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Abstract
In everyday acoustic environments, reverberation alters the speech signal received at the ears. Normal-hearing listeners are

robust to these distortions, quickly recalibrating to achieve accurate speech perception. Over the past two decades, multiple

studies have investigated the various adaptation mechanisms that listeners use to mitigate the negative impacts of reverber-

ation and improve speech intelligibility. Following the PRISMA guidelines, we performed a systematic review of these studies,

with the aim to summarize existing research, identify open questions, and propose future directions. Two researchers inde-

pendently assessed a total of 661 studies, ultimately including 23 in the review. Our results showed that adaptation to rever-

berant speech is robust across diverse environments, experimental setups, speech units, and tasks, in noise-masked or

unmasked conditions. The time course of adaptation is rapid, sometimes occurring in less than 1 s, but this can vary depending

on the reverberation and noise levels of the acoustic environment. Adaptation is stronger in moderately reverberant rooms

and minimal in rooms with very intense reverberation. While the mechanisms underlying the recalibration are largely

unknown, adaptation to the direct-to-reverberant ratio-related changes in amplitude modulation appears to be the predom-

inant candidate. However, additional factors need to be explored to provide a unified theory for the effect and its applications.
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Introduction
The sound travels from a source to a receiver through one
direct and multiple indirect paths that are created as the
sound reflects off various surfaces in the environment.
These time-delayed, scaled copies of the direct sound are
added to the overall signal and produce reverberation
(Assmann & Summerfield, 2004; Beeston et al., 2014).
Reverberation affects temporal and spectral features of the
signal that reaches the ears by attenuating its amplitude mod-
ulation (AM), prolonging the energy peaks and masking the
energy dips (Assmann & Summerfield, 2004; Nielsen & Dau,
2010; Shinn-Cunningham, 2003). It is ubiquitous in real-
world listening and it impacts nearly all aspects of auditory
processing, including sound localization, sound externaliza-
tion, stream segregation, and speech intelligibility (e.g.,
Best et al., 2020; Culling et al., 2003; Gelfand & Silman,
1979; Helfer & Huntley, 1991; Knudsen, 1929; Nábĕlek
et al., 1989; Shinn-Cunningham, 2000; Zahorik et al., 2005).

In reverberant sound fields, the reflections arrive at the
ears from multiple directions, interfering with the direct

sound and distorting interaural time and level differences,
the binaural cues that are used for sound localization
(Devore & Delgutte, 2010). In such environments, the per-
ceived source location is dominated by the first arriving
waveform, as can be illustrated for short click stimuli by
the “precedence effect” (Litovsky et al., 1999). For longer
stimuli consisting of multiple clicks, the dominance of
sound onsets for spatial processing is exhibited as an increase
in the perceptual weight of the early clicks relative to later
arriving sound that is more degraded by reverberation (see,
e.g., Stecker & Moore, 2018).
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Reverberation can be both detrimental and beneficial for
spatial hearing. On the one hand, it can degrade directional
sound localization accuracy (Shinn-Cunningham, 2000).
On the other hand, it can serve as a distance cue, improving
the accuracy of distance judgements (Zahorik et al., 2005).
Importantly, sustained exposure to a mildly reverberant
room over the period of hours leads to improvements in
both directional accuracy and distance perception
(Shinn-Cunningham, 2000), illustrating that adaptation to
reverberation can improve spatial processing, albeit at a
time scale longer than typically used in speech perception
studies.

In the context of speech processing, early reflections that
reach the listener within the first 50 ms after the direct sound
increase the effective signal-to-noise ratio and boost intelligi-
bility, for both normal-hearing and hearing-impaired listeners
(Bradley et al., 2003). Conversely, late reverberation, espe-
cially at severe levels, degrades intelligibility (e.g., Gelfand
& Silman, 1979; Knudsen, 1929; Reinhart & Souza, 2018).

Numerous studies have investigated the effects of rever-
beration, presented either alone or in combination with
noise, on different classes of speech sounds. There is substan-
tial variability in results ranging from minimal to strong dis-
ruptions in perception. Speech sounds with short and rapidly
transient spectra are affected more severely (Assmann &
Summerfield, 2004). Among consonants, the stops are partic-
ularly susceptible to disruption, as they contain periods of
low energy and transient energy bursts, and reverberation
fills in the silent gap during stop closure (Gelfand &
Silman, 1979; Helfer, 1994). On the other hand, sibilant fric-
atives, characterized by strong energy at higher frequencies,
are a class of sounds resilient to the effects of reverberation,
while the perception of low-energy non-sibilant fricatives is
deteriorated (Assmann & Summerfield, 2004; Gelfand &
Silman, 1979). The place of the sound within a word also
has a strong effect. Consonants in word-final position are
affected more relative to word-initial position, due to
overlap-masking from the energy of the preceding segment
(e.g., Gelfand & Silman, 1979; Knudsen, 1929). The percep-
tion of vowels with longer steady-state energy is well
retained by normal-hearing listeners, while perception can
be degraded for diphthongs with rapidly changing formant
transitions or for monophthongal vowels, for which segmen-
tal duration creates a phonemic difference (Assmann &
Summerfield, 2004; Osawa et al., 2021; 2018).

The negative effects of reverberation are more pronounced
for nonnative listeners, for children and older adults, and for
individuals with hearing difficulties (Assmann &
Summerfield, 2004; Lecumberri et al., 2010; Reinhart &
Souza, 2018). Older listeners without significant peripheral
hearing loss experience a decline in the perception of reverber-
ant speech (Helfer & Huntley, 1991). Furthermore, the smear-
ing of the temporal envelope induced by reverberation can be
detrimental to people with cochlear implants, for whom even
small amounts of reverberation deteriorate performance

(Poissant et al., 2006). For nonnative listeners, signal degrada-
tions due to reverberation interact with imperfect linguistic
knowledge, significantly degrading performance (Lecumberri
et al., 2010; Nábĕlek & Donahue, 1984; Takata & Nábĕlek,
1990). However, there is some evidence that nonnative listen-
ers might benefit from experiencing novel sounds in different
rooms during implicit phonetic training (Vlahou et al., 2019).

In summary, research over the past several decades sug-
gests that reverberation affects many aspects of spatial
hearing and speech intelligibility in both positive and nega-
tive ways. It can be particularly detrimental for some popula-
tions, such as nonnative listeners and hearing-impaired
individuals. On the other hand, for normal hearing adults in
moderately reverberant environments, the perceptual impact
of reverberation is negligible. People quickly adapt to room
acoustics and communicate without experiencing difficulties
or even noticing signal degradations. This phenomenon illus-
trates “phonetic perceptual constancy,” akin to loudness con-
stancy in audition and color, shape, and brightness constancy
in vision (Assmann & Summerfield, 2004; Stecker & Hafter,
2000; Watkins & Makin, 2007; Watkins et al., 2011; Zahorik
& Wightman, 2001).

To achieve phonetic perceptual constancy, the auditory
system must recalibrate its processing of speech stimuli in
each new reverberant environment, compensating for the
specific distortions caused by the reverberant energy. While
the factors and mechanisms of this calibration process are
largely unknown, it has attracted increased research interest
in the past couple of decades. Recent studies, using acoustic
environments with varying levels of reverberation and
diverse speech stimuli and tasks, have produced robust and
consistent evidence that the reverberation of the preceding
acoustic context can facilitate or disrupt subsequent speech
perception (e.g., Brandewie & Zahorik, 2010; Beeston
et al., 2014; Vlahou et al., 2021; Watkins, 2005b, 2011).
A few studies have begun to investigate perceptual mecha-
nisms that might underlie the effect (e.g., Srinivasan &
Zahorik, 2014; Stilp et al., 2016; Watkins et al., 2011;
Zahorik & Anderson, 2013). In parallel with psychophysical
studies, human and animal neuroimaging experiments have
revealed neural components that potentially support this
complex adaptive ability of the auditory system (e.g.,
Devore & Delgutte, 2010; Devore et al., 2009; Fuglsang
et al., 2017; Ivanov et al., 2022; Slama & Delgutte, 2015).

