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Abstract

A private sound zone can be created by focusing a spoken message towards
a target listener using a loudspeaker array. In practice, however, the repro-
duced speech cannot be completely contained within the target zone due to
practical limits on the directivity of the array. Despite these limitations, the
privacy of the message can be maintained if the leaked speech is sufficiently
masked by noise. Two possible sources of this masking noise are considered
in this article: the ambient noise in the reproduction environment, and an
additional masking signal radiated by the loudspeaker array. The present
article demonstrates that the process of designing a private audio system
is significantly affected by the presence of ambient noise. A key complica-
tion is that temporal fluctuations and spatial non-uniformity in the ambient
noise can reduce its effectiveness as a masker. These features also make it
more difficult to estimate the corresponding reduction in the intelligibility of
speech in each listening zone. To mitigate this spatial and temporal variance,
it is proposed that systems should be designed to rely only on the masking
provided by the diffuse, quasi-stationary background noise component of the
environmental noise. It is shown that when systems utilise a combination
of the background noise and an additional, artificial masker, a lower level of
acoustic contrast is required from the system, compared to the case where
the masking is supplied by the background noise exclusively.
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1. Introduction1

Loudspeaker arrays can be used to form spatially separated listening zones2

within a shared space. Such systems have found utility in open plan offices3

and museum exhibits [1], as entertainment systems for the home [2, 3, 4],4

and for personalised telecommunications using mobile devices and in vehicles5

[5, 6, 7]. When such systems are used to transmit speech, such as through6

a security partition at a bank counter or in the aforementioned telecom-7

munications examples, it is important to preserve the privacy of the target8

listener. This can be achieved by using one sound zoning process to focus9

the target speech towards the target listener and using a second process to10

radiate additional masking noise into areas where other listeners are situated11

[8, 9], or by combining appropriately filtered noise signals [10]. Sound zoning12

methods can be broadly categorised into those that control the energy of the13

reproduced signals in each zone, such as Acoustic Contrast Control (ACC)14

[11], and those that seek to accurately reproduce a target signal, such as15

Pressure Matching [12]. Recent hybrids and generalisations of these meth-16

ods have also been proposed [13, 14, 15], yielding perceptual improvements17

to the reproduced sound fields and the ability to tailor the capabilities of the18

system to the objectives of the system or the properties of the input signals.19

The present article describes a method for specifying the technical re-20

quirements of a sound zoning system based on the predicted speech intelli-21

gibility in each listening zone and the masking effect of the environmental22

background noise present in the listening space, which has not been consid-23

ered in previous work. The analysis presented in this article significantly24

expands on previous work by the authors [16] through the use of ambient25

noise recordings from a range of typical environments, rather than assuming26

a single, speech-shaped background noise spectrum and thus expands the27

practical relevance of this study. The proposed approach is based on the28

recognition that in spaces where privacy is a concern, there is also likely to29

be additional sources of noise, for example, due to the voices and activity of30

other people sharing the space. This additional ambient noise will decrease31

the intelligibility of speech reproduced in the bright zone, impairing the per-32

formance of the system from the perspective of the target listener. However,33
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noise is beneficial for the provision of privacy, as this will contribute to the34

masking of any speech that escapes the target region.35

Figure 1 illustrates the proposed method for providing private listening36

zones in a noisy environment, using a combination of an artificial masking37

signal and the background noise present in the space. The speech and mask-38

ing signals are independently filtered so that they are focused into the bright39

and dark zones respectively, and the zonal signals are analysed in terms of40

the Speech Intelligibility Index (SII) [17] and the A-weighted masker level.41

This analysis provides information pertaining to the goals of the system,42

namely, that the target message be delivered clearly to the target listener in43

the bright zone, that this message is unintelligible in the dark zone, and that44

the negative perceptual effects of the required additional masking are min-45

imised [9]. It is possible to carry out the bulk of this evaluation indirectly,46

i.e. without requiring measurement microphones within each listening zone.47

Instead, an internal representation of the zonal signals can be synthesised48

by convolving the input signals with the electroacoustical transfer responses49

between the loudspeaker array and the zones. These responses are necessary50

for the production of the sound zoning filters, and can therefore be re-used.51

However, the SII evaluation also requires a measurement of the ambient noise52

in each zone, which must be captured in real-time and combined with the53

synthesised zonal signals. It is impractical to directly measure the ambient54

noise experienced at each listener position as microphones would need to be55

placed coincident with the listeners’ ears. Remote microphone techniques56

for estimating these signals are also limited in utility as the locations of the57

ambient noise sources are not known a-priori [18]. However, situating a mi-58

crophone at a convenient nearby location can provide an approximation to59

the ambient noise within each zone.60

The processing steps required to obtain a reliable masking prediction from61

a remote ambient noise measurement forms a key part of the discussion in62

this article, and this is described in Section 2 alongside a brief review of how63

speech intelligibility is affected by noise. A range of example sound zoning64

systems are introduced in Section 3 and their performance is evaluated in65

terms of the level of acoustic contrast that is required to provide certain66

target levels of speech intelligibility in each listening zone. The results pre-67

sented in this section show that when systems include an artificial masking68

signal, a continuous trade-off exists between requiring high levels of acoustic69

contrast and radiating high levels of additional noise into the reproduction70

environment. The main conclusions and suggestions for further work are71
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summarised in Section 4.72

