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Effect of noise and reverberation on speech intelligibility for
cochlear implant recipients in realistic sound environments
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1Department of Linguistics, Audiology Section, Macquarie University, Australian Hearing Hub, 16 University Avenue,
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ABSTRACT:
Previous studies have suggested a strong effect of reverberation on speech intelligibility (SI) in cochlear implant (CI)

recipients. In many of them, different reverberation conditions were obtained by altering the acoustic absorption of a

single room, thereby omitting the effect of the room volume. In addition, studies that have investigated the combined

effects of reverberation and noise on SI have overlooked the effect of reverberation on the modulation of the noise. In

the present study, SI was measured unilaterally in 12 CI recipients in quiet and in noise using a three-dimensional loud-

speaker array. Target speech was convolved with room impulse responses (RIRs) recorded at three talker-to-listener

distances in five physical rooms with distinct reverberation times. Noise consisted of four two-talker dialogues con-

volved with RIRs measured at fixed positions around the listener. Results in quiet suggest that a significant drop in SI

occurs mainly at long talker-to-listener distances, and small reverberant rooms affect SI the most. In noise, the most

detrimental type of noise is anechoic as it is the most modulated. Overall, the results suggest that at fixed signal-to-

noise ratios the effects of noise and reverberation are smallest at short distances in large rooms or in small rooms with

some reverberation. VC 2020 Acoustical Society of America. https://doi.org/10.1121/10.0001259

(Received 9 November 2019; revised 28 April 2020; accepted 28 April 2020; published online 18 May 2020)

[Editor: Matthew J. Goupell] Pages: 3538–3549

I. INTRODUCTION

In most everyday listening environments, sound signals

experience multiple diffractions and reflections from walls,

ceilings, and floors, which, as a whole, are referred to as

reverberation. Reverberation can be seen as a series of

numerous, delayed, frequency-dependent replicas of the

direct signal that reflect repeatedly within the enclosure until

they dissipate. As such, the reverberant field differs from the

direct field in time, frequency, and space, which has multi-

ple implications in terms of distance perception (Bronkhorst

and Houtgast, 1999), lateralization (Hartmann, 1983), and

speech intelligibility (SI; Nabelek and Pickett, 1974). In a

reverberant speech signal, formant transitions are flattened,

the envelope is smoothed, and because absorption is less

effective at low frequencies, upward spread of masking may

increase due to reverberation (Greenberg et al., 2004).

While speech understanding in quiet reverberant spaces

is rarely compromised in people with normal hearing (NH;

Nabelek and Pickett, 1974), the negative effect of reverbera-

tion on cochlear implant (CI) recipients can be significant

(Kokkinakis et al., 2011). NH listeners apply a detailed tem-

poral and spectral analysis of the incoming signals to under-

stand speech in reverberation (and noise), which is further

assisted by a number of additional auditory cues such as fun-

damental frequency cues or temporal fine structure cues

(Darwin and Hukin, 2000). In CI recipients, the temporal

and spectral resolution is highly reduced and most of the

additional cues are not available due to the inability of cur-

rent CI technology to convey temporal fine structure infor-

mation. Due to the latter, the signal envelope is mainly

encoded in CIs, which is strongly distorted by the temporal

smoothing introduced by reverberation (Houtgast et al.,
1980). These limitations explain why SI performance

degrades more quickly with increasing reverberation for CI

recipients than for NH listeners.

The negative impact of reverberation on SI with CI

recipients has already been evaluated in previous studies

using a variety of methods. In some studies, SI in reverbera-

tion was evaluated by convolving anechoic target speech with

simulated room impulse responses (RIR) to test either simu-

lated CI recipients, i.e., by using vocoded signals with NH

subjects (Desmond et al., 2014; Helms Tillery et al., 2012;

Poissant et al., 2006; Whitmal and Poissant, 2009) or with

actual CI recipients (Hazrati et al., 2013; Hazrati and Loizou,

2013). In some other cases, SI tests were conducted with CI

recipients, and the speech material was obtained by convolv-

ing anechoic speech with in-ear (Hu and Kokkinakis, 2014;

Kokkinakis et al., 2011; Kokkinakis and Loizou, 2011) or

omnidirectional (Hazrati and Loizou, 2012) RIRs that were

recorded in a real room. Most of these studies obtained differ-

ent RTs by varying the absorption of a simulated or real

room and applying non-individualized stimuli that were

either presented via headphones (to NH listeners) or the
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direct audio input of the CIs. Kressner et al. (2018) is the

only study that investigated the effect of reverberation on SI

in CI recipients using a number of more realistic scenarios

where different room volumes and distances were considered.

Moreover, subjects were presented with the sound field by

means of a loudspeaker array, and thus enabled them to use

their individual spatial cues, including head movements.

Interestingly, they found that reverberation has a far weaker

impact on SI in CI recipients than previously reported.

In noise, it is well known that to understand speech in

the same degree, CI recipients generally need higher signal-

to-noise ratios (SNRs) than NH listeners. The difference

between NH and CI subjects becomes even more pronounced

in the presence of fluctuating noises (e.g., Fu and Nogaki,

2005; Stickney et al., 2004). Whereas NH listeners can take

advantage of temporal gaps present in fluctuating noise that

allow them to improve SI, known as masking release, glimps-

ing, or dip listening (Bronkhorst, 2000; Cooke, 2006; Festen

and Plomp, 1990), CI recipients present a much worse SI in

modulated noises (Fu and Nogaki, 2005; Nelson et al., 2003;

Qin and Oxenham, 2003; Stickney et al., 2004). This phe-

nomenon has been previously attributed to the very limited

access of CI recipients to the signal’s fine structure, which

makes it difficult for them to identify the changes in temporal

fine structure in the dips of a noise signal (Hopkins and

Moore, 2009; Lorenzi et al., 2006; Qin and Oxenham, 2003),

and to the limited spectral resolution of CI users (Fu and

Nogaki, 2005; Nelson and Jin, 2004; Nelson et al., 2003;

Oxenham and Kreft, 2014; Qin and Oxenham, 2003), which

effectively smooths the fluctuations inherent in the noise

(Oxenham and Kreft, 2014). Given that in noisy, reverberant

conditions, the detrimental effect of reverberation on the tar-

get speech signal is added to the detrimental effect of the

noise, it is expected that SI is particularly low in CI listeners

in these conditions. However, the observation that reverbera-

tion smooths the envelope of modulated noise may aid SI in

rooms and partially compensate for the detrimental effect of

reverberation on the target speech signal.