Here we present a systematic review of studies examining
recalibration of speech perception after prior exposure to con-
sistent or inconsistent reverberation. First, we present the dif-
ferent approaches used to quantify adaptation and to
manipulate the consistency in the reverberation of the carrier
and target speech. Next, we summarize key findings, both
overall and in relation to the speech units investigated, as
well as the time course of the phenomenon. We also review
research investigating adaptation in nonnative listeners and
hearing-impaired individuals. Then, we outline some of the
perceptual and neurophysiological mechanisms purported to
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underlie the effect. Lastly, we recommend key areas for future
research, including the development of a unified theory that
integrates the various contributing mechanisms to the effect,
and the design of effective applications for adaptation to rever-
beration in augmented and virtual reality displays.

Methods
We chose to conduct a systematic review, as our approach
aligns well with the guidelines for systematic reviews out-
lined by Munn et al. (2018), aiming to synthesize existing
knowledge based on specific questions and inclusion criteria
(see below), discuss the different methods used to measure
adaptation, and provide insights to guide further research.
We followed the Preferred Reporting Items for Systematic
Reviews and Meta-Analyses (PRISMA) guidelines for the
search methodology, screening strategy, and inclusion/exclusion
criteria (Page et al., 2021).

Search and Selection Process
To search the available literature, we used the SCOPUS data-
base. We included journal and conference articles, reviews,
books, and book chapters. Studies in languages other than
English were not considered. The search was conducted by
two independent researchers (A.T. and E.V.) and was com-
pleted by January 24, 2022. The search terms “adaptation”

OR “calibration” OR “learning” OR “compensation” OR
“exposure” AND “reverbera*” OR “room” AND “speech”
OR “phoneme” OR “sentence” OR “consonant” were
entered into the title, abstract, and keyword fields. This
search returned 651 results (see Supplemental material S1
and S2 for detailed search criteria and results).

Ten additional studies were identified based on citation
searches and the authors’ personal knowledge. After
removal of one duplicate, studies were screened for eligibility
by the same two researchers, based on the title and abstract.
Inclusion criteria were that the articles had to be original
studies or reviews that examined adaptation to reverberation
for speech perception. Studies with no human participants
investigating automatic speech recognition and signal pro-
cessing dereverberation techniques were excluded. After dis-
cussion and agreement on any discrepancies, 578 studies
were rejected during screening, leaving 72 studies for full-
text reading. Many studies have investigated the detrimental
effects of reverberation on speech perception (e.g., Culling et
al., 2003; Helfer, 1994; Helfer & Huntley, 1991; Nábĕlek
et al., 1989; see Assmann & Summerfield, 2004 for a
review). Here, we only included studies that specifically
examined how listeners adapt to reverberant speech, utilizing
information from exposure to the immediately preceding
room. Based on this criterion, the final set of 23 studies
was determined. The screening and selection process is
detailed in the PRISMA flowchart (Figure 1).

Figure 1. PRISMA flowchart illustrating the selection, screening, and inclusion/exclusion process of the review.
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Results
Studies investigating adaptation to reverberant speech exhibit
important differences and similarities. On the one hand, dif-
ferent labs have used different methods to quantify adapta-
tion, employing diverse perceptual tasks, target speech
units (phonemes, words, or sentences), monaural or binaural
stimuli, noise-masked or unmasked speech, etc. This diver-
sity precludes direct comparisons and quantitative synthesis
across studies. On the other hand, there are many commonal-
ities, including comparing the effect of matched versus mis-
matched preceding environment and examining the time
course of adaptation (e.g., Beeston et al., 2014; Srinivasan
& Zahorik, 2014; Vlahou et al., 2021). Here we first
present a review of the main manipulated parameters, perfor-
mance measures, and experimental setups used in the
reviewed studies. Then, we present our systematic review
of the 23 selected articles, comparing their results and iden-
tifying the main differences in terms of how reverberation
was manipulated, whether the stimuli were masked by
noise, what speech units were investigated, the time course
of adaptation, the mechanisms of adaptation, and comparing
native normal-hearing listeners to other listener groups.

The studies examined in this review are performed in
virtual environments. In recent years, virtual sound presenta-
tion techniques have become essential tools in psychoacous-
tic research and hearing aid development. Without these
techniques, many of the reviewed studies would be very chal-
lenging, if not impossible. Virtual sound presentation tech-
niques enable the precise presentation of reverberant acoustic
environments and allow researchers to create controlled, real-
istic acoustic conditions, which are vital for studying
complex auditory phenomena (Kirsch et al., 2021). Most of
the reviewed studies consist of trials in which the
to-be-identified target stimulus is presented after a carrier sti-
mulus. The adaptation is demonstrated by comparing perfor-
mance in a consistent condition versus a no-carrier or an
inconsistent condition. In these conditions, respectively, the
reverberation of the carrier matches that of the target speech,
the target is presented alone, or the carrier and the target rever-
beration differ. Modified/improved performance in the consis-
tent condition is taken as evidence that listeners exploit
information from the acoustic properties of the carrier to recal-
ibrate speech perception. In some studies there is no carrier–
target distinction within a trial; rather, adaptation is demon-
strated by comparing performance between a consistent,
“blocked” condition, in which the same reverberation is used
for all trials within a block, and an inconsistent, “unblocked”
condition, in which the reverberation of each trial within the
block varies randomly (Osawa et al., 2021; Srinivasan &
Zahorik, 2013, 2014; Srinivasan et al., 2016).

The inconsistency of the reverberation simulation has
been achieved by two types of manipulations. Either different
rooms were used for the carrier and the target/for each trial
within a block (e.g., Brandewie & Zahorik, 2018;

Srinivasan & Zahorik, 2013; Vlahou et al., 2021), or different
source-listener distances within the same room were used
(studies by Watkins and colleagues, see Table 1).

Another distinction is whether monaural or binaural simu-
lation is used. In binaural conditions, an important factor is
whether the Binaural Room Impulse Response (BRIR) is
recorded using the listener’s own body or a standardized
manikin. In all the studies reported here, non-individualized
BRIRs were used. In virtual environments, using non-
individualized BRIRs has the additional benefit that all the
listeners hear the same identical stimuli. While studies by
Watkins and colleagues have demonstrated robust adaptation
using monaural stimuli, most researchers have employed
binaural stimuli. Brandewie and Zahorik (2010) report
limited adaptation with monaural presentation, while
Garofolo et al. (2005b) report stronger adaptation in monau-
ral presentation conditions. This discrepancy might be caused
by differences in the experimental design, noise masking (see
below), and speech stimuli across studies, or it might reflect
the activation of different compensation mechanisms for
binaural and monaural presentation. This issue is further dis-
cussed in the Conclusions section.

Yet another important difference concerns whether carrier
and target stimuli are masked by noise. Zahorik and col-
leagues have used reverberation in combination with spatia-
lized Gaussian noise. Introducing noise has two important
benefits: it makes the task more difficult, effectively reducing
ceiling effects in performance. It also makes the task more
ecologically realistic, as everyday listening environments
typically contain both noise and reverberation. On the other
hand, the unique effects of reverberation and the listeners’
compensation mechanisms might differ between noise-
masked and unmasked conditions.

The investigation of adaptation to reverberation has
spanned different speech units, ranging from individual pho-
nemes and syllables (e.g., Beeston et al., 2014; Osawa et al.,
2021; Vlahou et al., 2021) to ecologically realistic variable
sentences (e.g., Srinivasan & Zahorik, 2014). The former
approach allows for a more rigorous control over the
effects of reverberation on different sounds, while the latter
one better approximates the highly heterogeneous real-world
speech communication.

