which sum to the total area S of the measurement sphere.

A quadrature rule based on these weights allows approxi-

mate numerical integration of a function f h; /ð Þ over the

sphere as

ð2p

0

ðp

0

f h; /ð Þa2sin hdhd/ �
XU�1

u¼0

XV�1

v¼0

Su;vfu;v: (9)

Consequently, at each frequency, the mean-normalized

directivity function takes the form

~Du;v fð Þ ¼ Hu;v fð ÞS
XU�1

u¼0

XV�1

v¼0

Su;vjHu;v fð Þj
: (10)

With this result, the AWRMSD becomes
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rAWD fð Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1

S

XU�1

u¼0

XV�1

v¼0

Su;v
~Du;v fð Þ
�� ��� ~Dref;u;v fð Þ

�� ��h i2

vuut ;

(11)

with a decibel form

LAWRMSD fð Þ ¼ 20log10 1þ rAWD fð Þ½ �: (12)

The latter maps rAWD ¼ 0 to 0 dB and rAWD ¼ 1 to 6 dB. A

single-number value also follows by energetically averaging

this level over frequency. Sections III and IV utilize these

metrics to compare directivities.

III. RESULTS

A. Narrowband directivities

Figure 4 shows the normalized 630 Hz narrowband

(1 Hz bandwidth) directivity for a female talker using two

visualization techniques. In each case, the mouth axis falls

at h;/ð Þ ¼ 90�; 0�ð Þ. Since the sampling positions fell at a

fixed radius a¼ 1.83 m over the measurement sphere, color

alone might feasibly represent the normalized levels at the

various angles, as shown in Figs. 4(a) and 4(b). The color

scales from �40 to 0 dB over the sphere; values less than

�40 dB maintain the same color as �40 dB. A visualization

enhancement follows by representing the levels at the vari-

ous angles with parametric surface radii ranging from �40

to 0 dB to form a distinct shape or “balloon,” as shown in

Figs. 4(c) and 4(d). Both plots include faceting to produce

gray mesh lines and consistent color across each planar face.

The circumscribed spherical cages signify the maximum

normalized directivity value of 0 dB. The outline of a planar

slice through a balloon and the origin constitutes a directiv-

ity polar plot.

Figure 5(a) shows a similar narrowband balloon

smoothed by interpolating color across the mesh line seg-

ments and planar faces, a technique employed in subsequent

plots. A view from behind the balloon follows later in Fig.

8(a). Figures 5(b)–5(d) are polar plots for the transverse,

frontal, and median planes, respectively, which also overlay

the balloon of Fig. 5(a) to help orient the viewer and aug-

ment visualization. Polar plots in the transverse and frontal

planes exhibit quasi-symmetry because of the seated talker’s

anatomical symmetries, which affect radiation, diffraction,

and absorption. While the level is generally highest in front

of the talker, the maximum occurs at about 40� downward

from the horizontal in the median plane. This result could

differ for a standing talker.

Figure 6 shows balloon and polar plots of the calculated

coherence at the same frequency. Here, the radii and color

scale range only from 0.9 to 1.0 to emphasize the generally

high coherence values over the sphere while highlighting

reduced-value regions. These plots are useful for identifying

problems such as incoherent noise, distortion, insufficient

gain, poorly functioning microphones, or bad connections.

FIG. 4. (Color online) Two visualization schemes for the narrowband (1 Hz

resolution) directivity of a female talker at 630 Hz, where the mouth axis

falls at h;/ð Þ ¼ 90�; 0�ð Þ. (a) Viewed from above the equator and to the talk-

er’s right, color over a sphere on a dB scale represents a level at each sam-

pling position relative to the maximum. (b) The same as (a) but viewed from

below and to the talker’s left. (c) Viewed from above and to the talker’s right,

a varying parametric surface (balloon) radius also represents the relative level

from the circumscribed spherical cage (0 dB) to the origin (�40 dB). (d) The

same as (c) but viewed from below and to the talker’s left.

FIG. 5. (Color online) Balloon and polar plots for the narrowband (1 Hz res-

olution) 630 Hz directivity of a female talker. (a) Directivity balloon using

an interpolating color scheme. (b) Transverse polar plot. (c) Frontal polar

plot. (d) Median polar plot. The polar plots also overlay the balloon plot.
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Coherence tends to drop whenever speech levels detected by

the array or reference microphones drop, resulting in a

decreased signal-to-noise ratio.