The impact of noise on the SI performance in CI recipi-

ents has been widely studied and is routinely assessed in

audiological clinics. However, very few studies have inves-

tigated the combined effects of reverberation and noise, and

the existing studies either applied reverberation only to the

target speech but not to the noise (Hazrati and Loizou,

2012), used vocoding to simulate CI recipients with NH lis-

teners (Poissant et al., 2006; Whitmal and Poissant, 2009),

or did not measure SI performance in quiet conditions

(Kokkinakis and Loizou, 2008). Hence, very little is known

about the effect of reverberant noise on SI of reverberant

speech in actual CI recipients.

The goal of the present study is to systematically evalu-

ate the ability of unilateral CI recipients to understand

speech in both quiet and noise under a number of reverber-

ant conditions. In order to improve the ecological validity of

the outcomes over previous studies, subjects wore a real-

time speech processor that mimicked their own processors

and were presented with realistic three-dimensional (3D)

sound fields that were created from real acoustic scenes.

RIRs were recorded with a 3D microphone array in a variety

of physical rooms at multiple talker-to-listener distances and

convolved with anechoic speech material. The reverberant

speech was then reproduced with a 3D loudspeaker array

inside an anechoic chamber using the higher-order

Ambisonics method (Oreinos, 2015). The background noise

was realized in the same way and consisted of four pairs of

talkers that had one-on-one conversations and were added to

the target speech for each of the rooms individually. Using

this method, the subjects were given the impression of being

in the actual room, and they were able to utilize their own

individual spatial cues, including head movements. Because

the acoustic scenes were obtained from a range of real

rooms, they represent realistic reverberant conditions, most

of which CI recipients are likely to experience in their daily

lives. Using modulated noise (i.e., the multi-talker conversa-

tions) allowed the exploration of room effects (i.e., reverber-

ation) on the modulation depth of the noise in terms of SI.

II. METHODS

A. Participants

Ethical clearance for the applied methods was received

from the Australian Hearing Human Research Ethics

Committee and the Macquarie University Human Research

Ethics Committees. Twelve postlingually deafened CI recipi-

ents who had at least 12 months experience with their devices

participated in this study (see Table I). All participants were

tested unilaterally. Eight of the 12 participants were bilaterally

implanted and were tested with their preferred ear. Two partici-

pants were bimodal CI recipients (S9 and S12) who wore a

hearing aid (HA) in their daily lives on the contralateral ear.

The four-frequency average hearing losses (4FAHLs) for CI

recipients S9 and S12 were 96 dB hearing level (HL) and 61 dB

HL, respectively, and their best audiometric pure-tone thresh-

olds above 250 Hz were 70 dB HL and 40 dB HL, respectively.

These two participants were tested with their HAs removed,

and no earplugs were used. The remaining two participants

were unilateral CI recipients. One of them was completely deaf

in the non-implanted ear (S6), and the other one (S8) had a

4FAHL of 85 dB HL with 20 dB HL and 30 dB HL at 250 Hz

and 500 Hz, respectively. E-A-RTM ClassicTM Platinum

Earplugs (3M, Saint Paul, MN, USA) were used during the test-

ing of S8, which provided an attenuation of at least 20 dB.

The testing was divided into two visits of at most 2 h

each. Participants were paid in appreciation of their partici-

pation. All participants were users of Cochlear Limited

devices (Sydney, Australia), used CP810 or more recent

speech processors, and were users of the Advanced

Combination Encoder (ACETM) speech processing strategy.

B. Stimuli

1. Speech material

The material for the target speech is known as the

“Bamford-Kowal-Bench (BKB)-like sentences” and was
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developed by the Cooperative Research Center for Cochlear

Implant and Hearing Aid Innovation (CRC HEAR) in a sim-

ilar manner as the BKB sentences (Bench et al., 1979). The

corpus consists of 80 lists of 16 sentences articulated by an

Australian female speaker and recorded at a sampling fre-

quency of 44.1 kHz. Sentences comprise up to six words or

eight syllables and contain vocabulary that is familiar to a

five-year-old.

The speech material for the background noise consisted

of four two-talker dialogues extracted from a series of

scripted IELTSTM passages. The scripted dialogues were

reproduced by native Australian English talkers in a large

anechoic chamber and recorded at a sampling frequency of

44.1 kHz. Within each dialogue, there was very little talker

overlap so that the combined masker contained basically

four concurrent speech streams.

2. Sound reproduction

SI was tested with subjects sitting in the center of a

spherical array of 41 loudspeakers located in the anechoic

chamber of the Australian Hearing Hub (Macquarie

University, Australia). For every target and interferer posi-

tion, the corresponding anechoic speech materials were con-

volved with 3D 41-channel RIRs. The first step to obtain

these loudspeaker-specific RIRs was to record a microphone-

specific RIR with an array of 62 microphones flush-mounted

on the surface of a rigid sphere (Weisser et al., 2019). The

microphone array was placed at the intended listener position

inside each physical room at 1.3 m above the floor and as far

as possible from the walls. A loudspeaker (V8, Tannoy Ltd.,

Coatbridge, Scotland) was placed at the same height to excite

the room with a logarithmic sweep, and the transfer functions

between the recorded and the reproduced sweeps were calcu-

lated and transformed into the time domain using an inverse

Fourier transform (M€uller and Massarani, 2001) to obtain a

set of 62 RIRs (1 for each microphone). This procedure was

repeated for 11 loudspeaker locations in each room, corre-

sponding to the 3 target and 8 interferer locations used in the

SI tests, as illustrated in Fig. 1. The 62-channel RIRs were

encoded into the mixed-order Ambisonics format (M2D¼ 7

and M3D¼ 4; Favrot et al., 2011) and subsequently decoded

into 41 reproduction channels, each of them corresponding

to a single playback loudspeaker. Thereafter, the recording

noise floor level (arising from various noise sources, such as

the microphone) was identified and used to truncate the RIRs

to their noise-free length, which was conducted in third

octave bands for each loudspeaker channel independently.