Finally, various performance measures have been used in
the adaptation studies, including improvement in speech
reception thresholds (SRTs; Brandewie & Zahorik, 2010,
2013; Zahorik & Brandewie, 2016), information transfer
rate (e.g., Vlahou et al., 2021), shifts in phoneme category
boundaries (e.g., Watkins, 2005b; Watkins et al., 2011), or
the reweighting of acoustic cues critical for phoneme percep-
tion (Stilp et al., 2016).

Reviewed Studies
Table 1 summarizes the studies included in the review. The
table is primarily organized by the characteristics of each
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Table 1. Characterization of Studies Examining Adaptation to Reverberation for Speech Perception Included in the Review.

Study Participants

Reverberation

manipulation

Noise

mask

Presentation

mode Target speech Task

Performance

measure

Watkins (2005a) 6, NH, N/F Distance and

room

N Mono, bin [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins (2005b) 24, NH, N/F Distance and

room

N Mono, bin [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins and Makin

(2007)

36, NH, N/F Distance N Mono [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Nielsen and Dau

(2010)

18, NH, N/F Distance N Diotic [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins et al.

(2010a)

12, NH, N/F Distance N Mono [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins et al.

(2010b)

12, NH, N/F Distance N Mono [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins et al.

(2011)

18, NH, N/F Distance N Mono [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Watkins and

Raimond (2013)

6, NH, N/F Distance N Mono [sir]-[stir] test words Phoneme ID

2-AFC

Categorization

shifts

Beeston et al.

(2014)

160, NH, N/F Distance N Mono [sir], [skur],[spur],

[stir] test words, 5

vowels

Phoneme ID

4-AFC

ITR

Vlahou et al.

(2021)

18, NH, N/F Room N Bin VC syllables, vowel

/a/+16
consonants, (k, t,

p, f, g, d, b, v, ð, m,

n, η, z, θ, s, and ʃ)

Phoneme ID

16-AFC

Proportion

correct, ITR

Longworth-Reed

et al. (2009)

10, NH, N/F Room N Bin, diotic HINT Word ID Proportion

correct

Brandewie and

Zahorik (2010)

14, NH, N/F Room Y Mono, bin CRM Select

correct

color/

number

Proportion

correct, SRTs

Brandewie and

Zahorik (2011)

14, NH, N/F Room Y Bin MRT Select target

word

from list

of words

Proportion

correct, SRTs

Brandewie and

Zahorik (2013)

16, NH, N/F Room Y Bin CRM Select

correct

color/

number

Proportion

correct

Srinivasan and

Zahorik (2011)

21, NH, N/F Room Y Bin SPIN Type last

word of

every

sentence

Proportion

correct

Srinivasan and

Zahorik (2013)

60, NH, N/F Room Y Bin PRESTO Type all

words

from

sentence

Proportion

correct

Srinivasan and

Zahorik (2014)

30, NH, N/F Room N Bin PRESTO Type all

words

from

sentence

Proportion

correct

Zahorik and

Brandewie

(2016)

49, NH, N/F Room Y Bin CRM Select

correct

color/

number

Proportion

correct, SRTs

(continued)
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study outlined above, mainly the method of reverberation
manipulation, noise masking, monaural or binaural presenta-
tion, lexical units for the target speech, and differences in
tasks and performance measures. For the effect of strong or
weak reverberation on adaptation, the studies varied in
parameters and reverberation levels, making it challenging
to summarize these effects in a table. Most research reviewed
here has been conducted by Zahorik and colleagues and
Watkins and colleagues (10 and 8 studies, respectively, out
of the 23 studies reported here), with the remaining studies
performed by other groups. In the following sections, the
studies are compared based on the different characteristics.

Reverberation Manipulation and Effect of Masking
The main distinction between the studies reviewed here is
whether the reverberation was manipulated by changing the
distance from which the carrier and target were simulated
or by changing the room in which the sources were simu-
lated. A secondary prominent distinction is whether the
target speech was masked by noise or not.

Manipulating Source-Listener Distance. In studies by Watkins
and colleagues, listeners performed a phoneme identification
test, identifying test words as “sir” or “stir”. Tests words were
drawn from an 11-step continuum between /sir/-/stir/, created
by amplitude modulating tokens of “sir” to receive the tem-
poral envelope of “stir” at various modulation depths (e.g.,

Watkins, 2005b). Test words were embedded in a context
phrase (“OK, next you’ll get [test word] to click on”). Both
the context and the test words were convolved with room
impulse responses recorded at a near distance (source at
0.32 m from the listener) with low reverberation, and a far
distance (source at 10 m from the listener), with high rever-
beration. When the context was near and the test word was
far, reverberation from the test-word filled the gap in its tem-
poral envelope, masking an important cue for the identifica-
tion of /t/, and participants tended to hear more “sir”
responses and shift the category boundary. However, when
the context was also simulated at a far distance, matching
the test word’s distance, listeners tend to hear “stir” again,
shifting the category boundary back. In this design, while
improvement in speech perception was not explicitly mea-
sured, adaptation was expressed as shifts in phoneme cate-
gory boundary, as a function of the carrier distance.

In a series of experiments, this finding was replicated and
extended across various conditions: for rooms with different
sizes and geometry, under both normal and fast speech rates,
for steady-spectrum noise-contexts with rapidly varying tem-
poral envelopes, and for noise-vocoded speech stimuli
(Watkins, 2005a, 2005b; Watkins & Makin, 2007; Watkins
& Raimond, 2013; Watkins et al., 2011). Importantly, this
design does not appear to rely on binaural input, as compen-
sation with monaural speech appears to be as effective, or
even stronger (Watkins, 2005a, 2005b) than with binaural
speech. These findings were interpreted as evidence of a

Table 1. Continued.

Study Participants

Reverberation

manipulation

Noise

mask

Presentation

mode Target speech Task

Performance

measure

Brandewie and

Zahorik (2018)

27, NH, N/F Room Y Bin CRM Select

correct

color/

number

Proportion

correct, SRTs

Stilp et al. (2016) 63, NH, N/F Room N Diotic Synthetic vowel

continuum (/i/-/u/)

Phoneme ID

—2-AFC

Acoustic cue

reweighting

Osawa et al. (2021) 10 NNS, 11

NS (all NH)

Distance and

room

N Bin Japanese vowel

contrast (/ie/-/iie/)

Phoneme ID

—2-AFC

Categorization

shifts

Zahorik and

Brandewie

(2011)

14 NH, 12

HI (all N/F)

Room Y Bin CRM Select

correct

color/

number

SRTs

Srinivasan et al.

(2016)

6 CI users Room N Better ear IEEE, TIMIT Repeat back

all words

from

sentence

Proportion

correct

NH= normal-hearing; N/F= native or fluent speakers; HI= hearing impaired; CI= cochlear implant; NS= native speakers; NNS= nonnative speakers;

mono=monaural; bin= binaural; HINT=Hearing in Noise Test (Nilsson et al., 1994); CRM=Coordinate Response Measure (Bolia et al., 2000); MRT=
Modified Rhyme Test (House et al., 1965); SPIN= Speech Perception In Noise (Kalikow et al., 1977); PRESTO= Perceptually Robust English Sentence Test

Open-set database (Gilbert et al., 2013); IEEE=The Institute of Electrical and Electronics Engineers sentence corpus (IEEE, 1969); TIMIT=DARPA TIMIT

acoustic–phonetic continuous speech corpus (Garofolo et al., 1993); n-AFC task= n-alternative forced choice task; ITR= information transfer rate; SRTs=
speech reception thresholds; ID= identification.
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monaural “extrinsic” compensation mechanism that is
informed by the level of reverberation of the context. Later
studies showed that, in addition to information from the pre-
ceding context, there are also important “intrinsic” sources of
information that can facilitate adaptation. Specifically, infor-
mation from the test-word itself, such as from its reverbera-
tion tail, plays a significant role in adaptation (Beeston
et al., 2014; Watkins & Raimond, 2013). These intrinsic
cues can help listeners adapt to reverberation even in the
absence of an extrinsic context (preceding speech) (Beeston
et al., 2014; Watkins & Raimond, 2013).

