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Abstract.

Speech reception thresholds (SRTs) for a targeevan the same virtual table were
measured in various restaurant simulations undetitons of masking by between 1
and 8 interferers at other tables. Results foeckifit levels of reverberation and
different simulation techniques were qualitativeimilar. SRTs increased steeply
with the number of interferers, reflecting progreedailure to perceptually unmask
the target speech as the acoustic scene becameamopéex. For a single interferer,
continuous noise was the most effective maskerassidgle interfering voice of
either gender was least effective. With two intesfe, evidence of informational
masking emerged as a difference in SRT betweerafohand reversed speech, but
SRTs for all interferer types progressively coneergt 4 and 8 interferers. In
simulation based on a real room, this occurredsgmal-to-noise ratio of around -5

dB.



33

34

35

36

37

38

39

40

41

42

43

44

45

46

a7

48

49

50

51

52

53

54

55

56

57

I. INTRODUCTION

Speech intelligibility in noise has been studie@mnsively in the laboratory
using stimuli that varied widely in their ecolodiealidity, but few have attempted to
fully recreate a realistic listening experiencerl§eatudies were limited by the
technology of the day and generally presented waras-words or sentence materials
against white noise or pure tones (Miller, 194¢klider, 1948), high-/low-pass
filtered noise (Fletcher and Galt, 1950) or modedatoise (Miller, 1947). These
studies provided insights into the way that basecihanisms of masking and hearing
can contribute to the understanding of speech. Veent experiments have
introduced realistic binaural cues (Bronkhorst Blamp, 1988), multiple interfering
sources (Hawley et al., 2004), room reverberatiggu{elmann and Brand, 2006) and
the combination of all three (Culling, 2013; Westann and Buchholz, 2015). The
importance of these developments is that realistitexperimentally controlled
stimuli enable us to determine the roles of diffém@echanisms in real life. The
present experiment addressed two questions ircpkati The relative roles of
informational and energetic masking and the spée¢ivise ratios (SNRs) that can
occur in real-world listening.

Informational masking has been a topic of intemserest over the last 15
years. Under some circumstances, listeners catofailderstand speech in conditions
where conventional (“energetic’) masking mechanisrosld be expected to have
little role. For instance, Brungart et al. (200dyifd that the intelligibility of
sentences containing color/number combinationsdcbelsubstantially lower when
masked by similar sentences than when masked B¢ mdiose spectral content and
modulation were matched to the masking sentendeslower intelligibility was

attributed to the addition of informational maski@n one hand, the listening
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situation was very unrealistic, in that the senésnweere highly stylized and
interfering sentences were saying very similardghito the target sentences. On the
other hand, it can be argued that the traditiosalaf noise is unrealistic and that
interfering speech is a more typical form of maskmgveryday life. The question
therefore arises, of whether informational maskiag a prominent role in those
everyday life situations where listening becoméfscdit.

The second question concerns what those diffixdtyelay life situations
would be. In laboratory studies, speech receptoesholds for 50% intelligibility
(SRTs) can be extremely low under some circumstanéen interfering noise is
strongly modulated SRTs can reach -23 dB in spsbeaped noise (Rhebergen and
Versfeld, 2005). When spatial configurations amofable, SRTs of around -12 dB
have been reported for a continuous speech-shapeel interferer and -20 dB for a
speech interferer (Hawley et al. 2004). This adagatfor a speech interferer is partly
attributable to the modulation of the speech, babably also to the harmonic
structure of its voiced segments: when the interfexr a speech-shaped harmonic
complex tone, SRTs below -10 dB have been repoatesiiatially collocated sound
sources (Deroche and Culling, 2011). In contrasihése very low SRTs, observed in
idealized laboratory conditions, Smeds et al. (20iEe presented evidence based on
field recordings that, at least for hearing-aidrasesal speech-to-noise ratios are
rarely negative at all.