The direct sound component of each decoded RIR was

extracted from the simulation of the sound pressure at the cen-

ter of the array by applying a one-sided Hanning window with

a frequency-dependent duration of D ¼ maxð0:003; 2=f Þ s

and equalized. The interferers consisted of pairs of talkers

facing each other. During the recordings of the RIRs, this

was achieved by rotating the loudspeaker approximately 90�

relative to the listener as shown in Fig. 1. However, to

accommodate for the frequency-dependent directivity of a

talker, which is slightly different from the frequency-

dependent directivity of the loudspeaker used during the

RIR recording, the direct sound component of the interferers

was (low-pass) filtered such that it had a frequency response

equal to a talker at 90� (Chu and Warnock, 2002). The filter-

ing did not significantly alter the broadband energy of the

direct sound component. The extracted direct sound compo-

nent for each source location, including targets and inter-

ferers, was then assigned to a single loudspeaker in the

playback array and recombined with the rest of the decoded

RIRs. The processing of the direct sound component effec-

tively extended the so-called sweet spot (i.e., the area of

accurate sound field reproduction) of the applied mixed-

order Ambisonics approach (Favrot et al., 2011), which

enabled participants to move their heads almost freely dur-

ing the tests. Minimum-phase finite impulse response (FIR)

filters were applied to the resulting 41-channel RIRs to

equalize the individual loudspeakers of the playback array

prior to convolution with the anechoic speech materials.

The same layout was used to record the RIRs in five

acoustically distinct rooms. Table II summarizes their relevant

acoustic properties measured from the RIR at the listener posi-

tion, including the RT, the critical distance, the direct-sound-

to-reverberation energy ratio (DRR), the clarity (C50), and the

TABLE I. Relevant biographic data of the participants and SNR used during the test. The test SNRs were determined as 3 dB above the individual SRTs

(see Sec. II B 2 for further details).

Identification Gender Mode Age (yr) Tested ear Implant in tested ear Age at time of implantation (yr) Cause of hearing loss Test SNR (dB)

1 F Bilateral 61 L CI422 56 Acquired 7

2 F Bilateral 73 L CI422 69 Acquired 7.3

3 M Bilateral 60 R CI522 59 Acquired 4

4 F Bilateral 42 R CI24R 26 Acquired 1.6

5 M Bilateral 54 R CI522 53 Congenital 8.2

6 F Unilateral 71 R CI24M 53 Acquired 3.5

7 F Bilateral 58 R CI24RE 51 Acquired 6

8 F Unilateral 64 L CI512 57 Acquired 0.7

9 F Bimodal 68 R CI24RE 62 Acquired 5.5

10 F Bilateral 59 R CI24RE 53 Acquired 2.5

11 F Bilateral 55 L CI24RE 43 Acquired 6

12 M Bimodal 76 R CI422 71 Acquired 2.6
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Speech Transmission Index (STI). The RT was calculated fol-

lowing the ISO 3382 (2009) standard. The critical distance is

defined as the distance at which the DRR equals zero and was

estimated by linear interpolation of the available DRRs

(obtained at discrete locations) as a function of the distance

(in a log scale). The C50 was calculated as the energy ratio of

the early reflections arriving within the first 50 ms after the

direct sound and the rest of the RIR (e.g., Bradley, 2002). The

STI was calculated according to IEC60268–16 (Cabrera et al.,
2014). The first room was a rather small (164 m3) lecture

room (LR) acoustically treated with carpet, acoustic absorbers

(two walls and ceiling), and a heavy acoustic curtain covering

one of the largest walls. The second room was a workplace

kitchen (WPK) area of 164 m3 that, apart from the carpeted

floor, was not acoustically treated. The walls and the ceiling

were a combination of glass, plasterboard, and rendered brick

wall. It was common to hear complaints of the acoustic condi-

tioning of the WPK when social gatherings took place in it.

The third room was a completely empty, large (446 m3), L-

shaped open-plan office (OPO). The floor was carpeted but

the walls and ceiling were a combination of plasterboard, ren-

dered brick wall, and, in a smaller proportion, glass. The

fourth room was an empty, small (134 m3) reflective room

(SRR) that was not acoustically treated at all. The floor, the

walls and the ceiling were a combination of rendered brick

wall, plasterboard, and linoleum. The small reflective room

was just a vestibule that led into a main room; verbal commu-

nication in this room was very challenging. The fifth room

was an extremely large (>5700 m3) indoor car park (CP) with

a very long RT, giving an acoustic perception very similar to

that of a church or even a cathedral.

During the SI test, target and noise levels, including

reverberant energy, were kept constant at the listener posi-

tion, which was verified using an omnidirectional micro-

phone located at the center of the loudspeaker array. This

was done regardless of the acoustic scene or target distance

in order to reduce the confounding effect of audibility when

target distance and room varied. The level of the target was

always 60 dB sound pressure level (SPL), irrespective of the

participant. The level of the noise was determined for each

participant individually by first measuring the speech-

FIG. 1. Layout of sound sources used during the experiments for listeners

using the right ear. Target speech was presented in front of the listener at

1.3, 2.6, and 5.2 m. Competing talkers consisted of four (M1–M4) dialogues

of two talkers facing each other and located at distances of 2.6 m (M1 and

M3) or 2 m (M2 and M4) from the listener. The target speech in the CP was

presented at an additional distance of 10.4 m (not shown). For listeners using

the left ear, source positions were mirrored around the front-back axis.

TABLE II. Acoustic properties of the five rooms used during the SI tests. The DRR, the C50, and the Speech Transmission Index (STI) are given for each of

the talker-to-listener distances. The DRR and the C50 were obtained in octave bands between 125 Hz and 8 kHz and averaged. The STI was calculated

according to IEC60268-16 (Cabrera et al., 2014). All parameters were obtained from the RIRs by conducting simulations of an omnidirectional microphone

located at the center of the loudspeaker array (i.e., the location of the listener’s head).

Condition identification Room RT (s) Room volume (m3) Critical distance (m) Distance (m) DRR (dB) C50 (dB) STI

1 Lecture room 0.46 164 2.78 1.3 6.9 15.4 0.94

2 2.6 �0.6 11.5 0.87

3 5.2 �4.6 8.6 0.82

4 Workplace kitchen 0.68 164 1.77 1.3 2.7 10.9 0.83

5 2.6 �3.8 6.7 0.75

6 5.2 �6.5 5.4 0.72

7 Open-plan office 0.96 446 2.49 1.3 5.2 13.9 0.91

8 2.6 �1.5 10.8 0.83

9 5.2 �4.5 8.0 0.76

10 Small reflective room 1.55 134 1.18 1.3 �0.3 3.8 0.64

11 2.6 �6.2 1.6 0.55

12 5.2 �9.9 0.0 0.52

13 Indoor car park 2.42 >5700 3.34 1.3 7.2 11.5 0.91

14 2.6 0.4 6.9 0.75

15 5.2 �4.0 3.9 0.68

16 10.4 �6.1 2.0 0.61
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reception-threshold (SRT) using anechoic BKB-like senten-

ces for the target speech and the noise in the WPK from the

main test. During the SRT measurements, anechoic targets

were held fixed at 60 dB SPL and the WPK noise was adap-

tively varied until 50% correct SI was achieved. Each SRT

test comprised up to 32 sentences, was scored per morpheme,

had an initial SNR of 5 dB, and employed various step sizes

down to 1 dB as explained in Keidser et al. (2013). The noise

level used in the main SI tests was then reduced by 3 dB rela-

tive to the SRT level to reduce the likelihood of floor effects

arising from the combined effects of noise and the reverbera-

tion of the target speech. Within a pilot test, using the WPK

noise as this anchor point minimized floor and ceiling effects

across all conditions of the main experiment. The resulting

test SNRs are specified in the last column of Table I.