Manipulating Rooms and Speech Masking. Other groups have
investigated adaptation to reverberation when the carrier
and target are simulated in different rooms. Zahorik and col-
leagues have investigated this type of adaptation using differ-
ent methods. In the majority of their studies, the
source-listener distance was fixed, with the simulated
speech source placed in front of the listener at 1.4 m and a
spatially separated noise masker, also at 1.4 m, directly oppo-
site to the listener’s right ear (90° azimuth angle). In a consis-
tent condition, the simulated room remained constant, both
within a trial, where the target speech is preceded by a
carrier from the same room, and throughout a block of
trials, thus maximizing consistent exposure. This condition
was compared against a no-carrier condition, where the
target speech was presented without a preceding carrier and
the simulated target room changed randomly from trial to
trial, or against an inconsistent condition, where the target
was preceded by a speech carrier from a different room
(Brandewie & Zahorik, 2018). Using this and similar
designs, a series of studies have consistently shown that,
after brief prior exposure to consistent reverberation, partici-
pants improve speech perception relative to the no-carrier or
inconsistent conditions.

An important aspect of this paradigm is that adaptation
appears to require binaural information. In one study, par-
ticipants showed an 18% improvement in word recognition
after prior exposure to a consistent simulated room, com-
pared to a no-carrier condition (Brandewie & Zahorik,
2010, Exp. 1). However, in an identical experiment with
monaural input (with the right-ear signal digitally
removed and the left-ear signal contralateral to the
masker retained; Exp. 3), only two of the 14 participants
showed improvement. The opposite pattern was observed
in Watkins (2005b), where more robust adaptation was
observed with monaural input. It is unclear whether this
discrepancy is a result of distinct monaural versus binaural
adaptation mechanisms that operate in the different para-
digms, or whether it is a result of differences in the exper-
imental setup and tasks. The concurrent presentation of
spatialized noise in Brandewie and Zahorik (2010), along-
side the primary task of speech recognition, introduces
additional factors related to sound localization and spatial

unmasking (Beeston et al., 2014), further complicating
the interpretation of the results.

Several experiments have investigated the effects of dif-
ferent carrier characteristics in this paradigm, and the magni-
tude of adaptation under diverse noise and reverberation
levels. Exposure to inconsistent reverberation within a trial
(i.e., when a preceding speech carrier is from a different sim-
ulated room than the target speech) can significantly degrade
performance compared to a consistent condition, causing it to
reach baseline levels, where the target speech is presented
alone. There is some evidence that the drop in performance
between consistent and inconsistent conditions is larger
when the reverberation of the preceding carrier is more
intense than the target’s reverberation (Brandewie &
Zahorik, 2018). In this paradigm, adaptation is most robust
for moderate target reverberation conditions (T60∼ 1 s),
leading to an approximately 20% improvement in intelligibil-
ity (Zahorik & Brandewie, 2016). However, as the level of
target reverberation increases, the adaptation effect
becomes weaker, becoming negligible in strongly reverber-
ant rooms with T60 at 3 s (Zahorik & Brandewie, 2011;
2016).

Another study used a similar experimental design except
that no masking noise was applied (Vlahou et al., 2021).
Two environments with strong levels of reverberation
(broadband T60’s of 2.5 s and slightly over 3 s, respectively)
were used for targets. The same two environments, as well as
an anechoic environment, were used for the carrier. In this
study, the effects of a consistent preceding carrier were com-
pared against different types of inconsistent carriers, includ-
ing a no-context baseline, in which the target speech was
presented without any carrier, an anechoic carrier, and a
carrier presented in a different simulated room. In general,
the effect of consistent reverberation was significant, but
fairly small in this study, 5%–7% for the less reverberant
room, whereas for the more reverberant room the effect
was negligible, on the order of 1%–2%. This result partially
corroborates the finding that in very strong reverberation
adaptation is attenuated (Zahorik & Brandewie, 2011,
2016), while showing that effective adaptation to reverbera-
tion is possible even for T60 of 2.5 s. The disruptive effect of
the anechoic and different-reverberant carrier was fairly
similar in the Vlahou et al. study, with slight tendency to
be larger for the anechoic carrier. On the other side, in the
Brandewie and Zahorik (2018) study the disruptive effects
were larger for the carrier with more reverberation.

Speech Units and Presentation Mode
The adaptation has been investigated for a range of speech
units, from phonemes to sentences, and for both monaural
and binaural presentation levels. Most studies investigating
adaptation at the phoneme level have used consonants as
target speech, with only a few studies using vowels
(Osawa et al., 2021; Stilp et al., 2016). In studies by
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Watkins and colleagues, adaptation has been repeatedly
demonstrated for the unvoiced plosive /t/ within [sir]-[stir]
test words, presented mostly monaurally. Beeston et al.
(2014) extended this design, demonstrating monaural adap-
tation for two additional unvoiced stops (/p/, /k/). This study
also introduced more variability by incorporating multiple
speakers and featuring a greater number of vowels in the
test words, although listeners were specifically tasked with
identifying the heard consonant. The focus on unvoiced plo-
sives differing in place of articulation is motivated by the
fact that these features are more severely degraded by rever-
beration (Assmann & Summerfield, 2004; Gelfand &
Silman, 1979). However, it’s unclear whether this type of
adaptation generalizes to different speech units that are
also affected (e.g., low energy fricatives, nasals; Gelfand
& Silman, 1979; Helfer & Huntley, 1991; Nábĕlek et al.,
1989), and to what extent it affects everyday speech. Still,
the examined consonants account for more than 10% of
phonemes encountered in everyday discourse (Beeston
et al., 2014), corroborating the ecological validity of the
effect.

Vlahou et al. (2021) investigated 16 consonants (k, t, p, f,
g, d, b, v, ð, m, n, ŋ, z, θ, s, and ʃ), each preceded by the same
vowel and using a binaural presentation mode. The study
analyzed both accuracy of individual consonant identification
and phonetic category identification using information trans-
fer analysis (Miller & Nicely, 1955; Shannon, 1948). It
showed that the manner of articulation was the feature with
the most robust improvement in the consistent condition.
The effect was consistent across both simulated rooms, but
it was restricted to stop consonants. There was also a signifi-
cant improvement for voicing, but only in one of the simu-
lated rooms.

Rather than phonemes and phonetic categories, Zahorik
and colleagues have used words and sentences as target
speech, drawn from various speech corpora, mostly using
binaural presentation. The Coordinate Response Measure
corpus (CRM; Bolia et al., 2000) was used in 5 out of the
10 studies by Zahorik and colleagues reported in Table 1.
The CRM is a closed-set corpus, where participants choose
their response from a limited set of predefined options.
Sentences follow a structure (“Ready [call sign] go to
[color] [number] now”), with the call sign known in
advance and the participant selecting the correct color–
number combination from eight numbers and four colors.
The CRM has been used widely in speech-on-speech intelli-
gibility research. However, since its linguistic variation and
vocabulary size are limited (Eddins & Liu, 2012; Jakien
et al., 2017), researchers have also used other corpora. One
study from this lab (Brandewie & Zahorik, 2011) that used
the Modified Rhyme Test (House et al., 1965) reported no
improvement, on average, after prior exposure to consistent
reverberation. Other studies have used subsets from
corpora such as the Hearing in Noise Test (HINT; Nilsson
et al., 1994; used in Longworth-Reed et al., 2009), and

material with rich linguistic and indexical variability from
the Speech Perception In Noise (SPIN; Kalikow et al.,
1977; used in Srinivasan & Zahorik, 2011), and the
Perceptually Robust English Sentence Test Open-set data-
base (PRESTO; used in Srinivasan & Zahorik, 2013,
2014). Finally, the IEEE corpus (IEEE, 1969) and TIMIT
sentences (Garofolo et al., 1993) were also used in
Srinivasan et al. (2016). Higher benefit of adaptation was
observed for IEEE sentences than for TIMIT sentences,
likely due to the more heterogeneous characteristics of the
TIMIT corpus, requiring listeners to adjust to various param-
eters such as multiple talkers, regional dialects, and speaking
rates.