2. The Effects of Noise on Private Sound Zoning Systems73

This section will present a review of the different characteristics of en-74

vironmental noise and a discussion of how they may influence the perfor-75

mance of a private sound zoning system. Throughout this article, a dis-76

tinction is made between the ambient noise and the background noise in a77

given environment, using the convention described in British Standard BS78

4142:2014+A1:2019 [19]. This standard concerns the measurement and rat-79

ing of industrial and commercial sound and usually requires measurements80

of a specific sound source to be corrected based on the level of other sound81

sources in the environment. The ambient sound level, LAeq,T , is described82

as the “equivalent continuous A-weighted sound pressure level of the totally83

encompassing sound in a given situation at a given time, usually from many84

sources near and far, at the assessment location over a given time interval,85

T” [19]. The background sound level, LA90,T , is the “A-weighted sound pres-86

sure level that is exceeded by the residual [ambient] sound at the assessment87

location for 90% of a given time interval, T” [19]. The background noise level88

measured in a space therefore excludes contributions to the ambient sound89

that are intermittent, and are thus less effective at masking continuous speech90

[20].91

In the following subsections, the spectral, temporal and spatial properties92

of the ambient and background noise will be explored using recordings from93

public spaces contained within the Ambisonic Recordings of Typical Envi-94

ronments (ARTE) database [21]. These ambient noise recordings were made95

with an Ambisonic measurement system, facilitating analysis of the full 3D96

sound field. The background noise in each of the 9 recorded environments97

is isolated by dividing each of the ambient noise recordings into 125 ms seg-98

ments, corresponding to the “fast” time constant recommended in BS 414299

[19], then computing the equivalent A-weighted sound pressure level read-100

ings from each of these segments. As described above, the background noise101

level is at the tenth percentile of these data, and the corresponding samples102

from the original recording can be concatenated into a single file, one tenth103

the length of the original ambient recording. This can then be processed to104

determine the spectral and spatial properties of the background noise.105
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2.1. Spectral Effects106

In order to rely on the background noise as an energetic masker in a107

private audio system, the spectrum of the background noise must be appro-108

priate for this purpose. In most of the environments recorded in the ARTE109

database, speech is audible within the recordings, either as a single intelligi-110

ble voice or as a babble of multiple talkers. However, speech is not the only111

contributor to the overall noise in these environments - other examples of112

noise include the break-in of traffic noise from outside, industrial noise from113

mechanical ventilation or air conditioning systems, and the noise associated114

with the movement of people.115

To demonstrate the effect of the different noise sources present in the116

considered environments on the spectra of both the ambient and background117

noise, Figure 2 shows the power spectral density (PSD) estimates of the ze-118

roth order (omnidirectional) Ambisonic component of the ambient and back-119

ground noise from four environments in the ARTE database. The 1⁄3-octave120

band normal speech spectrum level from the SII standard [17] is included121

for comparison, demonstrating that although a range of sound sources are122

present in each scene, the spectrum of both the ambient and background123

noise is similar to that of speech. The difference between the solid and124

dashed lines of each colour indicates the spectral content that is removed125

when the background noise is isolated from the overall ambient noise. This126

difference is maximal in areas covered by the standard speech spectrum, sug-127

gesting that the process of isolating the background noise removes some of128

the effect of voices. Furthermore, in each instance, there is little difference129

between the ambient and background noise PSDs below 125 Hz, indicating130

that the ambient noise is dominated by steady noise sources in this frequency131

range. This is most apparent in the Library scene, where the PSD is domi-132

nated by energy below 125 Hz, associated with the noise from air handling133

units. The upward spread of masking from low to high frequencies allows134

this low-frequency background noise to mask portions of speech, despite the135

differences in their respective spectra.136

2.2. Temporal Effects137

In systems described by the block diagram shown in Figure 1, the levels138

of the speech programme and artificial masking signals are adjusted to meet139

speech intelligibility constraints in each zone. This evaluation is affected by140

the ambient noise level, which can vary significantly with time, particularly in141

environments with a large number of discrete and independent noise sources.142
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When the ambient noise is relied upon by a system to provide a proportion143

of the required masking, it is desirable for this noise to be temporally stable144

as “glimpses” [20] of the target speech may become audible or intelligible if145

the noise level fluctuates.146

In principle, it is possible to account for a rapid variation in the ambient147

noise level by simultaneously adjusting the level of artificial masking output148

by the system. This approach would provide a constant level of masking149

within the dark zone, but would lead to equivalently rapid fluctuations in the150