In addition to the five rooms, SI was also evaluated in

anechoic conditions (i.e., without the effect of the room) in both

quiet and noise (i.e., both target and noise signals were

anechoic). In the absence of RIR convolution, which would

normally provide the appropriate distance cues, the closer prox-

imity of interferers M2 and M4 (Fig. 1), compared to M1 and

M3, was simulated by increasing the relative amplitude of the

closer interferes by a factor of 1.3, corresponding to the ratio of

their distances (2.6/2). As described above and shown in Fig. 1,

a filter emulating the frequency response of a talker that is

rotated by 90� was also applied to each anechoic interferer.

Five additional conditions were included to help disen-

tangle the effects of the target and interferer reverberations.

These conditions consisted of anechoic target speech in the

presence of reverberant interferers in the five different

rooms. In total, there were 7 additional conditions that were

added to the 16 quiet conditions (4 rooms� 3 distancesþ 1

room� 4 distances) and their 16 noisy counterparts, leading

to 39 test conditions. One randomly selected BKB-like list

of 16 sentences was used per condition.

C. Cochlear Implant Research Platform (CIRP)

In this study, the subjects’ speech processor was replaced

by a real-time emulation using the CIRP (Goorevich and Batty,

2005). This system ensures consistent input and output levels

across subjects, as well as consistent signal processing, allows

the subjects to make use of head movements (as opposed to

systems based on direct audio input or direct stimulation), and

enables full access to the signal at any point throughout the

processing path. The CIRP consists of (1) a BTE (behind the

ear) sound processor shell, including two microphones, (2) a

dual-channel microphone preamplifier, (3) a personal computer

(PC) from SpeedgoatTM (Liebefeld, Switzerland) that was spe-

cifically designed for real-time applications, called the xPC tar-

get computer, (4) a generic PC with MATLABVR (The

MathWorks, Natick, MA), called the host computer, and (5) a

stimulus generator and radio frequency (RF) transmitter. Sound

signals are received by the microphones of the speech proces-

sor, amplified, and sent to the analog inputs of the xPC target

computer. The xPC target computer processes the signal in real

time in the same way as an actual speech processor would and

sends stimulation information to the stimulus generator and RF

transmitter so that it can be sent to the implant of the listener.

The CIRP used in this study as well as additional hardware

required to conduct safety tests were provided by Cochlear Ltd.

(Sydney, Australia). The xPC and the host computer were both

located in the control room and connected to an isolation trans-

former. All the other devices (BTE, preamplifier, and stimulus

generator) were located in the anechoic chamber and connected

to a second isolation transformer.

The speech processor model is designed in the host com-

puter using MathWorks’ (Natick, MA, USA) visual language

(SimulinkR) with some functions written in MATLAB
VR

and

C. The model is compiled into real-time code by means of

Simulink CoderTM and a C/Cþþ compiler. The code is trans-

ferred to the target computer using xPC TargetTM and run in

the xPC operating system (Simulink Real-TimeTM). To

reduce the impact of potentially confounding noise reduction

and signal conditioning in the speech processor, the following

features were disabled: microphone directivity, automatic

dynamic range optimization (ADRO), signal-to-noise ratio–-

based noise reduction (SNR-NR), spatial-NR, the automatic

scene classifier (SCAN), WhisperTM, and wind noise reduc-

tion (WNR, see Wolfe et al., 2015, for details on the different

technologies). To prevent SI from being excessively compro-

mised (e.g., Wolfe et al., 2009), the automatic sensitivity con-

trol (ASC) was enabled, which prevents signals louder than

65 dB SPL from being clipped (Wolfe et al., 2015).

Regarding the microphone directivity, only the front micro-

phone (omnidirectional response) was used.

In order to calibrate the CIRP signal levels, an internal

1 kHz pure tone generator emulating a 65 dB SPL pure tone

was used as a reference. The output of the generator was

extracted through an analog output of the xPC computer and

its amplitude was evaluated by digitizing the signal with an

RME sound card (Haimhausen, Germany) connected to a

PC with MATLAB
VR

(The MathWorks, Natick, MA). A sim-

ilar procedure was followed using the CIRP speech proces-

sor suspended in the center of the loudspeaker array, which

presented diffuse third-octave filtered noise centered at

1 kHz (ANSI S3.35, 2004) at 65 dB SPL. The sensitivity of

the analog input of the xPC system was adjusted to match

the output levels for the internal and external signals.

The CIRP was fitted to the individual participant by

using the fitting parameters of their own devices, which were

provided by their audiological clinic. The following parame-

ters were included: T and C levels, number of maxima, stim-

ulation mode, stimulation rate, as well as volume and

sensitivity settings. In addition to the CIRP functionality and

safety tests conducted at Cochlear Ltd. (Sydney, Australia),

subject-specific safety tests were carried out on the stimula-

tion commands sent to the RF receiver to ensure that the fit-

ting parameters were inserted and encoded correctly.

D. Procedures

After written consent was given by the subject, anony-

mous computer record files (.cdx) files were obtained to

access the subject’s fitting parameters. Before each subject’s

first session, the real time model was prepared by inserting
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the subject’s fitting parameters (for the preferred ear in case

of bilateral implantees). Listeners were seated at the center of

the loudspeaker array. They were asked to remove their own

device/s and to put the BTE shell and the RF transmitter on

their (preferred) implanted ear. Subjects were asked to notify

the experimenter in case the sound did not resemble that of

their own device, which never happened. Subjects wore a

lapel microphone connected to a high-quality intercom to

communicate with the operator outside of the anechoic cham-

ber who also monitored the subjects via a video camera.

Prior to the main experiment, it was necessary to mea-

sure the SRT in order to determine the noise level used in

the noisy conditions. The SRT was measured using the

methods described in Sec. II B 2, that is, with anechoic

BKB-like sentences as target speech and the multi-talker

conversations in the WPK as noise signal. The SRT was

measured twice and the results were averaged. For each sub-

ject, the fixed noise level was then chosen to be 3 dB lower

than the level that produced the SRT.