Overall, these studies demonstrate that the adaptation to
reverberation is observed at a range of speech units in both
monaural and binaural stimulus presentation. However, the
adaptation effect was not observed for all speech corpora,
and it also depended on the mode of presentation, illustrating
a complex relationship between these factors.

Time Course of Adaptation
The temporal dynamics of adaptation to reverberation can be
examined across various timescales, ranging from millisec-
onds and seconds to more extended periods, spanning days
or even a lifetime of exposure to environmental regularities
and speech sounds (e.g., Traer & McDermott, 2016).

Beeston et al. (2014) examined the time course of monau-
ral adaptation using phrases that contained a single test sylla-
ble preceded by a sequence of context words. The context
was split into two parts, the first presented at a near source-
listener distance (0.32 m), and the second, preceding the
test word, at a far distance (10 m). Examining performance
on the subsequent far test words, they found that as exposure
to the far portion of the carrier increased from 0 to 500 ms,
participants made fewer phoneme misclassifications. These
findings suggest that the effect is fast enough to build up
across half a second. However, due to methodological con-
straints the maximum duration of consistent exposure did
not exceed 500 ms, thus it is not possible to determine the
time needed for performance to plateau in this paradigm.

Rapid timescales were also reported from several studies
with binaural stimuli in masked and unmasked conditions.
In Vlahou et al. (2021) the length of the preceding carrier
was manipulated such that in one condition it contained
two syllables and in another four syllables (∼800 and
∼1600 ms, respectively). There was no evidence that consis-
tent exposure over ∼1 s improved phoneme identification.
Longworth-Reed et al. (2009) compared the first and last
10 sentences within blocks that provided consistent exposure
to a listening environment and showed improved word recog-
nition by approximately 6% for a binaural condition with
time-forward reverberation. However, other studies which
have partitioned the data showed no further improvement
after the first partition that they examined (first 18 trials in

8 Trends in Hearing



Brandewie & Zahorik, 2010; first 6 sentences in Srinivasan &
Zahorik, 2013; and first 5 sentences in Srinivasan et al.,
2016). Using varying levels of reverberation and different
signal-to-noise ratios (SNRs at −13 and −18 dB)
Brandewie and Zahorik (2013) created six conditions in
which they varied the length of the speech carrier phrase
that preceded the target phrase, from 0 to 2.7 s. The duration
of exposure required for intelligibility improvement to
asymptote increased with SNR, from just 850 ms for the
lower to 2.7 s for the higher SNR (Brandewie & Zahorik,
2013). These results suggest that adaptation to reverberant
speech can be fully developed within 1 s in some conditions
(Vlahou et al., 2021; Zahorik, 2019), but the precise time-
scale can vary widely for different levels of reverberation
and noise.

While research on spatial hearing indicates that localiza-
tion performance in a real room can continue to improve
after several hours (Shinn-Cunningham, 2000), there is a
lack of data exploring such long-term effects on speech per-
ception. In a pilot study from our lab, using the experimental
design from Vlahou et al. (2021) we examined the effects of
continued exposure to simulated rooms across three 1 h ses-
sions. Results from four participants showed no evidence of
improved phoneme identification compared to the baseline
session (data not shown). However, the sample size in this
study was very small and only one room with intense rever-
beration was used, which has been shown to attenuate adap-
tation (Vlahou et al., 2021; Zahorik & Brandewie, 2011,
2016).

Adaptation in Nonnative and Hearing-Impaired
Individuals
Two studies examined adaptation in hearing-impaired listen-
ers (Brandewie & Zahorik, 2011; Srinivasan et al., 2016).
Only one study specifically examined adaptation for nonna-
tive listeners (Osawa et al., 2021). For the remaining reported
studies, participants were normal-hearing listeners, and,
when this information is reported, either native, or nonnative
but fluent speakers of the target language.

There is some evidence that hearing-impaired individuals,
who are particularly affected by the negative effects of rever-
beration, can also benefit from prior consistent exposure.
Zahorik and Brandewie (2011) examined normal hearing lis-
teners and listeners with sensorineural hearing loss of varying
severity. They found that, although the SRTs from the
hearing-impaired group were elevated compared to the
normal hearing group, improvement due to consistent expo-
sure was similar across groups. Consistent with the previous
report of Zahorik and Brandewie (2016), the effect was stron-
gest for the environments with modest reverberation, while
little improvement was observed for anechoic rooms or
rooms with more intense reverberation. Another study
showed that cochlear implant users, who heard sentences

presented to their self-reported best ear, were also able to sig-
nificantly improve intelligibility when consistent reverbera-
tion was provided (Srinivasan et al., 2016).

To our knowledge, only one study has explicitly exam-
ined the effects of consistent versus inconsistent reverbera-
tion for nonnative listeners. Osawa et al. (2021) exposed
native and nonnative listeners to tokens from a Japanese
vowel length contrast along a durational continuum from
/ie/ to /iie/. Reverberation adds a tail to the sound’s offsets,
elongating the perceived duration and thus obscuring a criti-
cal cue for the distinction of length contrasts (Osawa et al.,
2018; 2021). The sounds were presented in anechoic and
simulated rooms, in a “blocked” condition, where the same
room was used throughout a block of trials, and an
“unblocked” condition, where the simulated room varied ran-
domly in each trial. Results showed that native listeners’ cat-
egorization responses were unaffected by whether the room
changed from trial to trial or remained consistent throughout
the block. Nonnative listeners, on the other hand, changed
their categorization responses significantly, increasing the
long vowel responses in the unblocked condition for the
more reverberant room. These results highlight nonnative lis-
teners’ sensitivity to variations in room acoustics, suggesting
that inconsistent reverberation might be more disruptive for
this population.

Perceptual and Neurophysiological
Mechanisms
What mechanisms drive adaptation to reverberation for
speech processing? Which aspects of the room acoustics
and the speech signal do people use to recalibrate speech per-
ception? T60 and the direct-to-reverberant energy ratio (DRR)
are two parameters that have been dominant in the acoustic
characterization of the environments used in the adaptation
studies. The studies primarily manipulating the target-listener
distance in a fixed room essentially manipulated the DRR
while keeping the T60 constant (e.g., Beeston et al., 2014;
Watkins & Makin, 2007; Watkins et al., 2011), while the
studies switching the room primarily manipulated the T60

while largely disregarding the DRR, even though that also
could vary as the room switched (e.g., Brandewie &
Zahorik, 2010, 2018; Vlahou et al., 2021). The two measures
are in general correlated, as a larger T60 means more rever-
berant energy and thus, on average, a lower DRR.
However, since DRR is distance dependent and T60 is not,
the fundamental question is whether the brain’s adaptation
to reverberation aims to compensate for changes in DRR or
in T60. In typical listening situations, as in a conversation
with multiple talkers and other sources, the distances
between the listener and the talkers randomly vary when
there are multiple talkers. Thus, the adaptation to DRR
would need to occur each time a new talker takes a turn in
a conversation, that is, on the order of seconds. On the
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other hand, the T60 stays constant in that scenario and thus
the adaptation to it can take place over much longer time
scales, corresponding to minutes or hours that a listener typ-
ically spends in one room. Thus, it is likely that adaptation to
DRR would need to occur on the time scale of seconds, and it
looks like no long-term room learning would be beneficial in
such a scenario as the target-listener distances, and thus the
DRR that the listener needs to adapt to, can change at any
time to any value from a continuum. On the other hand, learn-
ing the distance-invariant effects of the room reverberation
on the stimuli, that is, learning how to adapt to a room
with a given T60, might be much more beneficial on a
longer time scale corresponding to how long a listener
stays in one room. Moreover, since the listeners are com-
monly present in the same room repeatedly, such learning
can even proceed over multiple visits. The results from the
studies reviewed here suggest that most of the adaptation
effects are fast, possibly supporting the DRR being the dom-
inant parameter. However, since longer-term room learning
effect are observed, for example, in distance perception in
which they must be based on T60 (as the DRR-to-distance
mapping must change for every room), it is still possible
that such learning would generalize to speech perception,
providing benefits in some specific conditions.

