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a b s t r a c t 

The ability of hearing-impaired listeners to detect spectro-temporal modulation (STM) has been shown 

to correlate with individual listeners’ speech reception performance. However, the STM detection tests 

used in previous studies were overly challenging especially for elderly listeners with moderate-to-severe 

hearing loss. Furthermore, the speech tests considered as a reference were not optimized to yield ecolog- 

ically valid outcomes that represent real-life speech reception deficits. The present study investigated an 

STM detection measurement paradigm with individualized audibility compensation, focusing on its clin- 

ical viability and relevance as a real-life supra-threshold speech intelligibility predictor. STM thresholds 

were measured in 13 elderly hearing-impaired native Danish listeners using four previously established 

(noise-carrier based) and two novel complex-tone carrier based STM stimulus variants. Speech recep- 

tion thresholds (SRTs) were measured (i) in a realistic spatial speech-on-speech set up and (ii) using co- 

located stationary noise, both with individualized amplification. In contrast with previous related studies, 

the proposed measurement paradigm yielded robust STM thresholds for all listeners and conditions. The 

STM thresholds were positively correlated with the SRTs, whereby significant correlations were found for 

the realistic speech-test condition but not for the stationary-noise condition. Three STM stimulus variants 

(one noise-carrier based and two complex-tone based) yielded significant predictions of SRTs, accounting 

for up to 53% of the SRT variance. The results of the study could form the basis for a clinically viable 

STM test for quantifying supra-threshold speech reception deficits in aided hearing-impaired listeners. 

© 2022 The Authors. Published by Elsevier B.V. 

This is an open access article under the CC BY license ( http://creativecommons.org/licenses/by/4.0/ ) 
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. Introduction 

For almost a century, measuring pure-tone detection thresholds 

t a range of frequencies has been the most common method for 

ssessing auditory function (for a review see Jerger, 2018 ). The def- 

nition of hearing loss is still largely based on pure-tone audiome- 

ry, i.e., the audiogram, and the same holds true for the prescrip- 

ion of hearing-aid amplification. While the audiogram is undoubt- 

dly a powerful descriptor of auditory function, it does have its 

imits in the sense that there is no straightforward relationship 

etween the ability to detect soft pure tones and supra-threshold 

eficits that listeners experience when trying to make sense of au- 

ible but complex acoustic information. This concerns especially 
∗ Corresponding author at: Eriksholm Research Centre, DK-3070 Snekkersten, 

enmark. 

E-mail address: jozr@eriksholm.com (J. Zaar) . 
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peech perception in background noise, which represents a major 

hallenge that hearing-impaired (HI) and elderly listeners face (for 

 review see Lopez-Poveda, 2014 ). 

Plomp (1986) categorized the effect of hearing dysfunction on 

peech intelligibility based on two main components: audibility 

nd distortion. According to Plomp’s model, both components can 

anifest themselves in elevated speech reception thresholds (SRTs) 

n noise, meaning that listeners with either or both of these 

eficits require a higher signal-to-noise ratio (SNR) to reach a given 

peech-intelligibility level (commonly 50% correct). The audibility 

omponent in Plomp’s definition is related to fully or partially in- 

udible speech signals and can potentially be overcome by means 

f amplification. In contrast, the distortion component constitutes 

 supra-threshold deficit that exists for fully audible speech stim- 

li and thus cannot be counteracted with amplification. Several 

tudies have attempted to account for such supra-threshold as- 

ects in auditory perception using psychoacoustic tests, mainly fo- 
nder the CC BY license ( http://creativecommons.org/licenses/by/4.0/ ) 
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using on frequency resolution, loss of compression, and/or tem- 

oral processing (e.g., Strelcyk and Dau, 2009 ; Johannesen et al., 

014 ; Thorup et al., 2016 ). The implicit assumption in this con- 

ext is usually that the audiogram does not predict supra-threshold 

eficits because it is considered to be audibility-related only. How- 

ver, pure-tone sensitivity may still to some extent be related to 

ome supra-threshold deficits. For instance, recent work based on 

 data-driven classification approach using a multitude of psychoa- 

oustic tests ( Sanchez-Lopez et al., 2020 ) indicated that the audio- 

ram may be a more powerful predictor of supra-threshold hearing 

han traditionally assumed. 