composition of the dark zone sound field. Fluctuation strength, defined as151

the depth of modulation at a rate between 0.5 and 20 Hz, has been identified152

as a contributor to the sensation of psychoacoustic annoyance [22]. It is153

proposed here, therefore, that a more perceptually appropriate scheme is to154

adapt the masking signal to the level and spectrum of the background noise,155

which typically varies much more slowly than that of the ambient noise.156

To consider the effects of temporal variation in the ambient noise, Fig-157

ure 3 shows the running A-weighted sound pressure level of the 9 extracts158

from the ARTE database, evaluated at 125 ms intervals. The samples that159

contribute to the evaluation of the background noise are shown in red, and160

it can be seen that, in the majority of the examples, these samples are dis-161

tributed throughout the duration of each recording, and the dynamic range of162

these samples is low compared to that of the remaining ambient noise. This163

indicates that throughout the 1.5 - 2.5 minute recordings, the background164

noise level remains fairly constant. Over longer timescales, the background165

noise level can change, as evidenced by the Church 1 and Church 2 scenes,166

which were excerpted from a single longer recording. This variation poses167

challenges in the design of private audio systems as they must be capable168

of operating across a wide range of environmental noise conditions, adapting169

quickly enough to account for the masking effects of the changing background170

noise, but not so rapidly that the resulting fluctuation in speech and masker171

levels becomes a nuisance. The effects of variations in the background noise172

level on a range of private sound zoning systems are discussed quantitatively173

in Section 3.3.174

2.3. Spatial Effects175

A further comparison between the ambient and background noise in typ-176

ical public environments concerns the spatial distribution and diffuseness of177

the noise field. These factors affect the degree of masking provided by the178

noise, and hence the specifications of a private sound zoning system. When a179
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target speech signal and an interferer originate from different azimuths, the180

intelligibility of the target speech is improved compared to the case where181

the target and interferer are co-located [23, 24], due to a phenomenon termed182

the Spatial Release from Masking (SRM). For the systems discussed in this183

article, SRM has the potential to reduce the effectiveness of the masking184

provided by the ambient noise in the environment. In order to assess the185

feasibility of incorporating the ambient noise into the masking predictions186

made by a speech privacy control system, it is necessary to predict the de-187

gree of SRM in situations with multiple sources of masking, and understand188

the spatial properties of typical ambient noise fields. These two aspects will189

be discussed in the remainder of this section.190

SRM is attributed to two effects in the auditory system, both related191

to the signals received at each ear [23]. The first is the better-ear effect,192

which relates to the shadowing effect of the head causing the signal to noise193

ratio at each ear to be different when sources of speech and noise are spatially194

separated. However, in experiments where maskers of equal power are placed195

symmetrically with respect to the head, negating the better-ear effect, SRM196

is still observed [25, 26]. This indicates that the human auditory system also197

performs binaural processing on the individual ear signals, amalgamating198

them into a single percept [27]. This processing can resolve the interaural199

time and level differences that arise when the signals entering each ear are200

correlated, for example if they originate from a single point source. When201

the interaural signals are uncorrelated, such as is the case in a diffuse sound202

field, the effect of SRM is reduced. Binaural speech intelligibility metrics use203

models of these two techniques to estimate the degree of SRM associated with204

a given set of binaural speech and noise signals. However, using this type of205

evaluation in a private audio system would require a binaural measurement206

of the background noise at each listener position, which is impractical to207

obtain in a deployable system.208

Several investigations have been carried out to quantify the degree of209

SRM when multiple sources of masking are arranged on the horizontal plane210

around the listener, and a review of research into this area is provided by211

Bronkhorst [23]. This paradigm is of particular relevance to the present212

problem of quantifying the relative effects of ambient and artificial noise on213

personal audio system performance, because as the number of discrete mask-214

ing sources surrounding the listener increases, the masking environment be-215

comes increasingly diffuse. To illustrate the effect of source positioning on216

SRM, Figure 4 presents data from a study by Bronkhorst and Plomp [28], in217
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which the Speech Reception Threshold (SRT) of meaningful sentences was218

measured with sources of modulated speech-shaped noise either co-located219

with the frontal talker, shown by a blue point in Figure 4, and spatially dis-220

tributed around the listener. The difference in SRT between each of these221

conditions quantifies the SRM, and the results show that as the number of222

maskers increases and their spatial distribution becomes more homogeneous,223

the SRM decreases. This trend has been observed in several other studies, us-224

ing a range of speech tests, masker locations and masking signals [25, 26, 29].225

Based on these results, it has been proposed that the binaural processing cen-226

tre, which would otherwise be able to provide SRM, can become “overloaded”227

[30] in complex acoustical scenes where several sources of masking operate228

simultaneously. The limit to this capacity has been estimated at between229

three and six individual sources of masking [30, 25]. The study by Yost [25]230

showed that when six continuous noise maskers were distributed in front of231

the listener, the measured SRM was 0 dB. In the context of private personal232

audio system development, this suggests that SRM could decrease the level233

of masking provided by foreground sources of noise such as nearby conversa-234

tions, noise from footfall or equipment by up to 8 dB. Conversely, the level235

of SRM associated with distributed sources such as distant traffic noise or236

noise from a ventilation system is likely to be low, as this condition repre-237

sents the mathematical limit of adding many discrete sources of masking to238

an acoustical scene. This indicates that the background noise is less likely239

to be affected by SRM than the overall ambient noise, thereby allowing the240

level of masking to be estimated using simple, monaural intelligibility met-241

rics. Furthermore, the diffuse field assumption allows this background noise242

level to be estimated from a remote point, away from the listening zones,243

further increasing the practicality of the proposed system.244

The spatial distribution of both the ambient and background noise can245

be tested using the ARTE database by decoding each Ambisonic recording246

to a circular loudspeaker array and comparing the output level of each loud-247

speaker. Figure 5 shows the LAeq of 16 loudspeakers arranged around the248

measurement position as they reproduce the ambient and background noise249

from each of the 9 public spaces in the ARTE database. Equivalent length250

samples of the ambient and background noise are used to produce each di-251

rectivity plot, and each is normalised independently so that the maximum252

source output is set to 0 dB. The results in Figure 5 show that in each scene253

the background noise has a broader directivity profile than the ambient noise.254