In each of the 39 test conditions, subjects were tested

with 1 list of 16 sentences. After each sentence was pre-

sented, listeners were asked to repeat as much as they under-

stood of the target speech. The operator then scored the

number of correctly understood morphemes on a graphical

user interface running on a computer outside of the anechoic

chamber. Within a session, quiet and noise conditions were

randomized and within a condition, sentences were random-

ized. The randomization across quiet and noise conditions

was particularly important here to minimize any systematic

learning effects given the known ability of CI users to adapt

to the reverberation characteristics of the target speech

(Srinivasan et al., 2016).

E. Statistical analysis

The proportion of morphemes correctly understood, y,

was linearized to improve statistical validity with floor/ceil-

ing effects by applying the transformation

SIlin ¼ ln
yþ �

1� yþ �

� �
; (1)

where “ln” is the natural logarithm, � corresponds to the

smallest nonzero value of ð1� yÞ across all subjects and

conditions, as suggested in Warton and Hui (2011), and SIlin

is the linearized SI. A linear mixed-effects model with the

subject as a random intercept was then applied to the linear-

ized SI scores to evaluate the different factors affecting SI.

In particular, effects of distance, room, and noise were evalu-

ated, as well as their interactions. In order to conduct an anal-

ysis over a full-factorial dataset, all the conditions involving

anechoic target, as well as the conditions at 10.4 m in the CP,

were not included in the analysis. In the model, the variable

room was treated as a category, distance was treated as a

continuous variable, and noise was a categorical variable

used to distinguish quiet from noisy conditions.

The model was fitted following the Bound Optimization BY

Quadratic Approximation (bobyqa) algorithm, available in the

lmer package in R. t-tests were conducted in R with the emmeans
package and multiple comparisons were Tukey-corrected.

III. RESULTS

The SNRs employed during the experiment were calcu-

lated by adding 3 dB to the individuals’ SRTs measured with

anechoic target speech in the WPK noise (Sec. II B 2). The

SRTs varied substantially between subjects, ranging from

�2.3 to 5.2 dB. The test SNRs are summarized in Table I.

Figure 2 shows individual and group mean SI scores for

each condition. The top row shows scores in quiet and the

bottom row shows scores in noise. Each group of bars repre-

sents a room condition (including an anechoic room).

Rooms are sorted from left to right according to the RT (see

Table II) with anechoic (no room) on the left and CP on the

right. Within each group, individual bars show results for

different talker-to-listener distances, increasing from left to

right, with anechoic considered as a theoretical nearest dis-

tance (in terms of reverberation). In quiet, the anechoic tar-

get “distance” is identical to the anechoic (no room)

condition at the extreme left of Fig. 2 but it is included for

each room to facilitate comparisons.

In quiet anechoic conditions, all subjects achieved SI

scores between 90% and 100%. In contrast, variations

between subjects in reverberation become progressively larger

as reverberation increases, spanning up to 90% difference in

the most challenging conditions (e.g., see CP at 10.4 m or

small reflective room at 5.2 m). Despite the high subject vari-

ability, a number of general observations can be made. First,

at short distances, SI in quiet is rarely compromised by rever-

beration. For example, at 1.3 m, apart from the small reflective

room, all the rooms lead to mean SI scores higher than 90%.

At 2.6 m, the lowest mean SI among all these rooms is still

80%. Second, the SI scores in the small reverberant room in

quiet are far below those obtained in any of the other rooms.

At a 1.3 m distance, mean SI scores are already below 70%,

and at 5.2 m, mean scores are below 40% with some subjects

understanding virtually nothing. Unlike in any other room,

only one subject (S8) presented scores above 80% at all dis-

tances. Third, in quiet, higher RTs do not necessarily lead to

lower SI scores. For example, the RT of the small reflective

room is 1.55 s, whereas that of the CP is 2.42 s, and yet SI is

generally lower in the small reflective room.

In noise (Fig. 2, bottom), apart from the monotonic

decay of SI over distance already observed in quiet, the

order of rooms according to SI scores differs between quiet

and noise. For example, while the WPK leads to rather high

scores in quiet, scores in noise are the second worst.

Likewise, while the SI scores achieved in quiet in the LR

and the CP become increasingly different with distance, in

noise they are comparable, indicating that the LR has a rela-

tively more significant effect of noise. The effect of the

reverberation inherent in noise on SI (with the overall noise

level kept constant; see Sec. II B 2) is most clearly observed

in the mean SI score for anechoic target speech in anechoic

noise (first bar of the lower plot in Fig. 2), which is much
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lower than for anechoic target speech in any of the reverberant

noises (the bars labeled with AnT). These differences between

quiet and noisy conditions, together with the impact of floor

and ceiling effects, highlight that the SI in quiet relative to the

SI in noise is not simply a constant performance shift nor does

it change consistently as a function of distance across rooms.

A linear mixed-effects model fitted to the linearized SI

scores (Sec. II E) revealed a significant effect of room

[F(4,312.92)¼ 33.18; p< 0.001], a significant effect of dis-

tance [F(1,312.98)¼ 260.19; p< 0.001], and a significant

effect of noise [F(1,312.91)¼ 174.41; p< 0.001]. The inter-

action between distance and room was also significant

[F(4,312.92)¼ 4.54; p< 0.01], as was the three-way interac-

tion between distance, room, and noise [F(4,312.94)¼ 3.13;

p< 0.05]. These interactions became nonsignificant

(p> 0.05) after excluding the three subjects with potential

residual hearing (S8, S9, and S12). The main effects

remained after removing these subjects.

To understand if the different levels of reverberation

inherent in the different noises (due to the different rooms)

had a direct effect on SI, the same statistical model was used

but only considering the noisy conditions with anechoic

target speech (i.e., the scores corresponding to the bars at the

bottom of Fig. 2 labeled with AnT). In this case, the model

only included the effect of the room on the noise but

excluded the effect of the room on the target speech. The

effect of the room on the noise was significant

[F(5,53.08)¼ 24.11; p< 0.001]. Conducting pairwise com-

parisons with Tukey-corrections between the different rooms

with a series of t-tests (see Sec. II E) revealed that only the

noise in the anechoic room was significantly different from

all the others (p< 0.01), leading to lower SI scores. None of

the remaining comparisons revealed any significant differ-

ences (p> 0.05). The same conclusions were obtained after

removing the three subjects with potential residual hearing.