It is still not fully understood which auditory deficits contribute 

o the supra-threshold speech reception deficits in HI listeners. 

owever, it may be possible to design a clinical test that reflects 

he real-life speech reception difficulty experienced by HI listen- 

rs after audibility has been restored (e.g. by means of hearing 

ids). This would have the advantage of being applicable in clin- 

cal practice as well as presumably being language independent, 

hereas direct measurements of speech reception with hearing 

ids in realistic conditions (requiring multiple loudspeakers com- 

ined with a rather complicated set up and procedure) are hardly 

linically feasible and have to be defined for and conducted in the 

istener’s first language. Such a psychoacoustic, clinical test could 

rovide a diagnostic tool for hearing-aid selection, counselling, and 

earing-aid processing prescription (e.g., regarding noise reduction 

nd speech enhancement). 

One candidate for such a test is the spectro-temporal modu- 

ation (STM) test. Chi et al. (1999) defined a stimulus consisting 

f an amplitude modulation pattern that combines both spectral 

odulations in cycles/octave (c/o) and temporal modulations in 

ertz (Hz), resulting in upward or downward moving ripples, and 

 broadband noise carrier signal that the pattern is imposed on. 

he test measures the just-detectable modulation depth required 

o distinguish a modulated from an unmodulated carrier signal, 

ith normal-hearing (NH) listeners showing a low-pass character- 

stic in relation to both the temporal and spectral modulation fre- 

uency. Chi et al. (1999) linked these STM patterns to speech per- 

eption using an auditory model employing spectro-temporal mod- 

lation filters (the spectro-temporal modulation index, see also 

lhilali et al., 2003 ), arguing that speech can be characterized in 

 physiologically plausible way using a multitude of such spectro- 

emporal modulation “basis functions”. 

Bernstein et al. (2013) measured STM detection performance in 

 NH and 12 HI listeners and compared the measured thresholds 

o the listeners’ speech intelligibility in stationary speech-shaped 

oise (SSN) measured at an SNR of 0 dB. STM thresholds were ob- 

ained for all combinations of four spectral (0.5, 1, 2, and 4 c/o) and

hree temporal (4, 12, and 32 Hz) modulation frequencies using a 

our-octave wide pink noise carrier. The test was monaurally ad- 

inistered using a 1-up/3-down tracking rule (approaching 79.4% 

orrect; see Levitt, 1971 ) in a two-alternative forced choice (2-AFC) 

aradigm. In an attempt to overcome audibility limitations in the 

I listeners, the stimuli in both the STM test and the speech test 

using IEEE sentences) were presented at high sound pressure lev- 

ls (SPLs) of 86 and 92 dB, respectively. Bernstein et al. (2013) se- 

ected the STM condition with 2 c/o and 4 Hz because it induced 

he largest performance difference between the NH and HI groups. 

hey demonstrated that the STM thresholds in this condition were 

n excellent predictor of the HI listeners’ speech intelligibility, ex- 

laining 61% of the speech intelligibility variance in the HI group 

nd thus substantially more than an audiogram-based speech intel- 

igibility prediction using the speech intelligibility index (SII; 40% 

ariance explained). 

Mehraei et al. (2014) followed up on the 

ernstein et al. (2013) study using the same listeners and test 

rocedures, but narrower, one-octave wide noise carriers with 
2 
anking noise to mask potential edge cues. The resulting STM 

hresholds were compared to SRTs obtained in stationary- as well 

s fluctuating-noise conditions (obtained from the same data set as 

sed by Bernstein et al., 2013 ). Compared to Bernstein et al. (2013) ,

ehraei et al. (2014) showed a higher predictive power of the 

udiogram-based SII (60% for SSN and 72% for modulated noise), 

resumably due to the use of SRTs instead of percent correct at a 

ingle SNR. The STM stimulus variant centered at 1 kHz with 2 c/o 

nd 4 Hz was found to be a significant predictor of SRTs beyond 

he audiogram in both noise conditions, suggesting an important 

ole of the low-frequency portion of the stimulus, albeit with a 

educed predictive power as compared to the broadband stimulus 

onsidered in Bernstein et al. (2013) . 