This is quantified in Figure 5 using the directivity index (DI) [31] of the back-255
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ground and ambient noise, i.e. the ratio of the maximum loudspeaker energy256

to the mean energy, reported in dB. On average across the tested configu-257

rations, the background noise has a directivity index 2.4 dB lower than the258

corresponding ambient noise. The similarity between the background and259

ambient DIs in the Cafe 2 environment is due to the microphone being sit-260

uated close to a wall during the recording [21]. For comparison purposes,261

the ARTE database also includes an artificially generated diffuse scene, gen-262

erated by recording uncorrelated speech-shaped noise samples from each of263

the loudspeakers in a 41 channel spherical array. The horizontal DI of this264

scene, measured using the same process as described above, is 0.8 dB. Mea-265

surement of a perfectly diffuse field, with DI = 0 dB, would require perfect266

matching between the microphones in the measurement array and between267

the loudspeakers in the source array.268

2.4. Summary269

This section has presented an investigation into the characteristics of am-270

bient noise in typical environments and considered how this may affect the271

design of a private sound zoning system. The ambient noise in an environ-272

ment can be beneficial for private speech reproduction as it can, at least273

partially, mask any speech that leaks out of the target zone. However, the274

inherent spatial, spectral and temporal variability of the ambient noise in275

many typical environments can reduce the effectiveness of this masking. Ad-276

ditionally, in order to optimally set the input levels of the speech signal and277

the artificial masker in a private sound zoning system, the degree of masking278

produced by the ambient noise in each zone must be predicted accurately.279

The aforementioned variability in the ambient noise makes this process un-280

reliable, potentially leading to a loss of privacy if the degree of masking281

provided by the ambient noise is overestimated. While the background noise282

contains less energy than the ambient noise, using this component poses less283

risk of over-predicting the masking, thereby increasing the overall reliability284

of the system whilst still gaining the advantages of using all available sources285

of masking.286

On the other hand, by only considering the background noise in the design287

process, there is a risk that the masking effect of the overall ambient noise288

within the bright zone is underestimated, thereby degrading the intelligibility289

of speech intended for the target listener. However, although the ambient290

noise in the tested environments is more intense than the background noise,291

the level of additional masking provided by the ambient noise is limited by292
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SRM and listeners’ ability to glimpse information in time-varying masking293

conditions. In summary, for all the typical environments studied in this294

section, the background noise:295

• has a speech-shaped or low-pass frequency response, leading to the296

potential for the upward spread of masking into the speech range;297

• is temporally stable, therefore limiting the likelihood of glimpses and298

reducing the rate at which the zonal signal levels must be updated;299

• is more spatially diffuse than the overall ambient noise. This means300

that the background noise can be measured outside of the listening301

zones and listeners in the dark zone cannot rely on SRM to improve302

their ability to overhear the target message.303

In unusual environments where the presented assumptions about the com-304

position of the ambient and background noise are not met, such as where the305

background noise is caused by a single nearby source, the diffuse-field as-306

sumption for the background noise would not be appropriate. In this case,307

the background noise should be measured separately within each zone and308

a correction to the masking level based on the expected SRM should be309

applied.310

3. Sound Zoning System Performance Evaluation311

In addition to considering the impact of the environment on the per-312

formance of a private personal audio system, a key task for the designer313

is to specify the capabilities of the loudspeaker array in terms of the level314

of acoustic contrast that it must deliver. When speech and masker signals315

are radiated into the bright and dark zones respectively, the acoustic con-316

trast ultimately controls the signal-to-noise ratio in each zone, which is well-317

correlated with the intelligibility of speech. Low levels of acoustic contrast318

lead to increased leakage between the zones, risking compromised privacy319

and poor speech clarity for the target listener. In order to achieve higher320

levels of acoustic contrast, it may be necessary to use a loudspeaker array321

with more elements or to provide additional room acoustic treatment, both322

of which have cost implications.323

This section presents an evaluation of a range of systems with different324

acoustic contrast profiles, that have each been designed according the block325
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diagram in Figure 1. Each system is laid out symmetrically, with bright and326

dark zones situated to the right and left of the loudspeaker array respec-327

tively, as shown in Figure 6. The elements of two source arrays are marked328

on this figure, and the narrowband acoustic contrast for these two array ge-329

ometries has been calculated based on transfer response measurements of330

the arrays in a well-damped listening room (T60,mf = 110 ms). The full 27331

channel loudspeaker array, labelled in Figure 6 as Source Array (max), has332

been previously described by House et al. [32]. The four-channel array, la-333

belled as Source Array (min), was constructed using a subset of the elements334

from the larger array, and a higher level of regularisation was used in the335

filter design process to further limit the acoustic contrast. The regularised336

ACC [11] method was used to design the sound zoning filters for the pre-337

sented examples, but similar filters could also be designed using the other338

methods referenced in the Introduction. ACC was selected in this case as by339

definition of the optimisation process, the method maximises the Acoustic340

Contrast between adjacent zones, which translates into a maximal signal-to-341

noise ratio difference between the listening zones. Furthermore, ACC was342

chosen for reasons of simplicity, as the sound field control filters produced343

using this method only depend on the system geometry and the regularisa-344

tion parameter; alternative methods also require the specification of a target345