The present study is designed to create contreli&ahl listening situations
that are as realistic as possible, and to meadtifs $ those situations. At the same
time, deviations from complete realism are inclugedrder to access the relative
roles of different perceptual mechanisms. To daemost realistic simulations of

this kind have been those of Culling (2013) and ¥f@sann and Buchholz (2015),
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and the present study shares features with edtiesé. However, unlike both these
studies, the virtual room in Expt. 1 experimentalbytrols the presence of
reverberation, while Expt. 2 is based on binawahr impulse responses (BRIRS)
recorded from a real room, and so embodies allifeatof acoustic transmission,
including the directivity of human speech productibncontrast to Culling (2013),
but in common with Westermann and Buchholz, thekngssounds are continuous
connected speech, as they would tend to be inl #iseing situation. Compared to
Westermann & Buchholz, the effect of the numerositihe interferers is examined
in greater detail (1, 2, 4 & 8, compared to 2 &af)d reversed speech has been used
as an additional form of masker. Among other thjtigese manipulations make it
possible to discern the range of circumstancesrumdieh informational masking
becomes apparent, and the SNRs at which normadiyreelisteners can understand
speech in realistic conditions.
II. METHODS

The two experiments were similar in method excepttie generation of the
BRIRs and the spectral matching of target and fiesterg sources. In Expt. 1, BRIRs
were generated by a ray-tracing algorithm as inil@u(2013), while in Expt. 2 they
were recorded in a dining hall. In Expt. 1, theerféring speech was normalized, but
was not matched to the target speech, while in.EXghe target and interfering
sources were filtered to match standardized spseettra for the genders of the
original recordings.
A. BRIRs

In Expt. 1, BRIRs for simulated restaurants, oaerberant, anotheianechoic,
were generated using the image method of ray-tgesmiind paths (Allen and

Berkeley, 1979) and were identical to those of @gl(2013). For each sound path
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between a source location and the listener’s heeddad-related impulse response
(HRIR) was selected that was appropriate for thgisrangle of incidence with the
head. The HRIRs were recorded from a KEMAR by Gar@gmd Martin (1995). Each
was scaled and delayed according to the lengthhensurface interactions of the path
before being added into the combined BRIR. Theatgant was thus an empty box
with no furniture, sound sources were omnidirecti@mal surfaces reflected all
frequencies equally. Fig. 1a shows the layoutuidicig the notional location of the
tables. The room was modelled to be 6.4 m squéateanceiling height of 2.5 m. In
the reverberant room, the surface absorbance dfawe walls and ceiling were 0.07,
0.05 and 0.9, respectively. This gave a reverbmrdime (Rbo) of 0.33 s. In the
anechoic room the absorbance was 1.0 for all sesfégource positions were
calculated on the basis that the room would contaia regularly spaced tables for
two with the two people at each table 0.75 m agdm¢se BRIRs were 10,000

samples long at a sampling rate of 44.1 kHz (2&. i&s in duration).

3.2m

(a) (b) hﬂf
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FIG.1. Table layouts used in each experiment. Lmhel is a
simulated restaurant with nine tables for two (EXpt Right panel is

Aberdare Hall at Cardiff University (Expt. 2).
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In Expt. 2, areal restaurant was used. BRIRs were recorded in Abetdall at
Cardiff University using the tone-sweep method (llitidnd Massarini, 2001).
Twenty-second logarithmic tone sweeps were preddrien a B&K Head and Torso
Simulator (type 4128), and recorded from a KEMARke. The effect of
KEMAR'’s ear canal resonance was removed from thERBRifter recording by
filtering them with a 512-point FIR filter designéalinvert its diffuse field response,
as measured by Killion (1979). Aberdare Hall cardiveded in two by wooden
panels. Recordings were made in the southern etigédfall with the dividing panels
in place. This area is carpeted and partially wpadeled, has approximate
dimensions (LxWxH) of 12.4 m x 8.1 m x 4.5 m, anth&f almost exactly 1
second. It contains 14 tables for between 2 anelople (Fig. 1b). A speaker seat was
selected at random for each table and BRIRs reddrdaveen all selected speaker
positions and a single listener position on theredigtlocated table 5. These BRIRs
were 44,100 samples long (i.e. 1 second in durpation
B. Interferers