It is noteworthy that sound generation by the KEMAR

HATS mouth simulator was spectrally and energetically

replete due to its swept-sinusoidal excitation and transduction

and virtually time-invariant because of its fixed properties.

Sound produced by the human talkers was less spectrally

replete and more time-variant due to the characteristic fluctu-

ations of vocal-tract configurations.37–39,60 However, for both

the HATS and talkers, the gross diffraction of external sound

about the heads and bodies and propagation into the free field

were roughly time-invariant following each azimuthal rota-

tion. Time-dependent talker vocal-tract geometries may have

varied somewhat with rotation angle and repetition, but regu-

larly prompted repetitions of set phonetically balanced pas-

sages aimed to improve consistency and minimize the impact

on directivity. Nevertheless, as shown later in Sec. IV A,

frequency-dependent spatially averaged coherence values for

the HATS were consistently higher over its usable bandwidth

than those of the human talkers.

Section II C suggested that a talker would not produce a

consistent level at each azimuthal angle. The 630 Hz, auto-

spectral polar plot from the reference-microphone and array

balloon plot in Fig. 7 affirm this expectation. The variations

are evident to a lesser extent from the longitudinal banding

of the coherence balloon of Fig. 6 and its transverse polar

plot; reductions in radiated field levels in Fig. 7 correspond

roughly to regions of reduced coherence. Furthermore, for

the narrow 1 Hz bandwidth, one sees increased asymmetry

near the directivity balloon’s zenith [Fig. 5(c)] and

connected distortions in the median plane [Fig. 5(d)]. Both

effects relate to an area of reduced coherence and are further

evident from a comparison of the FRF-based directivity bal-

loon and the associated coherence balloon viewed from

behind the talker in Fig. 8. Despite these behaviors, the

images reveal nearly symmetric diffraction patterns about

the talker’s body and chair.

Figure 9 depicts two views of a lower-resolution direc-

tivity balloon produced by the same female talker at the

same frequency and nominal radius a¼ 1.83 m, but acquired

using the single-capture array of 32 microphones. As in

Fig. 5(a), the flat faces depict planar color interpolations

between contiguous sets of sampling points. Figure 9(a),

showing the balloon from in front of the talker, and

Fig. 9(b), from behind, have features roughly similar to

those in Fig. 5, including reduced levels above and behind

the talker. However, Fig. 9(b) also illustrates a significant

problem that may arise from conflicting talker and array

symmetries and coarse sampling resolution.

The Catalan pentakis dodecahedron array geometry, used

elsewhere by other researchers,61,62 afforded useful compara-

tive sampling with the highest quasi-uniform sampling chan-

nel count from the available 40 channels. However, for Fig. 9,

the talker median plane did not align with one of the

array’s 15 mirror-image planes of its icosahedral symmetry,

while the frontal plane did. Consequently, the measurement

arrangement produced visible directivity asymmetries, such

as the �20 dB patch seen in Fig. 9(b) only on the balloon’s

left side. Asymmetries also appear to a lesser extent in

Fig. 9(a) but are not noticeably present in Fig. 5, measured

with high-resolution sampling. Because sparse sampling

schemes can significantly affect directivity measurement

FIG. 6. (Color online) Coherence balloon and polar plots associated with

the narrowband 630 Hz directivity measurement of the female talker in

Figs. 4 and 5. The plots are on a scale from 0.9 to 1. (a) Balloon. (b)

Transverse plane. (c) Frontal plane. (d) Median plane. The polar plots also

overlay the balloon plot.

FIG. 7. (Color online) Autospectral plots associated with the narrowband

630 Hz directivity measurement of the female talker in Figs. 4–6. (a)

Reference microphone polar plot. (b) Microphone array balloon plot. Both

plots show expected amplitude variations for each repetition at 5�

azimuthal-angle increments.
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quality, their alignments should account, whenever possible,

for critical source radiation, diffraction, and symmetry features.

In this regard, higher-resolution measurements are typically

more accommodating than lower-resolution measurements.