sound field and the selection (or optimisation) of additional variables. From346

the narrowband acoustic contrast trace for each of the two source arrays, a347

1⁄3-octave band acoustic contrast profile was constructed, and then several348

intermediate profiles were generated by interpolating between the two mea-349

sured profiles. These profiles are shown in Figure 7, and characterise a set of350

systems with a wide range of frequency-dependent acoustic contrast levels,351

thereby encapsulating several practical methods for improving the acoustic352

contrast performance of a sound zoning system. In practice, for a given zonal353

geometry, low-frequency contrast may be improved by increasing the overall354

aperture of the array, and high frequency contrast can be increased by reduc-355

ing the inter-element spacing [33]. The regularisation parameter can also be356

adjusted to control the contrast on a frequency-by-frequency basis, although357

this will also influence the robustness of the system to environmental changes358

and variations in the loudspeaker sensitivity and position [34].359

For each of the systems described by the contrast profiles shown in Figure360

7, the speech and masker levels are adjusted based on estimates of the spec-361

tral level of the background noise and the speech intelligibility requirements362

in each zone, as shown in Figure 1. A minimum acceptable level of intelli-363
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gibility, sb, is specified in the bright zone, and a maximum acceptable level364

of intelligibility, sd, is specified in the dark zone. To minimise the potential365

for annoyance and distraction to result from the introduction of the artificial366

masker, the A-weighted level of the masker is minimised in the optimisation,367

subject to the satisfaction of the intelligibility constraints.368

Formally, the problem can be formulated as a constrained optimisation369

over the signal levels:370

Minimise : LA(Masker in Dark Zone)
Subject to : SIIb > sb & SIId < sd

(1)

where LA is the A-weighted sound pressure level, and the subscripts {}b and371

{}d refer to quantities evaluated in the bright and dark zones respectively.372

The algorithm chosen for this optimisation process is Pattern Search [35],373

as this algorithm does not rely on the calculation of gradients in the cost374

function, which are shallow in regions where the dark zone signal is domi-375

nated by the background noise, potentially leading to gradient-based solvers376

halting prematurely. The algorithm searches a 2D parameter space formed377

by the programme and masker signal levels. Each level is allowed to vary378

±30 dB from the supplied background noise level. As the Pattern Search379

algorithm can make function evaluations at any coordinate point within this380

range, this optimisation can potentially require a large number of trials, so381

in order to provide flexibility and increase computational efficiency in simu-382

lating systems with a range of acoustic contrast profiles, a surrogate model383

is introduced, which takes advantage of the limited frequency resolution of384

the SII metric. At the front-end of the SII calculation process, signals are385

converted to a series of 1⁄3-octave band spectral levels, from 160 Hz to 8386

kHz. Accordingly, in the proposed surrogate model, the signals received in387

the bright and dark zones are simulated by calculating the spectral levels388

of the original speech and masker signals and adjusting these based on the389

frequency response of the loudspeaker array and the pre-computed 1⁄3-octave390

band acoustic contrast profile, as shown in Figure 7. The same process is391

applied to the measured background noise and this contribution is added to392

each zonal signal equally, commensurate with the diffuse field assumption.393

This process is significantly less computationally demanding than the con-394

ventional direct method, which involves convolving the input signals with the395

appropriate sound zoning filterbank, then convolving these signals with the396

electroacoustical transfer responses between the loudspeaker array and each397

zone. Zonal signals generated in this way are simply converted to 1⁄3-octave398
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band spectra internally within the SII calculation, so the direct method can399

be considered an inefficient use of computational resources when the key op-400

timisation constraints are based on the SII, rather than on the fine structure401

of the signals. More complex evaluation functions that take into account the402

masking effect of fluctuating noise, such as STOI [36], would necessitate the403

direct, signal-based approach. However, for the method utilised here, once404

the optimisation has concluded, the resulting optimal signal levels can be405

input into a single convolution-based array simulation to test the validity of406

the surrogate model.407

3.1. Acoustic Contrast Requirements408

The level of acoustic contrast provided by a loudspeaker array has a sig-409

nificant impact on the ability of a system to satisfy a certain pair of speech410

intelligibility constraints, sb and sd from Equation 1. For the present inves-411

tigation, these constraints are set at sb = 0.60 and sd = 0.05. At an SII412

value of 0.60, connected speech is clearly intelligible despite the presence of413

background noise and the leakage of the masker into the bright zone, and at414

SII = 0.05, speech is essentially unintelligible [9].415

Figure 8 shows the results of optimising speech and masker levels to meet416

these constraints, for each of the systems characterised by the acoustic con-417

trast profiles shown in Figure 7. The broadband acoustic contrast, averaged418

over the speech frequency range, is used to identify each system. The back-419

ground noise is sampled from the Church 2 scene from the ARTE database,420

measured at LA90 = 54.5 dBA, and the masker is random noise with the421

same long-term average spectrum as speech, derived from the normal speech422

spectrum in the ANSI SII standard [17]. At the leftmost edge of the figure,423

the red shaded region indicates the levels of acoustic contrast where no valid424

solution to the optimisation problem can be found, as the acoustic contrast425

is too low to provide the required speech intelligibility contrast. Any increase426

in the programme level would unacceptably raise the dark zone intelligibility,427

and any increase in the masking signal level would result in excessive degra-428

dation to the programme signal in the bright zone. At a broadband acoustic429

contrast level of 9.2 dB, a feasible pair of signals is found; this combination430

results in both intelligibility constraints being met simultaneously. With this431