Bernstein et al. (2016) measured monaural STM detection 

hresholds in 154 HI listeners with mild-to-moderate hearing loss 

nd compared them with SRTs measured in SSN and four-talker 

abble using a matrix sentence test. Importantly, this study did not 

se high speech SPLs, as opposed to Bernstein et al. (2013) and 

ehraei et al. (2014) , but rather added individualized simulated 

earing-aid amplification based on the across-ear average audio- 

ram and a nominal speech level of 65 dB SPL. The STM measure- 

ent procedure was similar to that of Bernstein et al. (2013) ; how- 

ver, only one stimulus variant (with 2 c/o and 4 Hz, upward mov- 

ng) was considered and low-pass filtered at 2 kHz, motivated by 

he finding from Mehraei et al. (2014) that the low-frequency por- 

ion of the stimulus was crucial. The presentation level was 85 dB 

PL. In contrast to Bernstein et al. (2013) , 53 listeners (i.e., about 

 third) were not able to obtain a threshold in the adaptive proce- 

ure. This problem was tackled by employing a constant-stimuli 

pproach, measuring percent correct at full modulation and ex- 

rapolating the result towards physically unattainable modulation 

epths greater than 0 dB. However, the extrapolation was based 

n the assumption that these listeners exhibited the same slope of 

he underlying psychometric function as the group of all remain- 

ng listeners, which may not hold and thus result in limited pre- 

ision. Bernstein et al. (2016) reported that, after averaging SRTs 

cross various conditions, the audiogram-related predictor (high- 

requency average) explained 31% of the SRT variance and the STM 

hresholds 28%, amounting to 44% when combined. Thus, the pre- 

ictive power of the STM test was lower than in the previous stud- 

es. An additional analysis revealed that the STM test did not pro- 

ide any predictive power for a group of listeners that were older 

han 65 years and had a high-frequency hearing loss of more than 

3 dB Hearing Level (HL), for a majority of which the extrapolation 

ethod described above had been applied. 

Thus, while the STM test has been shown to predict supra- 

hreshold speech intelligibility, it is unclear whether the test is 

ully applicable in elderly HI people as it might be too challeng- 

ng overall. Furthermore, the speech tests considered in the pre- 

ious investigations used artificial masking noise types, provided 

o spatial information, were undertaken at very high SPLs, and/or 

sed closed-set matrix sentences as speech material, all of which 

trongly limit the ecological validity of the measured speech intel- 

igibility outcomes (see Keidser et al., 2020 ). 

In the present study, a modified STM test paradigm was used 

nd six different STM stimulus variants were explored with the 

im to facilitate the STM test whilst optimizing its predictive 

ower with respect to ecologically valid SRTs. The motivation be- 

ind the study was to work toward a clinically viable supra- 

hreshold test that (i) all listeners are able to complete, includ- 

ng elderly and severely HI listeners, and that (ii) reflects real-life 

peech reception difficulties. Numerous modifications were made 

o the STM measurement paradigm and four previously established 

TM stimulus variants Bernstein et al. (2013 ; 2016) were explored 

longside two novel stimulus variants that are based on complex- 

one carriers instead of noise carriers. A spatialized speech-on- 
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Fig. 1. Pure-tone thresholds obtained for the right and left ear of the 13 individual listeners (gray lines) along with mean and standard deviation across listeners (thick black 

lines). 
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peech test with open-set sentences and individualized audibility 

ompensation was designed to obtain ecologically valid SRTs rep- 

esentative of aided listening; additionally, a non-spatialized SSN 

ondition was included for comparison. All tests were conducted 

ith a group of elderly HI listeners. The resulting STM thresholds 

nd SRTs were analyzed at the group level as well as using the in-

ividual data to assess the predictive power of the STM thresholds 

ith respect to the SRTs. 

. Method 

.1. Listeners 

Thirteen HI listeners (10 male, 3 female) aged between 61 and 

2 years (mean: 72.2 years; standard deviation: 5.2 years) were re- 

ruited from the test-person database of the Hearing Systems Sec- 

ion at the Technical University of Denmark. All listeners were na- 

ive speakers of Danish. They underwent standard clinical audiom- 

try with pure-tone thresholds measured at 0.125, 0.25, 0.5, 1, 1.5, 

, 3, 4, 6, and 8 kHz. The individual and average audiograms for 

he right and left ear, respectively, are shown in the two panels 

f Fig. 1 . The listeners exhibited a range of mild to severe hearing

osses, which were largely symmetric (defined as thresholds within 

5 dB between ears for a minimum of 8 of the 10 test frequencies).

ll listeners provided informed consent and were offered finan- 

ial compensation. All experiments were approved by the Science- 

thics Committee for the Capital Region of Denmark (reference H- 

6036391). 