Importantly, while DRR is a convenient acoustic measure to
characterize the reverberation effects on received sounds, it is
unlikely that the brain can directly extract it from the stimuli
as it would require deconvolving the BRIR from the heard
stimuli and separating it into the direct and reverberant parts
(Rakerd et al., 1999). However, several other measures are cor-
related with the DRR, including the AM (Zahorik et al., 2011),
the early-to-late power ratio (Bronkhorst & Houtgast, 1999),
frequency-to-frequency variation (Kopčo & Shinn-
Cunningham, 2011), and interaural cross-correlation (Larsen
et al., 2008), either systematically increasing or decreasing
with reverberation. Thus, any of these parameters might be the
ones actually extracted and adapted to instead of the DRR.

While a comprehensive understanding of the adapted cues
is still lacking, recent studies have revealed several potential
mechanisms that enable adaptation through (a) temporal
envelope processing (e.g., Srinivasan & Zahorik, 2014;
Watkins & Makin, 2007; Watkins et al., 2011; Zahorik,
2019), (b) acoustic cue reweighting (Stilp et al., 2016), and
(c) tuning to statistical regularities of the reverberation
(Traer & McDermott, 2016). In parallel, neurophysiological
studies have examined neural compensatory mechanisms
that support adaptation across different areas in the brain
(e.g., Barzelay et al., 2023; Fuglsang et al., 2017; Ivanov
et al., 2022; Slama & Delgutte, 2015). In the following,
these mechanisms are described in more detail.

Temporal Envelope Processing
Both the temporal envelope, that is, the slow variations in
narrowband amplitude over time, and the temporal fine

structure, that is, the rapid oscillations with rate near the
center frequency of the band, carry important information
for speech perception (Moore, 2008). And, while both
these characteristics can be degraded by reverberation (e.g.,
Watkins et al., 2011), converging evidence suggests that
adaptation relies primarily on information obtained from
the temporal envelope and persists even when fine-structure
cues become unavailable (Srinivasan & Zahorik, 2014;
Watkins & Makin, 2007; Watkins et al., 2011). For
example, Watkins et al. (2011) reported that a
noise-vocoded-speech carrier, which preserved the temporal
envelope but not the fine structure, induced a similar amount
of adaptation as a normal speech carrier containing both cues.
Srinivasan and Zahorik (2014) exposed listeners to two types
of chimeric stimuli: one in which the envelope was con-
volved with reverberant BRIR while the fine-structure was
convolved with an anechoic HRTF, and one with the BRIR
and HRTF reversed. The adaptation was observed only in
the reverberant envelope condition, indicating the critical
role of the temporal envelope.

What is less clear is which specific aspects of the temporal
envelope are essential for adaptation. Zahorik (2019) pro-
posed a conceptual model based on the modulation transfer
function (MTF), a measure that quantifies the preservation
of modulation depth in an enclosure and forms the basis of
the Speech Transmission Index (STI; Houtgast &
Steeneken, 1985). According to the model, adaptation is
driven via monaural and binaural processing of AM informa-
tion in a room. Estimation of the room MTF is followed by
adaptation, that is, restoration of the reverberation-induced
AM attenuations. This process is rapid, fully developed
after approximately 1 s of consistent exposure to the room,
and it might not be subject to further improvement
(Zahorik, 2019). Behavioral findings from Zahorik and col-
leagues provide support for this framework. Exposure to con-
sistent room reverberation results in improved AM detection
thresholds, while exposure to variable rooms results in AM
thresholds predicted by the room MTF (Zahorik &
Anderson, 2013; Zahorik et al., 2012). Thus, enhanced AM
sensitivity after consistent exposure counteracts the modula-
tion depth reductions caused by reverberation and improves
speech perception.

MTF-based accounts assume that the MTF can be per-
fectly extracted from the room. While this is feasible using
analytical measurement techniques, when the probing
signal is speech, it may be more difficult to accurately esti-
mate the MTF, due to interactions between the modulation
characteristics of the speech signal and those of the room
(e.g., Payton et al., 2002). A further challenge to the
MTF-based accounts is that adaptation appears to be criti-
cally sensitive to the time-direction of reverberation. For
example, when reverberation is time-reversed, preceding
the direct path energy, adaptation breaks down even though
the modulation relative to a time-forward condition is
approximately the same (MTF and STI almost identical;
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Longworth-Reed et al., 2009). These and similar results
prompted Watkins to suggest that a critical temporal enve-
lope cue is the prominence of the tails at sound offsets and
at spectral transitions in auditory filters (Watkins et al.,
2011). The importance of time-direction in auditory percep-
tual constancy phenomena has also been observed in loud-
ness judgments tasks, in which listeners perceive stimuli
with a slow attack and fast decay as being louder than tempo-
rally reversed versions of them, even though the energy is the
same in both conditions (Stecker & Hafter, 2000). The
observed perceptual suppression of the tail at the ends of
sounds likely results from auditory perceptual constancy
mechanisms interpreting it as an acoustic by-product of
reverberation and effectively disregarding it to rely on the
distal properties of the sound source (Stecker & Hafter,
2000; Watkins et al., 2011).

Nielsen and Dau (2010) argued that a forward modulation
masking mechanism, not associated with reverberation,
could explain the findings of Watkins (2005b). Specifically,
the carrier with low reverberation contains stronger modula-
tions and masks the modulations present in the highly rever-
berant target. To test this hypothesis, they repeated basic
aspects of the experiment by Watkins (2005b), introducing
more carriers, including non-reverberated modulated and
unmodulated speech-shaped noise. They showed that, rela-
tive to the two non-reverberant carriers, the modulated
noise carrier tended to produce a shifted boundary in the
“stir” responses compared to the same unmodulated carrier.
This suggests that the proposed effect relates to the modula-
tion content of the carrier, rather than its reverberation.
However, subsequent experiments challenged this account
(Beeston et al., 2014; Watkins & Raimond, 2013). For
example, while the forward modulation masking hypothesis
predicts that removing a preceding sentence would either
reduce the masking of subsequent sounds, or cause no
effect if masking was minimal, results showed the opposite
pattern: when test words with strong reverberation were pre-
ceded by a silent context, more confusions were observed
than when preceded by a carrier with matched strong rever-
beration (Beeston et al., 2014). These results suggest that at
least part of the explanation must be attributed to information
extracted from the level of reverberation of the carrier and
target words.