system configuration the required energy of the programme and masker sig-432

nals are respectively 14 and 18 dB greater than the background noise level,433

potentially raising the likelihood that the dark zone sound field will cause434
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noise annoyance, compared to designs with more acoustic contrast and lower435

required signal levels.436

At higher levels of acoustic contrast, the optimal programme level plateaus437

at 4 dB above the ambient noise level and the optimal masking signal level438

decreases at a rate of 2 dB for each increase of 1 dB in the broadband acoustic439

contrast. This gradient is observed because increasing the acoustic contrast440

affects both of the sound zoning processes; less speech is leaked from the441

bright zone into the dark zone, and less masker is leaked from the dark zone442

into the bright zone. The optimal programme level must remain constant in443

order to satisfy the bright zone intelligibility constraint in the presence of the444

constant background noise, so this allows the level of the masking signal to445

be doubly reduced. The gradient continues until the optimal masking signal446

level falls below the background noise level, at a broadband acoustic contrast447

level of 13.2 dB for this example.448

After this transition point, the masking signal level falls sharply whilst449

the programme level remains constant, in order to overcome the background450

noise. The green shaded region denotes the range of systems that provide451

sufficient separation between zones for the masking signal to be omitted452

entirely. In all systems with lower acoustic contrast levels than this threshold453

value, the optimisation process yields pairs of signals that just meet the454

intelligibility constraints, i.e. SIIb = sb and SIId = sd. However, systems455

within the green region earn an additional degree of freedom with regard to456

the intelligibility constraints in each zone. Maintaining the programme level457

will result in a further improvement to privacy as the broadband acoustic458

contrast is increased, or alternatively, the programme level can be allowed459

to increase in order to improve bright zone intelligibility, whilst maintaining460

the previously set intelligibility limit in the dark zone. The latter approach461

is taken throughout this article.462

State-of-the-art speech privacy control systems that emit both speech and463

masking signals, but do not account for the masking effect of the background464

noise, such as those described by Donley et al. [8] could also be represented465

in Figure 8. Such systems implicitly assume that the background noise is466

negligible and therefore must emit louder masking signals to achieve the same467

intelligibility constraints, compared to systems designed using the proposed468

approach. Conventional systems therefore have increased potential for noise469

annoyance, and additionally, in environments with significant background470

noise, risk poor speech intelligibility in the bright zone.471

The difference in broadband acoustic contrast between the edges of the472
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red and green boundaries in Figure 8 quantifies the benefit of incorporat-473

ing additional masking into a private personal audio system, in terms of the474

level of acoustic contrast that must be provided. In order to achieve the475

intelligibility constraints of sd = 0.05 and sb = 0.60 without using any addi-476

tional masking, i.e. relying on the background noise alone, the system must477

provide a broadband acoustic contrast of 16.6 dB, potentially requiring a478

loudspeaker array with a significant number of transducers. When artificial479

masking is included, the minimum acoustic contrast requirement is 9.2 dB,480

reducing the technical requirements of the loudspeaker array system, but it481

must be noted that at this extreme, the necessary programme and masker482

levels significantly exceed the background noise level, potentially resulting483

in a perceptually unacceptable solution. Nevertheless, Figure 8 shows that484

there is a continuous trade-off between acoustic contrast requirements and485

signal levels, meaning that other target points on the curves could be selected486

based on operational requirements and/or listener preferences. Two exam-487

ples would be to set the target acoustic contrast value to the point where the488

required masking signal level equals that of the programme, at 11.3 dB of489

broadband acoustic contrast, or when the masking signal level matches the490

background noise level, which for this example is at a broadband acoustic491

contrast value of 13.2 dB.492

As a frequency-averaged acoustic contrast level is used to identify each493

system in the analysis above, the exact location of these transition points is494

also dependent on the frequency distribution of the acoustic contrast. For495

example, a system with a very high level of acoustic contrast across a nar-496

row frequency band may exhibit worse performance with regard to privacy497

provision compared to a system with the same broadband average contrast,498

spread over the speech frequency range. The role of the system designer is499

to curate a set of acoustic contrast profiles that are achievable within the500

bounds of the design problem, akin to the set of curves shown in Figure 7,501

and then, with information from a background noise survey, choose a target502

profile from this selection based on the predicted speech and masker levels.503

The impact of the background noise statistics could be automatically in-504

cluded in this design process using the method proposed by Lee et. al. [15],505

which allows the desired shape of the frequency-dependent acoustic contrast506

to be informed by the masking properties of the masking signals in a given507

scene. A further constraint on this design problem is provided by the desired508

levels of speech intelligibility in each zone, and this effect is discussed in the509

following section.510
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3.2. Varying Speech Intelligibility Constraints511