B. One-third-octave-band directivities

Figure 10 presents energetically weighted and summed

directivity results over the 630 Hz 1/3-octave band (see Sec.

II C) and energetically averaged across three female talkers

measured at radius a¼ 1.22 m. Many of the 630 Hz narrow-

band directivity features in Fig. 5 are still apparent but are

smoother due to the broader bandwidth and subject averag-

ing. The smoothing has notably impacted artifacts caused by

reduced coherence near the zenith and increased balloon

symmetry. The frequency-averaged LAWRMSD fð Þ of the indi-

vidual directivity (see Sec. II F) compared to that of the

female talkers’ reference average directivity was 1.6 dB.

Figure 11 shows similar results for the 1.6 kHz 1/3-octave

band averaged across the three male talkers measured at the

same radial distance.

C. Directivities based on spherical harmonic
expansions

The directivity results in Fig. 12 are similar to those in

Fig. 11 but based on a degree N¼ 10 spherical harmonic

expansion of the measured data. The frequency-averaged

LAWRMSD fð Þ between the expansion and raw data for this

band was 0.6 dB. Figure 13 presents similar spherical

harmonic directivity results for the KEMAR HATS over the

same band. With the expanded male average as the refer-

ence, it had a frequency-averaged LAWRMSD fð Þ of 2.1 dB. In

both cases, the highest levels occurred toward the front and

in an upward inclination.

Figure 14 shows a sequence of balloons from a vantage

point to a female talker’s right, each expanded to degree

N¼ 15 with increasing 1/3-octave-band center frequencies.

Reference 63 provides several additional 1/3-octave-band

directivity plots and animations for the human talkers and

the KEMAR HATS, including balloon rotations and evolu-

tions over frequency. This reference archives the average

talker directivity results in various 1/3-octave bands,

expanded with spherical harmonics to degree N¼ 10. The

included electronic files contain tabulations for architectural

acoustics simulations and other applications.

IV. ANALYSIS AND DISCUSSION

A. Usable bandwidth

As expected from physical arguments and as borne out

by the measurements, the speech radiation was nearly omni-

directional at low frequencies, close to the fundamental fre-

quencies of speech. This effect was less so for the females

because their average fundamental frequencies were nearly

double those of the males, while their pertinent anatomical

dimensions for radiation and diffraction were closer to those

of the males. Fundamental frequencies varied for the talkers

over time, but as indicated for the male and female talkers

in Fig. 15(a), the frequency-dependent time and area-

weighted average coherences over the sphere provided

insights into the functional spectral contents of their speech.

Discrete coherence values were usually greater than or less

than the average values at any given angle and frequency.

The spatial average dropped consistently below 0.8 above

about 5 kHz. At higher frequencies, coherence values

directly behind a talker usually fell about 0.1 below the

FIG. 8. (Color online) Balloon plots for the narrowband 630 Hz measure-

ment of the female talker described by Figs. 4–7, viewed from a vantage

point behind the talker. (a) Transfer-function-based directivity balloon. (b)

Associated coherence balloon.

FIG. 9. (Color online) The narrowband 630 Hz directivity of the female

talker as in Figs. 4–8, but measured with a 32-point single-capture array. (a)

Front view. (b) Back view.
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average while those in front rose roughly 0.1 above it. As

mentioned earlier, recording gains were set only once for

the entire measurement sequence as a talker faced the semi-

circular array. The results may have improved by optimizing

signal-to-noise ratios and dynamic ranges for each

azimuthal angle. In general, a talker’s spatially averaged

coherence was less than that of the KEMAR HATS over its

usable bandwidth.

As suggested in Secs. II C and III B, the use of coherent

output spectra, broader bands, and multiple-subject

FIG. 11. (Color online) Male speech directivity averaged over three talkers

for the 1.6 kHz 1/3-octave band. The highest levels occur in front of the

seated talkers with an upward inclination, above the transverse plane. The

patterns in the transverse and frontal planes are quasi-symmetric, with dif-

fraction effects apparent behind and below the talkers. (a) Balloon. (b)

Transverse plane. (c) Frontal plane. (d) Median plane.