Recordings of monologues produced by four maled@amndfemales with a
variety of British-English accents were selectenhfdibrivox audiobook recordings
(librivox.org). Six-minute samples were drawn fack interferer. For the voices of
each sex, the long-term excitation patterns (Mame Glasberg, 1983) were
equalized using specifically designed 512-point Hlilers. In Expt. 1 the interfering
voices were equalized to each other using oneaf sax as a model, but in Expt. 2
they were equalized to published norms for malefandle speech (Byrne et al.,
1994, Table II). The rms power was also equalizées€ speech interferers (SP)
were then used to generate three other typeseasfener, reversed speech (RS),

speech modulated speech-shaped noise (MN) and whated speech-shaped noise
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(UN). Speech-shaping was achieved using a 512-ptihfilter designed to match
the long-term excitation pattern of either the n@léemale speech. Speech
modulation was achieved by extracting the moduted¢iovelope through full-wave
rectification and low-pass filtering using a 512+gd~IR filter with a 50 Hz cut-off.
The interferers were convolved with the BRIRs sunat they were placed on
each of eight tables surrounding the listeningtpmsiand then added together to
simulate different numbers of concurrent voices. [Evels of the individual maskers
were attenuated by 3, 6 or 9 dB in order to comgken®r the combination of 2, 4 or
8 interferers and keep the overall level of the kimgscomplex constant. The
arrangement for each room is illustrated in Figarid the 5 distributions of voices in
the different conditions, which was designed teinailar across the two experiments,

is summarized in Table I.
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FIG. 2. Long-term excitation patterns, based osddébnds of

material, of the four different types of interferer
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Interferers Male Female
1 male 3
1 female 3
2 3 7
4 3,9 1,7
8 2,3,4,9 1,6,7,8

TABLE I. Table numbers selected for each numbentrferers and

the genders of the voices (or noise spectra) plandtiose tables.

Once the interferers were assembled, the excitpatterns (Moore and
Glasberg, 1983) were calculated in order to vehft each interferer type had the
same long-term masking potential. Example excitgpiatterns for the interferers
from Expt. 1 at the left ear and in the presenc@ silmultaneous interferers of each
type are plotted in Figure 2.

C. Targets

The target speech consisted of sentences fronttie torpus (Rothauser et
al. 1969), spoken by voice “DA” with an Americangtish accent. In Expt. 2 the
targets were, like the interferers, filtered to @ynf to Table Il of Byrne et al. (1994).
These recordings were convolved with BRIRs for@ager on the same table as the
listener (Table 5).
D. Procedure

Twelve participants with no known hearing impairrsewere recruited from
the Cardiff University undergraduate populationdach experiment. They received
either payment or course credit for their partitigna Participants were tested

individually in a single-walled audiometric bootlitkvan auxiliary monitor visible
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10

through the window for instructions and feedbaclkeiboard inside the booth was
provided for the participant to enter transcripts.

Expt.1 was run over two 90-minute sessions, whiptE2 was a single 90-
minute session. Average completion time for easiea was approximately 75
minutes. Each experiment began with a detailedagvgtion of the SRT measurement
procedure and a practice of the procedure. Thdipeamonsisted of two SRT
measurements, one with two speech interfererskandther with two noise
interferers. The spatial configurations employdteded from those used in the main
experiment, consisting of two positions used onlthie 8-interferer conditions.

In the experiments, the speech materials were pie$én a fixed order while
the experimental conditions were placed in a nawgdomly generated sequence for
each participant. For Expt. 1 there were 40 coonlsj composed of 2 rooms
(anechoic and reverberant), 5 interferer configanst (Table 1), and 4 interferer types
(SP, RS, MN & UN). In Expt. 2, there were only 2fhditions, because there was
only one room.

SRTs were measured using an adapted version otahgRand Mimpen
(1979) method. The interfering sound started &rsd the participant initiated the first
target sentence with a keypress. Participantbstéor target sentences that were
presented when “Listen for the target sentence” agoeon the auxiliary monitor.
The speech-to-noise-ratio (SNR) was initially veny; the participant was instructed
to press the enter key if they could not hear drii@first sentence. The sentence
was repeated at a sound level that was 4 dB higluér teme this was done. The
participant was made aware that only two keywondsect would be needed to start
the adaptive track. When the first transcript wiasigeed, the words were checked