When alternative intelligibility constraints are placed on the zonal sound512

fields, different threshold values for the minimum required acoustic contrast513

levels are found. Figure 9 displays the optimal programme and masker signal514

levels for two different combinations of intelligibility constraints. Figure 9a515

shows how the acoustic contrast requirements change when the dark zone516

constraint, sd, is relaxed from an SII value of 0.05 to 0.1, i.e. an increase in517

the permissible level of intelligibility in the dark zone. Figure 9b shows the518

effect of lowering the bright zone constraint, sb, from 0.60 to 0.50, thereby519

accepting a lower level of bright zone intelligibility, compared to the case520

shown in Figure 8. Relaxing the intelligibility constraints in either of these521

two ways reduces the minimum acoustic contrast levels that are required,522

whether or not additional masking is used. These thresholds are indicated523

by the edges of the red and green regions. Additionally, the range of al-524

lowable acoustic contrast levels between these two boundaries decreases in525

size as the constraints are relaxed. This indicates that the more onerous526

the intelligibility constraints, the greater the advantage of providing addi-527

tional, artificial masking, in terms of the reduced technical requirements for528

providing acoustic contrast.529

When the dark zone intelligibility constraint is relaxed compared to the530

reference scenario presented in Figure 8, the result is a slight reduction in the531

programme and masker levels required at low acoustic contrast levels, e.g. at532

a broadband acoustic contrast level of 10 dB in Figure 9a, the signal levels533

are approximately 1 dB lower than the corresponding points in Figure 8. At534

this low level of contrast, the majority of the privacy provision is due to the535

additional masking noise, rather than the background noise in the space. As536

a higher level of speech intelligibility can be tolerated in the dark zone, both537

the programme and masker signals can be decreased in level compared to538

the reference scenario with sd = 0.05. On the other hand, when the bright539

zone constraint is relaxed from sb = 0.60 to sb = 0.50, as shown in Figure540

9b, the main effect is a reduction in the required programme level in systems541

with higher levels of acoustic contrast. Such systems have lower required542

masker levels and less secondary leakage of the masker into the bright zone,543

such that the predominant source of masking in the bright zone is from the544

background noise. Correspondingly, the programme level can be reduced to545

reflect the lower minimum intelligibility level stipulated by the bright zone546

constraint, sb.547
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3.3. Variation in Background Noise Level548

Although the background noise level in a space is more temporally stable549

than the overall ambient noise in typical environments, the background noise550

is likely to vary over the course of a day, due to changes in occupancy levels,551

ventilation settings and nearby traffic flow, for example. BS 4142 [19] rein-552

forces that the background noise level is a fluctuating parameter and that553

obtaining a representative background noise level for the purposes of a noise554

survey may require statistical analysis of several measurement periods across555

a day, each usually no shorter than 15 minutes in length. In the context of556

private audio system design, basing the background noise estimate on these557

long-term LA90,15min readings risks underestimating the masking effect of the558

background noise across shorter periods of time, such as the duration of a559

spoken sentence or conversation. Selecting appropriate measurement times560

is therefore dependent on the individual installation environment - once this561

information has been gathered, a required level of acoustic contrast can be562

specified based on the maximum and minimum expected levels of background563

noise. This target acoustic contrast value can then be used during the pro-564

cess of designing a loudspeaker array and/or specifying the locations of the565

listening zones, as both of these factors have an impact on the acoustic con-566

trast.567

A slow fluctuation in the background noise level has been observed in568

studies of open plan office sound masking systems [37, 38], and in response,569

systems to schedule the level of masking, or slowly adapt it based on mea-570

sured background levels, are available commercially [39]. Similar techniques571

could be employed in speech privacy control systems to reduce the level572

of additional masking input into the space, and to control the programme573

level to ensure good intelligibility for the target listener. In locations where574

significant fluctuation in the background noise level is common, system inte-575

grators should opt for designs where the majority of the masking signal level576

is directly controlled by the system, as opposed to relying on the masking577

provided by the background noise, as this provides maximum reliability for578

the central claim of speech privacy [40].579

To illustrate how changes in the background noise level affect the speci-580

fication of acoustic contrast levels and the optimisation of signal levels, two581

examples are shown in Figure 10, where the optimal signal levels required582

to meet intelligibility constraints of sb = 0.6 and sd = 0.05 are predicted583

using two further environments from the ARTE database, corresponding to584

a cafe and a train station, which have LA90,2.5min values of 59.4 dBA and 67.2585
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dBA respectively. Across the range of tested systems, the predicted optimal586

signal levels increase with the background noise level, but the characteris-587

tic shape of each pair of curves remains similar to those predicted for the588

quieter Church 2 scene, shown in Figure 8. The Train Station scene has an589

LA90 value 13 dB greater than that measured in the Church 2 scene, but the590

two boundaries, at which the system becomes feasible, and where the system591

may be configured to omit additional masking noise, are found to be at lev-592

els of broadband acoustic contrast less than 1 dB higher than in the quieter593

Church 2 environment. Comparison of the results presented in Figures 9 and594

10 suggests that the level of acoustic contrast that a system must provide595

depends more strongly on the chosen speech intelligibility constraints than596

the background noise level. The zonal filtering process is a linear filtering op-597

eration, and as such, changes to the background noise level do not affect the598

relative signal to noise ratios within each zone. Instead, the slight increase in599

required acoustic contrast levels in areas with more background noise can be600

attributed to nonlinearities in the SII algorithm. Even without the degrad-601

ing effect of ambient noise, speech reproduced at an unnaturally high level602

is judged to be less intelligible than speech produced at regular conversation603

levels [17]. To overcome this effect, slightly higher levels of acoustic contrast604

are required from systems installed in noisier environments.605

4. Conclusions606

The privacy of a communications system can be improved by using an607

array of loudspeakers to focus speech towards a target listener, and by en-608

suring that any leakage of this speech into other areas is sufficiently masked.609