To further understand the relative effects of reverbera-

tion and noise on individual SI performance, Fig. 3 shows

the subjects’ SI scores averaged across all quiet reverberant

conditions as a function of their SRT obtained with anechoic

target speech. Note here that the SRT was measured with

the anechoic target speech in the (reverberant) WPK noise

(Sec. II B 2) and presented the only unbiased individual

measure of the effect of noise as all the other noisy condi-

tions were tested at a SNR that depended on the individual

FIG. 2. (Color online) SI scores obtained in quiet (top) and in noise (bottom). Each color represents a talker-to-listener distance, and each group of bars rep-

resents a room: anechoic room, LR (lecture room), WPK (workplace kitchen), OPO (open-plan office), SRR (small reflective room), and CP (car park).

Each bar represents the mean SI across participants. Conditions where the target speech was anechoic are denoted as AnT. The noise level for all noisy con-

ditions was 3 dB lower than the level producing 50% SI, which was measured prior to the main experiment employing the anechoic target and the WPK

noise (see Sec. II B 2 for further details).
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SRT (i.e, the SNR was always 3 dB above the individual

SRT). Overall, Fig. 3 reveals that participants who show

high SI scores in quiet reverberant conditions show low

SRTs (R2¼ 0.73), suggesting that listeners who can better

tolerate noise can also better tolerate reverberation.

IV. DISCUSSION

A. Results in quiet

In most of the rooms that were tested in this study, SI in

quiet was not markedly compromised by reverberation at

conversational distances (i.e., 1.3 m). The only exception was

the small reflective room for which the mean SI scores,

already at the closest distance of 1.3 m, were around 65% and

reached the floor at a distance of 5.2 m. Interestingly, the SI

in this room was significantly lower than in the CP even

though the RT in the small reflective room (RT ¼ 1.55 s) was

much shorter than in the CP (RT¼ 2.42 s). A similar discrep-

ancy between RT and SI was also observed between the

WPK (RT¼ 0.68 s) and the OPO (RT¼ 0.96 s), in which the

WPK had the shorter RT but showed lower SI scores.

The above observations contradict the findings pre-

sented in previous studies with CI users in two different

ways. First, reverberation of most rooms employed here, as

measured with the RT, was not as detrimental as suggested

by previous work (Desmond et al., 2014; Hazrati and

Loizou, 2012; Hu and Kokkinakis, 2014; Kokkinakis et al.,
2011; Kokkinakis and Loizou, 2011; Poissant et al., 2006;

Whitmal and Poissant, 2009). Second, SI does not necessar-

ily decay monotonically with increasing RT as previously

suggested (Desmond et al., 2014; Hazrati and Loizou, 2012;

Hu and Kokkinakis, 2014; Kokkinakis et al., 2011;

Kokkinakis and Loizou, 2011).

In order to understand the differences observed in the

present and previous studies, it should be considered that the

RT of a room depends on its volume and the absorption

material (Sabine, 1964). Hence, the same RT can be obtained

in a large room with some absorption or in a smaller room

with less absorption. Although the two rooms have the same

RT, the smaller room presents a higher reverberant pressure

(Jacobsen et al., 2013). This is most easily illustrated with

the DRR, which enables direct comparisons between the

reverberant pressure of different rooms at fixed talker-to-lis-

tener distances. The DRR can be approximated as

DRR ¼ 10 log
c0:16V

16pr2RT

� �
; (2)

where V is the volume of the room in cubic meters, RT is the

reverberation time (RT) in seconds, c is the directivity index

of the target source, and r is the talker-to-listener distance in

meters. Equation (2) was obtained from the quotient

between the sound pressure squared of the direct sound and

that of the stationary sound (Jacobsen et al., 2013) and by

using Sabine’s equation to express the acoustic absorption

as a function of the room volume and the RT.

In the case that a higher RT is obtained in a room with a

larger volume, Eq. (2) predicts that the DRR at a given dis-

tance increases only if the proportional increase of volume is

higher than the proportional increase of RT. In contrast, if the

proportional increase of volume is lower than the propor-

tional increase of RT, then Eq. (2) predicts a decreasing

DRR. Hence, both decreasing and increasing DRRs can be

found theoretically for increasing RTs obtained in larger

rooms. With respect to Table II, an example of lower DRRs

found in a larger room can be seen by comparing the LR

with the OPO. An example of higher DRRs found in a larger

room can be seen by comparing the WPK with the OPO.

According to the rooms employed here (Table II), in the case

that a higher RT is obtained in a room with a larger volume,

it is more common to observe increasing DRRs. In fact, the

CP, which has the largest RT as well as the largest volume,

has the highest DRR at all tested talker-to-listener distances.

In the case that a higher RT is obtained by reducing the

overall absorption in the room while keeping the volume

constant, as was mostly done in the existing CI studies, Eq.

(2) suggests that the DRR decreases with increasing RT.

With respect to Table II, this refers to the LR, the WPK, and

the small reflective room, all of which have roughly the

same volume but increasing RT, which results in decreasing

DRRs. At a distance of 5.2 m, for example, the increase in

RT results in a decrease of 1.9 dB in DRR from the LR

(RT¼ 0.46 s) to the WPK (RT¼ 0.68 s) and in a further

decrease by 3.3 dB of the DRR from the WPK to the small

reflective room (RT¼ 1.55 s).

As can be seen from the SI scores shown in Fig. 2, the

negative effect of the RT on SI in quiet is higher in the sec-

ond case than in the first case, indicating that an increase in

RT that is accompanied by an increase in room volume is

less detrimental to SI than an increase in RT that is achieved

by reducing the amount of absorption inside a room. For

example, at a talker-to-listener distance of 5.2 m (Fig. 2,

upper panel), the drop in average SI scores from the WPK to

the small reflective room is much larger than from the OPO

to the CP even though the RT increases by roughly the same

amount (i.e., by 0.87 s and 0.96 s, respectively).

FIG. 3. SI scores averaged across all quiet conditions as a function of the

SRT obtained with anechoic target speech. Data of subject 2 have not been

included as not all of the quiet conditions could be tested for this subject.
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Hence, the concept of reverberant pressure (or DRR) does

not only explain why the RT is not a good predictor of SI but

also why for a given distance small reverberant rooms are

more detrimental to SI than large reverberant rooms.