automatically using a simple character-for-charactatch with the five keywords of
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the stored transcript. If fewer than two words wewerect, the participant was
informed and the sound level of the first sentemas again increased by 4 dB. If at
least two words were correct, the participant vii@s tshown the actual transcript,
with the five keywords in capitals and invited &dfsscore the transcript. The self-
scoring method allows the participant to compengatenis-typed and mis-spelled
words as well as use of alternative spellings asmddphones. Feedback on self-
marking was provided by the experimenter afterptaetice. Once the two-word
threshold was reached, the one-up/one-down addapdivle would begin. Each
subsequent sentence was presented only once|jpeamntgdid all their own marking
and the sound level of the target speech was isedelay 2 dB if the listener correctly
identified less than 3 words. Otherwise the levasweduced by 2 dB. The entire
interaction was recorded in detail in a log fileomaer to verify compliance with the
instructions. Once all ten sentences in a listlhegh presented, the interfering sound
was halted and the presentation levels that hawal tedeulated after the last 8 trials
was averaged to produce an estimate of the SRT.

lll. Results.

Results from Expts 1 and 2 are shown in Figs. 34arithe left ordinate
indicates target speech levels at source comparte ttotal noise level at source.
This measure does not reflect the SNR at the eaguse the target source is closer
than the interferers. The right ordinates weredfwee shifted to reflect the SNR of
target speech against the interfering complex ag#neThe shift was calculated for
the case of eight noise sources in order to mirgnm#iuence of interaural differences
in interferer level. These SNRs were calculatedgi§ilI-weighted spectra (ANSI,

1997) in order to compensate for spectral diffeesrmetween the target and
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234 interfering speech at source (in Expt. 1), and diferences in those spectra induced

235 by the room.
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236
237 FIG. 3. Results from experiment 1. Speech receplicasholds for a voice
238 on the same table, as a function of the number/gerideterfering sources
239 at other tables. The ordinate indicates the signalise ratio at threshold
240 calculated on the basis of the source levelsi{etore convolution with the
241 BRIRSs). Filled symbols are for a simulated reveanérestaurant. Open
242 symbols are for a simulated anechoic restaurantrigheordinate indicates
243 the approximate signal-to-noise ratio at the listaneead, based on the 8-
244 interferer condition. The right ordinate containsraak because the
245 introduction of reverberation reduces the signahdgse ratio at the head.
246 The upper section of the right ordinate thus agglethe reverberant

247 condition only and the lower section to the aneclvondition only.



13

248

249 The effects shown in Figs. 3 and 4 are reported Wwih respect to their
250 emergence in the statistical analysis. Each datesesubjected to an analysis of
251 variance (ANOVA) with the factors room (anechuegcreverberant in Expt 1 only),
252 type of interferer (SP, RS, MN, UN) and number/gamaf interferers (1 male, 1
253 female, 2, 4 and 8). Tukey HSD pairwise comparisease used for post-hoc

254 analyses.
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256 FIG. 4. Results from experiment 2. Speech receptigsholds for a
257 voice on the same table as a function of the nufgbeder of
258 interfering sources at other tables. The left ondimadicates the
259 signal-to-noise ratio at threshold calculated anlibsis of the source
260 levels (i.e. before convolution with the BRIRS).€Titight ordinate
261 indicates the approximate signal-to-noise ratithatlistener’s head,

262 based on the 8-interferer condition.
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The ANOVA for Expt. 1 revealed a significant maiifeet of room
[F(1,11)=908 p<0.001], reflecting higher SRTs in the reverberaom. There was
also a significant effect of interferer typge(8,33)=8.2p<0.001], reflecting a
hierarchy among the interferers, in which continuooise was the most effective
interferer and speech and reversed speech weleatteeffective. All pairwise
comparisons of interferer types were significgstd.01). The number/gender of
interferers also affected SRTE(#,44)=214p<0.001]; the SRTs increased
significantly (<0.01) each time more voices were added, but SRdrfe male or
one female voice did not differ significantly. Tlkeras an interaction between the
room and the number/gender of interferé&i@[44)=44p<0.001], because the SRTs
increased less steeply with the number of interéarethe reverberant room (see Fig,
3). There was also an interaction between the apygenumber of interferers
[F(12,132)=16.2, p<0.001], in which the number oérfgrers had less effect for
continuous noise than for the three modulated fayfsterferer. No other
interactions were significant.