The present article has discussed how the ambient noise in a reproduction610

environment can be leveraged by such a system to provide a proportion of611

this masking, thereby reducing the level of artificial masking that must be612

emitted into the environment. The proposed system optimisation process613

demands that certain speech intelligibility targets are met in each listening614

zone, based on estimates of the signals emitted by the array, and measure-615

ments of the ambient noise. The degree of energetic masking provided by616

the ambient noise in each listening zone can be complex to predict, as public617

spaces typically contain many distinct noise sources, leading to temporal and618

spatial variation in the composition of the dark zone sound field. Analysis of619

the background noise component of the ambient noise in a range of recorded620

environments has revealed that this component is typically more temporally621
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stable and spatially diffuse, rendering it a more reliable and effective source622

of masking than the unprocessed ambient noise.623

The results presented in this paper show that a mixture of artificial mask-624

ing and background noise can be used to provide a private sound zoning625

system. As well as showing the minimum levels of acoustic contrast that are626

required to obtain a feasible system and to omit the artificial masker alto-627

gether, the reliance of each system on the background noise can be evaluated628

by comparing the relative levels of the artificial masker and background noise.629

This highlights a practical trade-off in the design of private audio systems630

for use in noisy environments. The optimisation process described in Section631

3 minimises the level of the artificial masker in order to improve the per-632

ceived acceptability of the dark zone sound field. By consequence, systems633

with higher levels of acoustic contrast are implicitly more reliant on accurate634

assessment of the masking provided by the background noise. Errors in this635

process could compromise the privacy of the target listener. Less capable636

systems (in terms of their acoustic contrast performance) can achieve identi-637

cal speech intelligibility levels within each zone, compared to a system with638

a higher acoustic contrast performance, by increasing the level of artificial639

masking, a practice that risks the system being regarded as a source of noise640

pollution. Two suggestions for compromises between these two extremes641

have been proposed. In one example, the level of acoustic contrast can be642

specified to yield equal levels of speech and masker within their respective643

zones. With a higher level of acoustic contrast, the masking signal can be644

attenuated to match the background noise level.645

Long-term changes in the background noise level, for example across the646

course of a day, have a significant impact on the level at which the speech and647

masking signals must be reproduced. However, this variation has been shown648

to have relatively little impact on the level of acoustic contrast that must be649

provided for a given level of privacy performance. Much more significant in650

this regard is the specification of speech intelligibility targets in each zone. As651

the desired speech intelligibility contrast increases, the broadband acoustic652

contrast requirements also increase, particularly for the threshold at which653

the additional masking signal can be omitted entirely.654

Further experimentation is necessary to precisely determine the detrimen-655

tal effect of additional, artificial noise in environments that are already noisy.656

This may include the application of more complex speech intelligibility met-657

rics than the SII to evaluate the effect of time-varying and directional noise on658

speech intelligibility, and the conduction of listening tests to assess the degree659
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of privacy achieved by the proposed systems in different environments. Pre-660

vious experiments by the authors on similar systems have shown that when661

the masker is the dominant noise source in an environment, its acceptability662

is strongly correlated with its loudness [9]. When artificial masking is used663

in combination with ambient noise, the acceptability is likely to also depend664

on the spatial, spectral and temporal content of the masker, evaluated in the665

context of the surrounding environment.666
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Figure 1: Block diagram of a private personal audio system operating in a noisy environ-
ment.
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Figure 3: [Colour Online] A-weighted sound pressure level of 125 ms samples of ambient
noise from the ARTE database [21]. Samples contributing to the lowest 10% of this dataset
(red points) constitute the background noise.
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Figure 4: [Colour Online] Spatial Release from Masking (SRM) from multiple maskers
(red points) distributed around the listener with respect to a frontal talker (blue points).
The abscissa increases with increasing diffuseness of the masking conditions, due to an
increasing number or a widened spatial distribution of maskers. Data from Ref. [28].
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Figure 5: [Colour Online] Horizontal directivity of the background and ambient noise in the
9 public environments of the ARTE database [21]. Decibel values below each figure title
refer to the Directivity Index (DI) of the background noise and ambient noise respectively.
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Figure 6: [Colour Online] Location of loudspeaker array and symmetrical bright and dark
zones.
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Figure 7: [Colour Online] Series of 1⁄3-octave band acoustic contrast profiles used to sim-
ulate several levels of system performance. The measured narrowband acoustic contrast
used to generate the highest and lowest curves are also shown using light lines, and the
labels refer to the broadband, frequency averaged acoustic contrast level.
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Figure 8: [Colour Online] Predictions of optimal programme and masker signals based
on intelligibility constraints of sb = 0.60 and sd = 0.05, for each acoustic contrast profile
shown in Figure 7. The background level indicated at 54.5 dBA is from the Church 2
scene of the ARTE database [21].
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(a) sb = 0.60, sd = 0.10.
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(b) sb = 0.50, sd = 0.05.

Figure 9: [Colour Online] Predictions of optimal programme and masker signals with the
speech intelligibility constraints indicated in each subcaption, for each acoustic contrast
profile shown in Figure 7. The background level indicated at 54.5 dBA is from the Church
2 scene of the ARTE database [21].
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(a) Cafe 1, LA90 = 59.4 dBA.
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(b) Train Station, LA90 = 67.2 dBA.

Figure 10: [Colour Online] Predictions of optimal programme and masker signals in the
ARTE environments indicated in each subcaption, for each acoustic contrast profile shown
in Figure 7. sb = 0.60 and sd = 0.05 for both plots.
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