FIG. 12. (Color online) Average male speech directivity in the 1.6 kHz 1/3-

octave-band, as in Fig. 11, but based on a degree N¼ 10 spherical harmonic

expansion. The expansion smooths certain details while maintaining the

general directional characteristics. (a) Balloon. (b) Transverse plane. (c)

Frontal plane. (d) Median plane.

FIG. 13. (Color online) The KEMAR HATS directivity for the 1.6 kHz 1/3-

octave band with a degree N¼ 10 spherical harmonic expansion. (a)

Balloon. (b) Transverse plane. (c) Frontal plane. (d) Median plane.

FIG. 10. (Color online) Female speech directivity averaged over three talk-

ers for the 630 Hz 1/3-octave band. As expected from anatomical and seat-

ing symmetries, the patterns in the transverse and frontal planes are quasi-

symmetric, with diffraction effects apparent behind and below the talkers.

(a) Balloon. (b) Transverse plane. (c) Frontal plane. (d) Median plane.
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averaging served to isolate speech signals from zero-mean

uncorrelated noise at any angle. The cross-spectrum played

a crucial role in eliminating the noise in the coherent output

spectra and transfer functions, but the latter two were only

valid to the degree that the cross-spectral and autospectral

estimates were valid. Coefficients of variation provided one

means of predicting estimation errors. The estimates of the

narrowband coherent output spectra and transfer functions

(see Secs. II B and II C) depended upon both the coherence

at any given frequency and the number of time-record aver-

ages.50 As stated earlier, the latter was approximately 64 per

talker and effectively 384 over six talkers.

Because of the gradually falling high-frequency coher-

ence, it became necessary to estimate the usable directivity

measurement bandwidth. At 10 kHz, the spatially averaged

narrowband coherence ranged among the talkers from

approximately 0.3 to 0.5, with an average of about 0.4. With

64 averages, the 0.4 value produced a narrowband coeffi-

cient of variation of approximately 11% for the average

transfer function magnitude [see Eqs. (4)–(7)], suggesting

that a 10 kHz narrowband limit was reasonable. The coeffi-

cient of variation for the average coherent output spectrum

at this frequency was approximately 25%, but with 384

effective averages, it dropped to around 10%. Furthermore,

once the many narrowband spectral components combined

into relatively broad high-frequency 1/3-octave bands,

errors for overall band-level estimates dropped much fur-

ther.50 This suggested that the 10 kHz and even higher 1/3-

octave bands were useful.

The zenith microphone captured signals at the same posi-

tion for each azimuthal-angle increment and thus should have

yielded similar transfer functions and effective coherent out-

put spectra in each case. The 1/3-octave-band zenith directiv-

ity values for the two talkers and KEMAR had frequency-

dependent standard deviations r represented in Fig. 15(b) for

the 72 increments. The talker standard deviations remained

under 0.5 dB between their fundamental frequencies and about

6 kHz. They steadily rose from 0.3 dB at 5 kHz to approxi-

mately 1 dB at 10 kHz. Below the fundamental frequencies,

they rose more dramatically. The standard deviation for the

KEMAR HATS was relatively low over the plotted bandwidth

except below its low-frequency response roll-off.

B. Directivity pattern characteristics

Section III A suggested that speech directivity is

approximately symmetric in the transverse and frontal

planes due to a subject’s anatomical and seating symmetries

FIG. 14. (Color online) Directivity balloon side views for a single female talker in 1/3-octave bands, based on degree N¼ 15 spherical harmonic expansions

of the measured data.
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about the median plane while the median plane’s results

involve asymmetries. These characteristics help substantiate

speech directivity measurements and are apparent in the

measured results.

Both radiation from the mouth and nostrils and diffrac-

tion about a talker and chair cause directivity patterns

to evolve remarkably over frequency. The variations in

Fig. 14 and the images of Ref. 63 demonstrate several sig-

nificant frequency-dependent behaviors about a seated

talker that are characteristic of speech directivity.