Acoustic Cue Reweighting
Stilp et al. (2016) have drawn on concepts and findings from
research on spectral calibration, whereby listeners perceptu-
ally suppress stable spectral cues in an acoustic environment,
and give more weight to varying, more informative cues
(e.g., Alexander & Kluender, 2010; Kiefte & Kluender,
2008). Reverberation introduces predictable spectrotemporal
alterations to speech sounds, for example, by smearing across
time spectral peaks that are useful for distinguishing a
phoneme. Stilp et al. (2016) hypothesized that in such

conditions, acoustic cue reweighting will be even stronger,
that is, there will be even stronger de-weighting of the
stable cues, and increased reliance on non-predictable cues,
compared to a condition without reverberation. To test this,
they first estimated the relative perceptual weight of the
second formant (F2) and the spectral tilt for the identification
of isolated target vowels varying from /i/ to /u/. Next, they
introduced precursor sentences filtered such that energy
was enhanced near the center frequency of the second
formant (F2) of the upcoming target vowel. As expected,
this manipulation induced perceptual re-calibration such
that listeners decreased perceptual weight for F2 and
increased the weight for spectral tilt. Importantly, when sim-
ulated reverberation was applied to the same sentences,
which spread the stable spectral energy for F2 across time,
reweighting was even stronger. Unlike temporal envelope
processing, this type of compensation does not appear to
rely on reverberation tails, or reverberation per se, as remov-
ing the tails or presenting a tone that matched the target
vowel’s F2 instead of reverberation also induced cue
reweighting. Overall, this mechanism takes an information-
processing perspective on adaptation that emphasizes the
unpredictable, information-bearing cues in the acoustic envi-
ronment (Kluender et al., 2019; Stilp, 2020).

Tuning to Statistical Regularities of the Reverberation
The studies presented so far suggest that experience within a
particular acoustic environment benefits speech perception in
that environment. However, in everyday communication lis-
teners encounter numerous acoustic spaces, with vastly dif-
ferent geometries, surface materials, and configurations.
Are there structured components to this variability that listen-
ers could leverage to separate the contributions of environ-
mental filters and sound sources? Traer and McDermott
(2016) conducted a large-scale statistical analysis of naturally
occurring BRIRs, drawing random samples from the distribu-
tion of acoustic environments in which listeners typically
spend their time. They analyzed 271 impulse responses of
these acoustic spaces, including city streets, restaurants,
parks, and offices. Their analyses showed that impulse
responses were characterized by robust statistical regulari-
ties: (a) a transition from high kurtosis, produced by sparse
early reflections, to Gaussian statistical properties within
∼50 ms of the direct sound arrival, (b) an exponential
decay of the reverberant tail, (c) frequency-dependent
decay rates, and (d) decay rates that are more frequency-
dependent in stronger reverberation. These characteristics
were qualitatively similar for both indoor and outdoor
spaces. Importantly, perceptual experiments revealed that lis-
teners relied heavily on these regularities. For example, when
the source was convolved with synthetic impulse responses
that violated the statistical constraints, for example, by exhib-
iting a linear rather than exponential decay in the reverberant
tail, listeners easily detected that what they heard was
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“unnatural”. Also, when listeners had to discriminate
between sounds, they were less able to do so when the
sources were convolved with atypical impulse responses.

These results suggest that, underlying the vast diversity in
the acoustic spaces which people encounter daily, there are
tight statistical regularities on which listeners rely.
Although this study did not explicitly address adaptation to
reverberant speech, it provides insights into how listeners
adapt to diverse acoustic spaces. For example, it shows that
a large majority of the indoor reverberant spaces have T60

below 1 s, suggesting that the reverberation adaptation mech-
anism should be preferably tuned to such T60’s to optimize
for the most common environments, consistent with the
behavioral results reviewed here. Also, being able to capital-
ize on priors means that the perceptual system does not need
to start from scratch in every new acoustic space, and that it
can adjust rapidly and flexibly in unfamiliar and novel
spaces, as long as these do not violate prior constraints.
Brief exposure to a particular room could further refine
these priors, allowing more effective speech recalibration.

Neural Mechanisms
Many studies have attempted to shed light on the neural
mechanisms that support sound localization and speech rec-
ognition in reverberation (e.g., Barzelay et al., 2023; Devore
& Delgutte, 2010; Devore et al., 2009; Ivanov et al., 2022;
Kim et al., 2015; Kuwada et al., 2014; Slama & Delgutte,
2015). Here, we briefly summarize some of the studies that
examine neural adaptation to reverberant speech.

Animal studies show advanced temporal coding of AM in
reverberation in the inferior colliculus of unanesthetized
rabbits (e.g., Kuwada et al., 2014; Slama & Delgutte,
2015). These studies show that, while reverberation degrades
the temporal coding of AM, for most neurons the amount of
degradation is less pronounced than the AM attenuation in
the stimulus (Kuwada et al., 2014; Slama & Delgutte,
2015). Further, Slama and Delgutte (2015) reported that, in
a subset of neurons, the temporal coding of AM was better
for reverberant stimuli than for anechoic stimuli with equiv-
alent modulation depth at the ear.

Recent research has centered on mechanisms that enable
reverberation-invariant neural representations at the level of
the auditory cortex (Fuglsang et al., 2017; Ivanov et al.,
2022; Mesgarani et al., 2014). Ivanov et al. (2022) found
that in anesthetized ferrets, neurons in the auditory cortex
adapt to reverberation by increasing the latency of inhibitory
components in their spectro-temporal receptive fields, consis-
tent with predictions of a normative linear dereverberation
model. Mesgarani et al. (2014) employed stimulus recon-
struction techniques to derive the spectrographic representa-
tions of stimuli from neural responses across different
conditions including anechoic, noisy, and reverberant envi-
ronments. They showed that reconstructed spectrograms
from responses of neural populations in the primary auditory

cortex of awake ferrets resembled the spectrogram of the
clean signal (devoid of noise or reverberation) more closely
than the spectrograms of noisy or reverberant signals.
A dynamic nonlinear model that combined synaptic depres-
sion and gain normalization was able to best account for
the results. It is unclear whether functionally similar mecha-
nisms are present at subcortical areas that provide input to
the cortex. A recent study that used stimulus reconstruction
techniques reported no evidence for a reverberation compen-
sation mechanism in the IC of unanesthetized rabbits
(Barzelay et al., 2023).

Finally, a study by Fuglsang et al. (2017) examined enve-
lope tracking of attended versus unattended speech streams in
human participants in complex listening situations with mul-
tiple talkers and reverberation. Results showed that envelope
tracking of the attended speech was robust to distortions
across all conditions, even in strong reverberation.
Decoding of the unattended talker, on the other hand, deteri-
orated in strong reverberation. Importantly, for the attended
talker the neural responses to highly reverberant speech
resembled the original clean signal more than the distorted
signal that was actually presented to the participants. These
results suggest that, in real-life acoustic situations with mul-
tiple talkers and reverberation, selective attention modulates
the cortical entrainment of speech envelope and might
promote the formation of reverberation-robust neural repre-
sentations of speech.

Conclusions and Directions for Future
Research
Reports on the effects of reverberation on speech intelligibil-
ity can be traced back to nearly a century ago (e.g., Knudsen,
1929), but it was only over the past two decades that
researchers have begun to elucidate how listeners adapt to
room acoustics to recalibrate speech perception. The goal
of this review was to summarize the current state of this
research. A consistent picture that emerges under a wide
range of experimental procedures, spanning diverse speech
stimuli and tasks, is that listeners rapidly and efficiently
exploit information from the preceding acoustic context to
improve speech perception in reverberation.

Various characteristics of the preceding room acoustics
can profoundly affect the buildup, or disruption, of the adap-
tation, which depends on source-listener distance and the cor-
related acoustic measure of DRR (e.g., Watkins, 2005b). It
appears to be strongest in moderately reverberant target
rooms (T60’s between 0.4 and 1 s), diminishing at larger
T60’s (Brandewie & Zahorik, 2013; Vlahou et al., 2021;
Zahorik & Brandewie, 2016; Zahorik, 2019). Less emphasis
has been given to the disruptive effects of inconsistent carri-
ers relative to the beneficial effects of consistent carriers (e.g.,
Brandewie & Zahorik, 2018; Vlahou et al., 2021).
Inconsistent carriers can significantly disrupt performance,
even below a baseline condition where the target speech is
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presented alone (Vlahou et al., 2021), but the magnitude of
the disruption can vary depending on the characteristics of
the carrier and target (Vlahou et al., 2021; Brandewie &
Zahorik, 2018). In typical everyday communication, rooms
do not change abruptly; therefore, a sudden change to a dif-
ferent simulated room represents a violation of expectations
that the perceptual system must overcome (Traer &
McDermott, 2016). The impact of inconsistent carriers
becomes particularly pertinent in AR/VR applications and
poses a challenge in delivering consistent reverberant
speech congruent with real environments (Best et al., 2020).