The ANOVA for Expt. 2 revealed a very similar patiéor the real room with
significant main effects of interferer type(B,33)=12.9p<0.001] and interferer
number/genderH(4,44)=37.0p<0.001], and a significant interaction betweentthe
[F(12,132)=7.7p<0.001]. However, pairwise comparisons producecefew
significant differences. There were no longer digant differences between speech
and reversed speech or between speech and modutased Pairwise comparisons
between different numbers of interferers no lorsfewed significant differences
between a single female voice and a two-voice fieter (=0.066) and 4 and 8 voice

interferers no longer differed significantly.
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287 Pairwise comparison between different interferpesyfor the three different
288 rooms (the simulated anechoic and reverberant rémmsExpt. 1 and the real room
289 from Expt. 2) are summarized in Table Il. Thesevgtbthat, for the most part, the
290 unmodulated noise differed from the other threerfeter types for one or two

291 interferers. However, in Expt. 2, reversed speeoldyced significantly lower SRTs
292 than both forward speech and speech modulated wbige two interferers were
293 present.

294

Interferer Anechoic Room Rever berant Room Real Room

(Expt. 1) (Expt. 1) (Expt. 2)

Number/type RS MN UN RS MN UN RS MN UN

1 (male) SP *x ** **
RS * % * % * %
MN * * % * %
1 (female) SP *ox *% * *%
RS * % * % * %
MN * *
2interferers SP *
RS * % * * % * %
MN

4interferers SP

RS *

MN

295 Table Il. Results of Tukey HSD pairwise comparisbasveen the different interferer

296 types in the different rooms for each number corifgrers (* =p<0.05; ** = p<0.01).
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IV. Discussion

The main objectives of the present study were tabéish the role played by
informational masking in realistic listening sitioasis and to determine the lowest
SNRs that can be tolerated by normally hearingtists in such circumstances.
Aspects of the data that are relevant to thesegtvestions will therefore be addressed
first.

A. Informational masking.

The role of informational masking in a realistitusition and normally hearing
listeners was previously investigated by WesternamthBuchholz (2015). They
concluded that the informational masking playedrg limited role. This conclusion
was based on the comparison of SRTs for speedifiardes and unintelligible noise-
vocoded interferers. The vocoded interferers watenided to produce the same
amount of energetic masking as the speech intestareluding any benefits from
modulation. The modulated speech-shaped noisdertes in the present experiment
performed a similar role. Any addition of informatal masking, produced by the
speech, therefore could be observed as a relaieated SRT for speech
interferers. A possible objection to this measariat some release of masking will
likely occur as a result of the harmonicity of 8peech interferers (Deroche and
Culling, 2011), an effect that would selectivelykr the SRTs for speech interferers
and so produce an underestimate of the informdtioaaking effect.

In order to counter this objection, the present erpent also included
reversed-speech interferers. Since these are Uigitte, but retain both modulation
and harmonicity, they may provide a better basetieasure of energetic masking.
Westermann and Buchholz did not observe elevatelts $&t speech interferers,

compared to vocoded interferers, when the speeelfener was a different voice
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from the target and was spatially separated frofivé@ more realistic case). The
present data, however, do show some influencefofmrational masking with spatial
separation. In most cases, the speech and revepgedh interferers both provide the
lowest SRTSs, reflecting the benefits of modulation andhanicity, but when there
were two and perhaps four interferers, the revespegch interferer provided lower
SRTs than the forward speech. This difference appeaeflect informational
masking, presumably a specifically linguistic iféeence effect in which the listener
is distracted by more than one intelligible integfe The effect is more robust with
two interferers with a difference apparent forthtee rooms and reaching statistical
significance in the case of the real room (FigWith four interferers, the mean SRT
for reversed speech is lower than the others erertypes only in the case of an
anechoic room, and this difference is non-significét seems likely that linguistic
interference is already weak with four interferansl disappears in the presence of
reverberation because reverberation impairs tledligibility of the individual voices.
These results are consistent with those previdosiyd by Hawley et al. (2004).
They observed higher SRTs from forward speech tbagrsed speech in anechoic
conditions when there were two or three interfereus not when there was only one.

The present study thus confirms, but qualifies \&@sénn and Buchholz’s
conclusions. It appears that a limited informatlonasking effect can be observed in
realistic listening conditions, but only where thare a small number of interferers. It
Is also possible that further improvements to tiraidi might yet reveal a more
extended role. There are two considerations, here.