Diffraction effects behind and below the head, body, and

chair appear in these and other balloon plots, with notewor-

thy lobe structures to the front and sides. Above the quasi-

omnidirectional frequencies, a broad downward-oriented

frontal lobe appears around 315 Hz. Different lobes emerge

with increasing frequency until a broad upward-oriented

frontal lobe dominates the radiation pattern at about

1.25 kHz. New lobes continue to form with increasing fre-

quency, each with interesting angular orientations. Above

5 kHz, radiation is typically dominant in front of the talker, as

one might expect from geometric-acoustic arguments.64

However, the frequency-dependent pattern shows that a prin-

cipal radiation axis directly in front of a seated talker’s mouth

is not necessarily the axis of maximum radiation at all fre-

quencies.59 Table I provides the average on-axis directivity

index and normalized sound power levels for all six talkers

over several 1/3-octave bands. References 59 and 65 provide

further discussion of these topics, based on the same data.

The KEMAR HATS directivity results, measured at

a¼ 1.22 m, were similar in many regards to those of the

human talkers but differed in particulars for several ostensi-

ble reasons. First, the HATS had no legs or chair during the

measurements. Figure 13 shows that levels increased behind

and below the manikin compared to those of the average

male. Second, despite the manikin’s average or median ana-

tomical design,66 its features differed from those of this

investigation’s specific talkers. Third, KEMAR produced

distinctive radiation associated with its fixed mouth aperture

and lack of nasal cavity or openings, which again varied

from the talker anatomies and the characteristics of running

human speech.

C. Comparisons

1. Theoretical predictions

Researchers have compared human speech radiation

to the radiation produced by a point source or small radi-

ally oscillating cap set in a rigid spherical baffle, with

dimensions similar to those of the human mouth and head,

respectively.4,6,24,30,33–35 Figure 16(a) compares the aver-

age female 630 Hz 1/3-octave-band directivity of Fig. 10,

in the transverse plane, to that of the KEMAR HATS and

the axisymmetric directivity modeled from a 0.85 cm

radius cap set in a 9.0 cm radius sphere. Figure 16(b) com-

pares the average male 1.6 kHz 1/3-octave-band directivity

from Fig. 11 to that of KEMAR and the directivity

FIG. 15. (Color online) (a) Area-weighted spatially averaged coherence

over the sampling sphere from 60 Hz to 10 kHz for a single male talker, a

single female talker, and the KEMAR HATS. Frequencies with higher

coherence roughly correspond to those with higher signal levels over the

sphere. Because of lower fundamental frequencies, the male talker has

higher coherence below 160 Hz than the female talker. (b) Standard devia-

tions of the 1/3-octave-band zenith directivity values for the two talkers and

KEMAR over the 72 azimuthal measurement angles.

TABLE I. On-axis directivity index and normalized sound power level

averaged over three male and three female subjects, by 1/3-octave band.

Frequency (Hz) Directivity index (dB) Normalized power level (dB)

80 0.0 �28.4

100 0.0 �27.9

125 0.4 �31.0

160 1.3 �28.1

200 1.8 �2.8

250 2.8 0.0

315 3.2 �6.0

400 2.5 �5.7

500 1.3 �3.6

630 0.9 �4.7

800 0.5 �5.5

1000 0.7 �10.7

1250 3.7 �14.5

1600 5.7 �16.1

2000 4.4 �19.3

2500 2.7 �24.2

3150 4.0 �26.8

4000 5.2 �30.1

5000 4.0 �37.8

6300 3.7 �35.4

8000 6.0 �35.8

10 000 6.3 �38.9
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modeled using a 0.90 cm radius cap set in a 9.5 cm radius

sphere. Both Figs. 16(a) and 16(b) show reasonable agree-

ment in front of and behind the head but significant devia-

tions to the sides. This effect follows partly from the

diffraction and scattering occurring about the shoulders,

body, and chair—all features entirely neglected by the

spherical model. The figure includes only transverse polar

plots because the frontal and median-plane plots depart

considerably from the modeled directivity; the seated sub-

jects and KEMAR lacked significant axial symmetry in

those planes.

Through theoretical models, computations, and physical

models of distinct, baffled vocal-tract vowel configurations,

Blandin et al.37,38 and Brandner et al.39 found that internally

propagating cross-modes impacted associated high-

frequency directivities in relatively narrow bands. The pre-

dicted effects were not apparent in the present study because

the data block sizes, long-term averages, and human subject

averages coalesced many running-speech phonemes into

wider 1/3-octave bands.