Accordingly, the differences observed in overall SI scores

between the present and previous studies are most likely

explained by the fact that most of the existing studies used a

single (simulated or real) room with a rather small volume in

which different RT values were obtained by altering the acous-

tic absorption of the room (Hazrati and Loizou, 2012; Hu and

Kokkinakis, 2014; Kokkinakis et al., 2011; Kokkinakis and

Loizou, 2011). In all these cases, SI will have decreased mono-

tonically with the RT because the volume of the room was

kept constant and, thus, increasing RT unequivocally led to a

decreasing DRR. As shown in the present study, this mono-

tonic relationship between the RT and the achieved SI cannot

be generalized to real rooms in which the volume often

increases with increasing RT. Similarly, the rather strong detri-

mental effect of reverberation on SI that was observed in pre-

vious studies may be explained by the rather small reverberant

rooms that were considered (Hu and Kokkinakis, 2014;

Kokkinakis et al., 2011; Kokkinakis and Loizou, 2011;

Poissant et al., 2006; Whitmal and Poissant, 2009) or the large

talker-to-listener distance (Desmond et al., 2014); Hazrati and

Loizou, 2012), which will have both provided an exceptionally

low DRR. For example, Hu and Kokkinakis (2014) considered

a room with a volume of 76.8 m3 and a RT of 1 s and observed

mean SI scores as low as 60% at a rather close talker-to-lis-

tener distance of 1 m. With respect to the present study, this

case is more or less represented by the small reverberant room,

which also showed by far the lowest SI scores of all the tested

rooms (around 65% at 1.3 m). The observation that small

reverberant rooms are exceptionally detrimental to SI is con-

sistent across studies and, in fact, SI scores as low as 20%

have been previously observed (Kokkinakis et al., 2011;

Kokkinakis and Loizou, 2011).

It seems reasonable to assume that in most rooms in

which humans communicate in their daily lives at least

some form of absorption is applied (e.g., by carpets, sus-

pended ceilings, cushioned furniture, or people) and higher

RT values are accompanied by larger volumes. Following

this assumption, the small reverberant rooms that were used

here and in many of the existing studies did not reflect the

acoustic properties of the rooms commonly encountered in

the real world. Hence, the corresponding SI results cannot

be generalized and, rather, refer to very specific and most

probably rare acoustic conditions.

The overly strong impact of small, reverberant rooms

on SI has already been highlighted by a number of studies

with NH listeners (e.g., Galster, 2007; Gelfand and Silman,

1979; N�ab�elek and Robinette, 1978). However, none of the

studies analyzed this observation quantitatively by means of

the reverberant sound pressure (or the DRR) and, instead, a

qualitative explanation in terms of the high reflection den-

sity was given. Kressner et al. (2018) provided the only

study that, similarly to the present study, found that SI with

CIs in realistic rooms is mainly compromised at far talker-

to-listener distances. Moreover, by using the concept of the

critical distance (i.e., the talker-to-listener distance at which

the DRR is equal to 0 dB), they highlighted the risks associ-

ated with using a small single room with varying amounts of

reverberation in laboratory-based tests and argued that the

room volume should be considered in addition to the RT.

As also indicated by Eq. (2), the source directivity used

for presenting the target speech material within the listening

tests affects the DRR and, thus, will have further contributed

to the differences between the SI scores reported in the liter-

ature and those obtained in the present study. This mismatch

is likely larger in studies based on room acoustic simulations

as it is common practice to use omnidirectional sound sour-

ces (Poissant et al., 2006; Whitmal and Poissant, 2009). In

the present study, the loudspeaker used during the RIR mea-

surements (Sec. II B 2) did not present an omnidirectional

pattern and, therefore, the DRRs obtained here were rela-

tively higher than those obtained with omnidirectional sour-

ces. However, although the directivity of the applied

loudspeaker was closer to the directivity of a human talker

than an omnidirectional source, it was still an approximation

and as such it did not perfectly match the directivity of a

human talker. Hence, a slightly different detrimental effect

of reverberation on SI would have been observed if the

directivity of a real human talker had been considered.

Given that the concept of reverberant pressure (or DRR)

helps to explain why the RT is not a good indicator of SI, it is

not surprising that mean linearized SI scores in quiet are much

better correlated with the DRR (R2 ¼ 0:63) than with the RT

(R2 ¼ 0:23). However, the DRR alone does not seem to be a

good indicator of SI either. In fact, a multiple regression model

with the DRR and the RT as independent variables suggests

that the two variables are relevant to SI (R2 ¼ 0:82, variance

inflation factor¼ 1.004). Nevertheless, mean linearized SI

scores in quiet were better correlated with the C50 (R2 ¼ 0:94)

and the STI (R2 ¼ 0:97) than with the RT, the DRR, or a com-

bination thereof. This is consistent with the observations made

in Kressner et al. (2018), who also found that the DRR does not

directly correspond to SI scores with CIs and suggested that

other measures, such as the STI (Houtgast et al., 1980) or the

C50, may be more accurate predictors. Future work will need

to conduct a more exhaustive analysis of the suitability of the

C50 and the STI as accurate predictors of SI, which would

imply that CI recipients could benefit from early reflections in

adverse situations. Likewise, given the high correlation between

the participants’ SRTs and their mean scores in quiet (Sec. III),

the use of the C50 could potentially be extended to the U50

(Bradley and Bistafa, 2002), a SNR-based metric that allows

the description of SI data obtained in quiet and noise under the

same framework as the C50. Thereby, these metrics should

take into account the signals that arrive at the subject’s speech

processor worn during the listening test, which should include

the directional characteristics of the microphone.

B. Results in noise

As can be observed in the SI scores for the anechoic tar-

get speech shown in Fig. 2 (bars labeled with AnT), the
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most detrimental noise is the anechoic noise, which is also

the most modulated noise, as its envelope is not smoothed

by any reverberation. This is in general agreement with

other studies, which have found that SI with CIs is worse in

fluctuating noise than in stationary noise (Fu and Nogaki,

2005; Nelson et al., 2003; Qin and Oxenham, 2003;

Stickney et al., 2004). However, for the anechoic talker, no

major differences were observed between all the reverberant

noise conditions. This may be, in part, due to the fact that

the SI scores in all these conditions were already close to

the ceiling and, thus, not in a very sensitive point of the psy-

chometric function.

In the case that the broadband level of the noise in a

given room fully described the impact of the noise on SI, the

rooms sorted by SI in quiet would coincide with the rooms

sorted by SI in noise as all noises were adjusted to the same

subject-specific broadband level (see Sec. II B 2). As can be

seen in Fig. 2, this is not necessarily the case. For example,

while the LR appears to be the most favorable room in quiet,

the most favorable room in noise is the OPO. Hence, either

there is an interaction between the reverberation of the tar-

get speech and the noise or factors other than the broadband

level of the noise may have affected SI. This may include

the modulation of the noise and also its frequency spectrum.