First, although the use of reversed speech emulagdsenefits of modulation
and harmonicity in normal speech maskers, it magheasame time, retain some

informational masking potential. Hawley et al. (2p@éted that both reversed- and
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forward-speech interferers seemed to facilitateramanced effect of spatial release
from masking (by 2-3 dB) compared to interferersdabon noise. The enhanced
effect occurred for two or three interferers, butwben there was only one. They
interpreted this result as a release from inforamati masking, which implies that
both forward and reversed speech were generating irfioomal masking when they
were collocated with the target. Hawley et al. ®sjgd that reversed speech may
generate interference at lower levels of linguipticcessing, such that, while it may
not lead to intruding words or phrases, reversegdp might confuse mechanism of
phonetic analysis. One approach to improving thalation of energetic masking
might be to use a speech-modulated complex towh, thiat it possesses modulation
and harmonicity, but no phonetic cues.

Second, the spatial set-up of the experiment plattedterferers roughly
equidistant from the listener. Although this is aydible configuration and makes a
neat experimental design, many other real-lifeagituins would have interferers at a
variety of distances. In that case, those clos#radistener would tend to stand out
and may have greater potential to induce informatiamasking.

B. Real-life SNRs.

The SNRs experienced and tolerated by people iredlevorld are essentially
unknown, making it difficult to design appropriaignal processing for hearing aids
or to generate acoustic standards for rooms. Btamce, Rindel (2012) assumed that
the lowest tolerable SNR in a room would be -3 dBle basis that this is the
approximate SRT for normally hearing listenersontmuous diffuse noise, but this
assumption neglects, among other things, the pbgsthat the noise is more

structured.



371

372

373

374

375

376

377

378

379

380

381

382

383

384

385

386

387

388

389

390

391

392

393

394

395

19

In order to address the absence of empirical @ateeds et al. (2015) recorded
the everyday acoustic exposure of 20 hearing-adsusr a total of 28 hours using
bilateral microphones. Researchers analyzed tleesedings, extracting segments
containing speech addressed to the hearing-aidansecontemporaneous segments
of background noise. A calculation was then madabtain the SNR at which the
speech had been received. The most striking resdtthat SNRs tended to be +5 dB
or greater, suggesting that the frequent discussioegative SNRs in the literature
may be misguided. There are, however, a numbeasvadats that one should consider
with respect to this finding.

First, the hearing aid users may have had strategid habits that avoid
exposure to poor SNRs, or friends and relations sd&k to accommodate their
difficulties by speaking loudly or during pauseshe noise. The reported SNRs may
thus reflect the actual SNRs experienced by heaidgisers during successful verbal
interactions, but not the SNRs that they might tiké&e able to tolerate, nor the SNRs
to which normally hearing listeners habitually exptisemselves. Second, the method
of deriving SNRs relies on the researcher corradéntifying acoustic segments
when speech is addressed to the hearing-aid wssdmnly on listening to the
recorded sound. It may be that segments at low&sShkere more difficult to
identify, and are consequently under-representédemata. Finally, the hearing aid
users were (unavoidably) placed in control of #n@rding process and may have
biased their sampling of the acoustic environmersoime way.

The present experiment, and that of Buchholz andtgveann (2015), took a
completely different approach, in which we attendgdt bring the real-world into the
laboratory. In the present study, very realis8teining situations were created, and

then the SRTs for 50% intelligibility of IEEE sentees were measured. The approach
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has a number of limitations. It assumes that, inr¢laéworld, listeners will regularly
place themselves in situations in which they cay prit cope, so that measuring the
threshold of coping informs us about real-life SNRse assumption is based upon
the anecdotal experience that difficult listenirtgaions, while not being prevalent,
are sufficiently commonplace to be interestingl$o assumes that 50% intelligibility
of standard sentence corpora occurs at a simil& ®Ninderstanding well enough to
sustain a real conversation. IEEE sentences drermahpredictable compared to
conversational speech, decreasing their intelliggbbut on the other hand, they are
very clearly articulated. Greater than 50 % ingglility is probably needed for
conversation. Finally, the stimuli are also audidypand in real life one may expect
SRTs to be improved by several dB by the use efdading (Macleod and
Summerfield, 1987). In order to address these ditioihs, a more realistic listening
task will be required.