2. Average vs KEMAR directivities

Figure 17 shows the 1/3-octave-band LAWRMSD fð Þ [see

Eqs. (8)–(12)] between the KEMAR HATS directivity and a

six-talker male-female average directivity as the reference. The

energetically averaged level from 160 Hz to 10 kHz was

1.6 dB. The figure also shows the LAWRMSD fð Þ between the

average single-gender directivity and the overall average direc-

tivity as the reference. Because the latter derives from an equal

number of male and female talkers, the LAWRMSD fð Þ between

the average male or female directivity and the overall average

is the same. The energetically averaged LAWRMSD fð Þ from

160 Hz to 10 kHz was 0.7 dB. The graphs show that as fre-

quency increases, deviations between directivity patterns tend

to increase. This effect is due to the distinct radiation and dif-

fraction characteristics of the HATS and individual talkers.59

3. Previous measurements

Figure 18(a) presents 1/3-octave-band directivities of a

soprano vocalist, based on post-processing and degree N¼ 4

spherical harmonic expansions of 32-point recordings pub-

lished by Weinzierl et al.61,62 Figure 18(b) shows degree

N¼ 10 expansions of the 2522-point measurements aver-

aged across three female talkers of the present study. The

two sampling methods produce comparable results at lower

frequencies, with similar orientations of major lobes and

other features. However, the 2522-point measurements

allow higher-degree expansions and reveal important details

beyond those available from the lower-resolution results,

even with the subject averaging (also compare Fig. 14 for a

single female talker expanded to degree N ¼ 15).

Figure 19 shows the LAWRMSD fð Þ between the results of

a single female talker and the average female talker, both

expanded to degree N¼ 10, and those of the soprano vocal-

ist expanded to degree N¼ 4. Both curves show trends of

increasing deviation with increasing frequency, just as for

the KEMAR HATS in Fig. 17. The energetic averages of

the LAWRMSD fð Þ curves over the 1/3-octave bands from

160 Hz to 10 kHz were 1.3 dB for the single female talker

and 1.9 dB for the soprano vocalist.

Figure 20 compares directivity plots for an average

talker derived from Chu and Warnock’s tables10 to the aver-

age talker directivity taken from the 2522-point measure-

ments, expanded to degree N¼ 15. Chu and Warnock10

sampled at 92 unique positions over a partial hemisphere

and assumed symmetry about the median plane. Their

results compared reasonably with those of Dunn and

FIG. 16. (Color online) Transverse polar plots comparing narrowband direc-

tivities produced by theoretical models of spherically baffled vibrating caps

with those produced in 1/3-octave bands by live speech and the KEMAR

HATS. (a) Comparisons to average female directivity in the 630 Hz 1/3-octave

band. (b) Comparisons to average male directivity in the 1.6 kHz

1/3-octave band.

FIG. 17. (Color online) The LAWRMSD fð Þ between the directivity of the

KEMAR HATS and live speech averaged over three males and three

females, plus the LAWRMSD fð Þ between the average of one gender and the

overall average.
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Farnsworth5 (20 maximum positions over a partial hemi-

sphere of fixed radius), Moreno and Pfretzschner6 (720

effective circular positions in the transverse and median

planes), and McKendree8 (seven positions in a right trans-

verse semicircle plus an eighth in a front median semicir-

cle). The frequency-dependent results of the present study

likewise agree with those of Chu and Warnock, including

diffraction effects around the back of the average talker.

However, the 2522-point measurements again reveal more

richness of detail over a complete sphere.

Through previously available data, some authors have

noted nearly omnidirectional radiation at low frequencies

and the formation of a rear shadow region and a persistent

rear lobe at higher frequencies. They have also observed the

apparent formation, shifting, and multiplication of other

lobes in the front hemisphere with increasing frequency plus

other effects. Some have noted that the median plane’s

dominant radiation axis often falls below the transverse

plane and shifts with frequency. This work confirms and

expands upon their observations through more complete

representations.