However, a comparison of the effects of the reverbera-

tion of the different rooms on the noise from the results plot-

ted in Fig. 2 is not straightforward because the effect of

noise on SI for any room and talker-to-listener distance

depends on where in the psychometric function its quiet

counterpart is located. For example, while Fig. 2 may sug-

gest that the reduction in SI due to noise is greater for the

WPK than the LR, it is not possible to say whether that

would also be the case if the scores in quiet in the two rooms

had been matched. While this question remains unanswered

here, several broad observations can be made by comparing

reverberant conditions in which the scores are comparable

either in quiet or in noise. For example, the WPK and the

CP lead to similar SI scores in quiet at 2.6 m. The fact that

scores in noise in the WPK are much lower than those

achieved in the CP indicates that the noise in the WPK is

more detrimental to SI than the noise in the CP. Another

example can be seen in the LR and the CP. While SI scores

at 5.2 m in noise are comparable, quiet scores obtained in

the LR are much higher than in the CP, indicating that the

noise in the LR is more detrimental than the noise in the CP.

C. Overall results

The fact that the room with the highest SI scores in

noise does not always correspond to the room with the high-

est scores in quiet raises the question of which is the room

that leads to the best trade-off between quiet and noise.

Figure 4 shows the mean SI scores obtained in noise as a

function of the mean SI scores obtained in quiet. Each con-

dition is indicated by a number, which corresponds to the

condition identification column presented in Table II. The

fact that SI scores in noise and quiet are significantly

correlated (R2 ¼ 0:74) is as expected as the intelligibility of

the target speech was the same in every pair of quiet-noise

conditions. However, the substantial variance in SI observed

in noise conditions indicates that SI in noise cannot be pre-

dicted from the SI in quiet. This is in line with previous

observations and illustrates the importance of the effect of

the room on the noise signal. Figure 4 allows the identifica-

tion of the most favorable conditions when quiet and noise

data are evaluated collectively (i.e., those conditions that

present high scores in both quiet and noise), which can be

found by identifying the closest points to the upper-right

corner. As the distance from the upper-right corner

increases, less favorable reverberant conditions are found

with the least favorable conditions being closest to the

bottom-left corner. Therefore, when considering the quiet

and noise conditions at the same time, the CP at 1.3 m (num-

ber 13), the OPO at 1.3 m (number 7), and the LR at 1.3 m

(number 1) are the most favorable reverberation conditions.

Interestingly, while SI in quiet for these conditions is almost

as good as in anechoic conditions (number 0), in noise it is

much higher.

Hence, when considering quiet and noisy conditions,

the most favorable listening conditions for CI users appear

to consist of short distances in reverberant rooms with large

volumes (i.e., the CP and the OPO) or in smaller rooms with

some reverberation (e.g., the LR). Under those conditions,

the mean SI in quiet was not significantly compromised by

target reverberation due to the high DRR. In noise, reverber-

ation reduced the modulation of the noise, which made it

less detrimental than anechoic noise. The combination of

these two factors led to better SI.

D. Limitations and relevance

The present study had a number of relevant limitations

that should be noted. First, the conclusions drawn here apply

to modulated noise. Clearly, there are several factors that

have an impact on the modulation depth of the noise signals,

FIG. 4. The mean SI score in noise as a function of the mean SI score in

quiet. The numbers represent the index of the reverberant condition, as

specified in Table II. The number “0” represents the anechoic condition (no

room).
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such as the distance to the listener or the number of noise

interferers. Second, target and masker levels were normal-

ized. Reverberation has an effect on these levels and,

therefore, different conclusions may be obtained when com-

paring reverberant conditions at their non-normalized levels.

Third, most of the advanced preprocessing features of the

applied CIs were switched off during testing. Hence, it is

unclear if the same observations apply to the case when

these features are turned on and most likely interact with the

different reverberant stimuli. Fourth, only 12 subjects were

tested with very different clinical profiles and hearing

abilities, which resulted also in significant inter-subject vari-

ability. Both are rather common limitations and, unfortu-

nately, could not be overcome.

Despite the limitations of the present study, the obser-

vations made here may have some relevance in clinical

counselling, as well as end-user guidance. First, large ven-

ues that are perceived as being very reverberant for having a

long reverberation tail (i.e., large RT) are not necessarily

markedly detrimental to SI as long as the listener can be

within a few meters from the talker/loudspeaker. There are

exceptions to this like, for example, large reverberant ven-

ues where several loudspeakers cover the whole listening

area; in that case, the reverberant field may become too

energetic and make it impossible for a CI recipient to attend

to the closest loudspeaker (of interest). In any case, the per-

son will benefit from being as close as possible to the talker/

loudspeaker and should remember that long reverberation

tails do not necessarily imply low SI. Second, CI users

should be aware that even at short talker-to-listener distan-

ces, small reflective rooms are very detrimental to SI and, in

general, they may want to avoid this type of room. Third, if

it is not possible to shorten the distance, CI users may bene-

fit from knowing that SI is expected to be good only in

rooms with significant sound absorption and outdoors.

Fourth, in cases where SI is too challenging, CI users and

clinicians may want to consider alternative solutions like

FM systems, more directional microphone settings in their

devices, or dedicated de-reverberation programs.

V. CONCLUSIONS

The present study evaluated SI in quiet and noise under

a number of realistic reverberant conditions that were

obtained from five physical rooms. Results in quiet show

that in most conditions, SI was not compromised by rever-

beration at conversational distances of less than a few

meters. Nevertheless, small reflective rooms have been

shown to affect SI more than any other type of room. The

results and conclusions presented here are in contrast to

most of the existing literature in two ways. First, reverbera-

tion in realistic scenarios affects SI for CI users less than

suggested previously and, second, SI does not necessarily

decay monotonically with increasing RTs. These contradic-

tions can be explained by the fact that previous studies used

rather small and highly reverberant rooms (e.g., 76.8 m3)

and therefore evaluated rooms that are more detrimental to

SI than many rooms encountered in the real world.

Moreover, these studies realized different reverberation con-

ditions by altering the absorption material while keeping the

volume of the room constant, which led to SI scores that

could be uniquely explained by the RT.

Results in noise indicate that the reverberation of modu-

lated noise (here, four two-talker dialogues) may actually

contribute positively to speech understanding and, in this

regard, anechoic noise is the most detrimental to SI. This

result can be attributed to the fact that reverberation reduces

the noise modulation. However, reverberation also affects

the level of the noise and target speech, an aspect that will

affect SI in the real world but was not considered here due

to the applied level-normalization. Results in quiet and noise

evaluated together suggest that short talker-to-listener dis-

tances combined with large volumes or smaller volumes

with some reverberation yield the best outcomes in terms

of SI.
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