Notwithstanding these limitations, SRTs were foumthtrease with
increasing numbers of interferers, even thoughawels of individual interferers
were adjusted in order to compensate for the iseanasking energy. The increase
in SRT was therefore attributable to the progressdiegradation of perceptual
unmasking mechanisms. We can thus see that thetidolerable SNR is
considerably dependent upon the complexity of fteding scene. Because the effect
of the number of interferers on overall sound levat compensated, the level of a
given interferer reduces as the number of interéarereases. For a single interferer,
an SRT of 0 dB (from the left ordinate) would thrapresent a situation in which the
interferer was speaking with the same effort agahget voice, but for 2, 4 and 8
interferers, the SRT at this point would be -3ar@ -9 dB, respectively. Bearing this

in mind, we can see that only in the simulated eent restaurant with 2 or more
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interferers (Expt. 1) does the target voice nedaktoaised above the level of the
interfering voices in order to be heard; the reairdj hall (Expt. 2) was thus a
relatively benign environment with up to 8 intedes.

In a real listening environment, the backgroundeadevel will increase with
increasing room occupancy, and the increase widdeentuated by the Lombard
effect, an involuntary increase in vocal output icell by background noise (Lane and
Tranel, 1971). This increase in vocal output is lsn the increase in noise level,
but, assuming that it is evenly distributed, wik thange SNRs. However, once
speech becomes unintelligible when produced asdhee level as the interfering
voices, as occurred in the reverberant room of Expghe various speakers in the
room will come into direct competition. In Rinde(2012) terms, the “acoustic
capacity” of the room has been exceeded. This wvakencommunication very
difficult, and may induce a more marked increaseaise level (Maclean, 1959) or a
behavioral adjustments such as leaning forwartiead orientation (Grange and
Culling, 2016).

In order to compare with conventional SRT measurgseithout room
simulations, the SRT at the head is indicated errityht ordinate in Figs. 3 and 4. We
can see that in a simple scene with only one ieterf such as trying to hear what
someone else is saying when the radio is on onagtie noise of a vacuum cleaner,
listeners can manage, in moderate reverberatign 4 at -5 to -10 dB SNR
depending on the nature of the source, but ascreesdhecomes more complex SNRs
need to be higher. Nonetheless, the most compknescexamined here still produced

SRTs approaching -5 dB, somewhat lower than th&-8ssumed by Rindel (2012).
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C. Effects of reverberation.

SRTs were lowest in the anechoic room, higheréréal room (Rdo=1s)
and highest in the simulated reverberant rooms¢RT0.33 s). The differences in SRT
mainly reflect the detrimental effect of reverbamaton mechanisms for perceptual
separation. Reverberation reduces and distortsif@hdifferences generated by the
interfering sound, and so affects spatial releem® imasking (Plomp, 1976;
Lavandier and Culling, 2007, 2008). Reverberatistodts the harmonicity of
interfering sounds when the fundamental frequem@anges over time, leading to less
effective harmonic cancellation (de Cheveigné, 1@8ling et al., 2003; Deroche
and Culling, 2011). Reverberation also temporaiears the masking sound such
that temporal dips are filled in (Colin & Lavandi@013), and smears the target
speech so that it becomes less intelligible (Hattgand Steeneken, 1985). However,
the detrimental effects of reverberation on unmagkiom the interfering sound
occur at lower levels if reverberation than théuehces on temporal smearing of the
target speech (Lavandier and Culling, 2008; DerasteeCulling, 2011).

It is noteworthy that the room with the highestskRWas not the room with the
highest SRTs. Beutelmann and Brand (2006) prewousserved that spatial release
from masking was not ordinally related to thesRdaf different rooms. Indeed,

Culling et al. (2013) have argued thatéRiE a completely inappropriate statistic for
considering speech intelligibility in noise, padiarly if its interpretation is not
moderated by room volume and likely source distanktegeneral, the direct-to-
reverberant ratio of the interferers is a more esteuguide to the influence of
reverberation. The direct-to-reverberant ratio ssadistic linked to the particular
configuration of the source and receiver locatione room, and so cannot be used

to describe the room itself, but only a particlistening situation.
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The increase in SRT with increasing numbers ofiaters was also
moderated by room reverberation. As more reveriograind more sources are added
each situation approaches a completely diffuseimootis noise, as assumed by
Rindel (2012). The slope of this increase in SRthwiumber of interferers is
therefore strongly influenced by the starting SRperceptual separation of the
target and interfering noise is very good withreg& interferer, then there is more
separation effect to lose when the listening sibmais made more complex.