D. Angular sampling resolution

The comparisons in Fig. 18 demonstrate increasing dis-

crepancies between degree N¼ 4 and degree N¼ 10

FIG. 18. (Color online) Comparative side views of 1/3-octave-band directivity balloons based on spherical harmonic expansions. (a) A soprano singer

reported in Weinzierl et al. (Refs. 61 and 62) sampled at 32 points and expanded to maximum degree N¼ 4. (b) An average of three female talkers from the

present study sampled at 2522 points and expanded to N¼ 10.
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expansions with increasing frequency, some of which may

result from spatial aliasing produced by the 32-point measure-

ments. Although the degree N¼ 4 plots in Fig. 18(a) appear

functional, comparisons to Figs. 14 and 18(b) show that many

significant details are lost at higher frequencies, escaping rep-

resentation except through denser sampling and higher-

degree expansions (also compare Fig. 20). While Figs. 12,

13, and 18(b) present results from degree N¼ 10 expansions,

the 2522-point measurements allow even higher-degree

expansions, such as those depicted in Figs. 14 and 20(b).

These illustrate initial requirements to capture fine details and

the value of higher-resolution measurements.

E. Limitations

The results of this work derived from averaged autospec-

tra, cross-spectra, FRFs, and effective coherent output spectra

over six short phonetically balanced sentences; they did not

focus on individual phonemes or the dynamic directivities

associated with changes in vocal-tract configurations.37–39

Variations in fundamental frequency and spectrum occurred

over the sentences and with each azimuthal-angle increment,

but the same 1/3-octave bands likely subsumed them. All sub-

jects in the study were seated for practicality and stability

within the rotating reference frame. Future measurements

could include standing talkers to explore differences in the

diffraction and absorption of upright bodies.

While additional subjects would statistically improve

the results, this paper’s primary aim was to address measure-

ment and processing methods and provide initial outcomes

and comparisons. Because high-resolution directivity mea-

surements are tedious and time-consuming, evaluation of

substantial subject sample sizes would require considerable

effort for planning, subject selection, training, measurement,

and processing. As mentioned earlier, a symmetrizing of

spherical measurements about the median plane63 can effec-

tively double the number of subject quasi-averages and

reduce the required number of talkers.

The 2522-point measurements produced relatively high

angular resolutions, but sampling remained limited.

Spherical harmonic expansions converged well to the

measured patterns within the possible number of coeffi-

cients, but more research is necessary to substantiate the

required frequency-dependent sampling density for full

speech bandwidth. As mentioned in Sec. IV A, the estimated

upper spectral bound for this study, based on coherence val-

ues, transfer functions, coherent output spectra, broadband

summation, and multiple-subject averaging, was roughly

10 kHz, but this limit may require additional investigation.

Radiation above this frequency, though down considerably

in amplitude, could involve more complex directivity pat-

terns, necessitating increased sampling resolution. Future

studies could explore these topics.

V. CONCLUSIONS

This work has explored the measurement of time-

averaged directivity of live phonetically balanced speech

using a multiple-capture transfer function method. It has

allowed analysis of directivities in 5� polar and

azimuthal-angle resolutions, as advocated currently for

loudspeakers. The measurements leveraged transfer func-

tions, coherence functions, and block averaging to miti-

gate repetition variations in amplitude and spectrum,

plus noise in narrow measurement bands. Broader-band

directivities followed from effective coherent output

spectra, narrowband summations, and subject averaging.

Comparisons to the results of theoretical models, mea-

sured HATS directivities, and other researchers’ work

served to validate the results. The details have shown

that while low-frequency speech content is much less

directional than high-frequency content, radiation from

the mouth and nostrils and diffraction about the talker

and chair cause directivity patterns to evolve remarkably

over frequency.

Some results of the investigation are available in

archived electronic files for readers to use in their work.

The authors hope that these resources will increase

understanding of speech radiation and diffraction and

enhance scientific studies and applications involving the

human voice. The files will help improve computational

models and applications in architectural acoustics, audio,

and communications.

Future work in this area could expand upon these methods

and results, adapting them to higher resolutions as warranted. It

could explore individual phoneme directivities, dynamic direc-

tivities, longer-time averages of continuous speech, radiation

and diffraction of standing talkers, and larger talker sample

sizes. It could further investigate directivity indices and sound

power spectra produced by speech. Comprehensive near-field

measurements would lead to a greater understanding of radiated

fields at varying distances and allow in-depth studies of micro-

phone placement techniques. The authors encourage research

in these and related areas and the application of the results.
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