It is unclear whether adaptation relies on monaural or
binaural input. Watkins and colleagues have repeatedly
demonstrated robust adaptation in conditions with monau-
ral presentation of speech (e.g., Beeston et al., 2014;
Watkins, 2005a, 2005b; Watkins et al., 2011), while
Zahorik and colleagues have shown very limited benefits
without binaural presentation (Brandewie & Zahorik,
2010). The reason for this discrepancy remains unclear.
Binaural and monaural presentation is likely to activate dif-
ferent compensation mechanisms. While energetically,
monaural and binaural reverberation processing might be
similar, and studies suggest that monaural reverberation
information is sufficient, for example, for distance percep-
tion (Kopčo & Shinn-Cunningham, 2011), binaural pro-
cessing interacts with reverberation processing in a
time-dependent manner. For example, the interaural cross-
correlation decreases over time for a stimulus in reverbera-
tion (Vlahou et al., 2021), which might result in improved
ability of binaural processing to act on the initial, correlated
portions of each utterance, but less so on the later, uncorre-
lated portions. In everyday listening, listeners regularly
encounter noisy environments, with multiple talkers speak-
ing simultaneously. In such conditions, binaural input
might be necessary. More generally, reverberation is per-
ceived binaurally in all real environments. Clearly, this is
an area where more research is needed.

Several studies reviewed here have used concurrent presen-
tation of spatialized noise with the speech stimuli (Zahorik and
colleagues, see Table 1). On the one hand, this configuration
more accurately reflects everyday listening environments,
which commonly include both noise and reverberation. On
the other hand, consonant perception shows different patterns
of errors under conditions of noise, reverberation, or noise and
reverberation; for example, while word-final stop consonants
are particularly affected by reverberation, word-final fricatives
are affected more by noise (Helfer, 1994; Helfer & Huntley,
1991). Further, this configuration might have introduced addi-
tional factors, in addition to the primary task of speech recog-
nition, such as sound localization and spatial unmasking
(Beeston et al., 2014), making the interpretation of these
results challenging. For example, since the target and masker
were at different locations, the mechanisms of spatial release
from masking (SRM) are likely to have contributed to target
speech identification (Bronkhorst, 2000). And, since the

amount of SRM decreases with reverberation (Leclère et al.,
2015), SRM can differentially influence the observed effects
in different rooms in the noise-masking studies, possibly inter-
acting with any reverberation compensation mechanism
(Vlahou et al., 2021).

Adaptation to reverberation has been examined for differ-
ent speech units, from phonemes and syllables (e.g., Watkins,
2005a, 2005b) to ecologically realistic variable sentences
(e.g., Srinivasan & Zahorik, 2014). At the segmental level,
there is evidence that some of the sounds that are more
severely affected by reverberation can be improved with
prior consistent exposure (Beeston et al., 2014; Vlahou
et al., 2021). Moreover, the effect of reverberation is much
more pronounced for the final than initial consonants
within a word (Vlahou et al., 2021). The effect persists for
phonetically balanced words in closed-set corpora with
limited vocabulary size, like in the CRM, to highly heteroge-
neous material as in PRESTO and TIMIT databases
(Garofolo et al., 1993; Gilbert et al., 2013). Τhe open set
studies make it difficult to identify whether adaptation has
a more pronounced impact on specific speech units and pho-
netic features, since studies using this paradigm have focused
on words and sentences rather than individual phonemes. On
the other hand, by incorporating both diverse material and
noise, this design better mirrors real-world listening.

Adaptation to reverberation is not specific to speech per-
ception. For example, a recent study showed that, while
reverberation affects the identification of material such as
wood, metal, and glass, the effect is smaller when listeners
are exposed to consistent reverberation compared to when
the reverberation varies randomly (Koumura & Furukawa,
2017). Shinn-Cunningham (2000) also showed continuous
improvement in sound localization after continuous expo-
sure to consistent reverberation in a room. However, in
contrast to Shinn-Cunningham’s (2000) study, which
reveals a more nuanced learning process for sound localiza-
tion, research on speech perception consistently indicates a
rapid timescale. Various studies demonstrate both monau-
ral and binaural adaptation occurring in less than a
second (e.g., Brandewie & Zahorik, 2013; Beeston et al.,
2014; Vlahou et al., 2021), although in more challenging
acoustic environments characterized by stronger reverbera-
tion and spatialized noise it might require exposure three
times as long (Brandewie & Zahorik, 2013). However,
there are important differences between the tasks of
sound localization and speech perception. Primarily, local-
ization is inaccurate compared to speech perception, espe-
cially in the distance dimension considered in the
Shinn-Cunningham study. In speech perception, near-
perfect accuracy is common in everyday communication
in one’s native language, except when the environment is
noisy or otherwise challenging. Thus, there is much more
room for improvement in localization over long periods
of time, while speech perception needs to be accurate
very quickly.
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Preliminary simulations from Zahorik (2019) suggest that
MTF estimation becomes fully developed after approxi-
mately 1 s of exposure. This could potentially explain the
observed timescale of adaptation, given that estimating and
enhancing AMs in a room appears to be a critical component
of the adaptation process (Zahorik, 2019; Zahorik &
Anderson, 2013). However, this modeling has not been per-
formed on more challenging conditions like, for example,
those with strong reverberation and no masking noise of
Vlahou et al. (2021).

An important area for future research concerns how adap-
tation proceeds in situations with multiple talkers, in which
listeners’ ability to cope with reverberation is much more
affected compared to situations with just one voice
(Culling et al., 2003) and in which spatial attentional selection
of the target is often dynamic (Best et al., 2008). In such sce-
narios, reverberation disrupts intelligibility by degrading the
target speech and also by decorrelating the signal at the two
ears from the interferer, thus reducing the ability of the audi-
tory system to take advantage of spatially separated sources
(Lavandier & Culling, 2008). More insights on these topics
would be particularly informative as they relate to everyday
listening situations and slow adaptation on the time scale of
seconds has been observed in particular in the attention
studies.

Reverberation profoundly shapes the perceived ambi-
ance of a listening space, by increasing the perceived spa-
ciousness of a room, and by enhancing the subjective
realism and externalization experienced in simulated audi-
tory environments—an aspect crucial for immersive appli-
cations (Best et al., 2020; Shinn-Cunningham, 2000).
Reverberation poses challenges for individuals with
hearing impairments, and it impacts the performance of
automatic speech recognition devices (Yoshioka et al.,
2012). Further investigation is warranted to understand
how listeners benefit from consistent room exposure and
counteract the disruptive effects of inconsistent carriers
when processing speech in reverberation. Such insights
are crucial for advancing immersive AR/VR applications
and developing prosthetic devices for the hearing impaired
(Mason & Kokkinakis, 2014; Reinhart et al., 2016) as such
devices can present stimuli in an environment inconsistent
with the current listening environment.

Finally, main questions to be addressed in future research
on adaptation to reverberation for speech perception include
the following: (1) what acoustic characteristics of reverbera-
tion are used in the adaptation process and how are they esti-
mated; (2) is the adaptation room-specific (e.g., based on T60)
or distance-specific (e.g., based on DRR); (3) can a unified
theory of adaptation to reverberation be developed that
would incorporate the hypothesized mechanisms of adapta-
tion and provide predictions for the available data; (4) how
to design communication and prosthetic applications that
allow adaptation to reverberation to enhance communication
rather than disrupting it, for example, when listening to

natural speech mixed with speech delivered via a hearing
aid, a cochlear implant, or an virtual/augmented reality
device.
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