D. Ever greater realism.

In general, any area in which realism is limiteaMes a study open to the
criticism that results from the laboratory cannetgeneralized. Both Westermann and
Buchholz and the current experiments have movédetaise of continuous interfering
sound, based on extended speech recordings. Piepaad presentation of such
material is not as challenging as it once was liriclear whether this made much
difference to the results obtained, but it certambkes a difference to the realism
experienced by the participants, who had a strengation of being immersed in the
simulated environment. The technique saves thergmpeter from any concerns
about artefacts produced by the relative gatinpetarget and interferer, such as
simultaneous sentence onsets being unusually dagfus

As noted above, the target speech was less realistorder to address the
differences between listening to standardized dpeerpora and real conversation,
the most obvious route is to introduce real venl@ractions. Some work with real
verbal interaction in noise has been pioneereddnk€ and Lu (2010), albeit in the
context of studying speech production in theseuarstances. Cooke and Lu had
participants engage in conversation in order toesal Sudoku puzzle together. In

order for the technique to be adapted for use imtatligibility measurement, the
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speech level delivered from one interlocutor todtteer will either need to be
controlled, or monitored. While monitoring the léwell place it under the control of
the speaker, one may expect that the speakerduaifitat to a sufficient level to
sustain the conversation, and this might make soresble outcome measure.

Westermann and Buchholz, used a commercial progtddEON (Rindel,
2000) to generate their BRIRs. This program enatblech to include furniture,
frequency-dependent surface reflections and vanatin reflectance across a given
surface (e.g. windows within walls), but sound sesrwould still have been
omnidirectional. The scene was then rendered olardspeaker array, which
allowed listeners to make head movements, if desaed to hear appropriate
changes to the sound. Expt. 2 of the present stadg real-room BRIRs that did
capture source directionality using the mouth satarlof a B&K HATS. The scene
was then rendered over headphones, which did oot alppropriate changes to the
sound with head rotation. Since head rotation afinay the target source has been
shown to improve SRTs in noise (Grange and Cul04d,6), it would seem desirable
to be able to recreate this aspect of real lisggrbat since it might also introduce an
uncontrolled element in the results it would alsadesirable that head orientation be
continuously monitored. This could be achieved digilag a head tracker to the
arrangements used by Westermann and Buchholz, asibyg a head tracker to
appropriately modify the stimulus in headphone @néation. The latter approach
could be realized by preparing multiple versionsheftarget and the interferer,
appropriate to different head orientations, andsifading between them as the head
IS turned.

No study to date, has attempted to include visufakmation in a realistic

listening simulation. At a basic level, this woldd a fairly simple addition, since it
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would only require video presentation of the taigptaker’s face on a screen. This
change would introduce the effect of lip-readinfjeéis of lip-reading on speech
intelligibility in noise are well-known (e.g. Madd and Summerfield, 1987), and can
be substantial in both normally hearing and heainmggaired listeners. The benefits of
rendering a more complete visual scene are lesgadand would require
considerably greater effort. Nonetheless, effectpaformance of competition from
“distracter” faces have been observed (Yi et aL30suggesting that truly realistic
results can only be obtained with audio-visuallydered interferers. In any case, a
more complex presentation system will be needextder to simulate social
interactions that include an exchange of convaysdietween multiple individuals,
rather than the classic case of simply trying tover a single voice from noise.
IV Conclusions

Realistic simulations of listening situations thatuld typically be
experienced in a restaurant indicate the speeeptiea threshold varies greatly with
the complexity of the listening situation. Simpkeses (one interfering voice) permit
SRTs of around as low as -10 dB, but more compdees can elevate SRTs to -5 dB.
Informational masking is observed in realisticdighg conditions under quite limited
conditions; in the present case, it was only olesgwhen two interferers were
present.
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