.2. Spectro-temporal modulation detection test 

.2.1. Stimulus design 

The STM stimulus is based on the combination of a carrier 

ignal and a modulator signal. The modulator introduces spectro- 

emporal modulation, i.e., modulation applied jointly along the 

log) frequency axis and the time axis, resulting in a ripple pat- 

ern that moves upward or downward over time. The modulator M

s mathematically defined as (see also Chi et al., 1999 ): 

 ( x, t ) = m · sin ( 2 π · [ f temp · t + f spec · x ] + ϕ ) (1) 

here x = log 2 ( f/ f 0 ) is the position along the logarithmic fre- 

uency axis defined relative to the lower boundary frequency f 0 
f the spectrum, t represents time, m stands for the modulation 
3 
epth ( m = 0 : unmodulated; m = 1 : fully modulated), f temp de-

otes the temporal modulation frequency in Hz, f spec denotes the 

pectral modulation frequency in c/o, and ϕ represents the starting 

hase (in radians). The moving direction of the ripples is upward if 

f temp is negative and downward if f temp is positive. The full stimu- 

us S( x, t ) is generated by multiplying the carrier C( x, t ) , defined in

he same time-frequency space as the modulator, with the modu- 

ator M( x, t ) according to: 

 ( x, t ) = C ( x, t ) · ( 1 + M ( x, t ) ) (2) 

Summation across the logarithmic frequencies x yields the stim- 

lus time signal s (t) . 

The present study considered six different STM stimulus vari- 

nts that differ both in the carrier and the modulator. The details 

re described below; an overview of the physical characteristics 

nd parameters is provided in Table 1 . An auditory-inspired time- 

requency representation of the stimulus variants, obtained using a 

ammatone filterbank and Hilbert envelope extraction, is provided 

n Fig. 2 . 

Three of the variants were related to Bernstein et al. (2013) and 

hus based on a 4-octave wide noise carrier with a bandwidth be- 

ween 354 Hz and 5656 Hz, generated using 40 0 0 random-phase 

inusoidal components with equidistant spacing along the logarith- 

ic frequency axis x (resulting in a “pink” spectrum). This carrier 

as combined with three different modulators for the three stim- 

lus variants (termed Noisy 1c/o , Noisy 2c/o , and Noisy 4c/o , see also 

able 1 and top panels of Fig. 2 ), defined by spectral modulation 

requencies f spec of 1, 2, and 4 c/o and a temporal modulation fre- 

uency f temp of 4 Hz, with upward-moving ripples. The upward 

oving direction was chosen to facilitate STM detection, as it has 

een reported to yield somewhat lower thresholds than the down- 

ard direction (e.g., Chi et al., 1999 ). 

In addition, the stimulus considered by Bernstein et al. 

2016) was generated by band-limiting the above-mentioned noise 

arrier to the frequency band between 354 and 20 0 0 Hz (result- 

ng in 2499 components and 2.5 octaves) and combining it with a 

odulator with f spec of 2 c/o and f temp of 4 Hz (upward-moving 

ipples; Noisy-LP 2c/o , see also Table 1 and bottom-left panel of 

ig. 2 ). 

Lastly, two novel STM stimulus variants were generated based 

n a 4-octave wide 100-Hz complex-tone carrier within the fre- 

uency band between 354 Hz and 5654 Hz using 54 random-phase 

inusoidal components with equidistant (100-Hz) spacing along 
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Table 1 

The six different STM stimulus variants considered in the present study. Their names are shown in the top row; the 

remaining rows indicate the properties of the stimulus variants. The moving direction was upward in all cases. 

Noisy 1c/o Noisy 2c/o Noisy 4c/o Noisy-LP 2c/o Tonal 1c/o Tonal 2c/o 

Carrier Noise Noise Noise Noise 100-Hz Tone 100-Hz Tone 

Modulator 1 c/o; 4 Hz 2 c/o; 4 Hz 4 c/o; 4 Hz 2 c/o; 4 Hz 1 c/o; 4 Hz 2 c/o; 4 Hz 

Frq. range 354–5656 Hz 354–5656 Hz 354–5656 Hz 354–2000 Hz 354–5654 Hz 354–5654 Hz 

Fig. 2. Auditory spectrograms of STM stimulus variants considered in the present study. Top left to right: 4-octave wide random noise carriers modulated with 4 Hz and 1, 2, 

and 4 c/o. Bottom left: band-limited random noise carrier modulated with 4 Hz and 2 c/o. Bottom middle and right: 4-octave wide 100-Hz complex tone carrier modulated 

with 4 Hz and 1 c/o (middle) and 2 c/o (right). The moving direction of the ripples was upward for all variants. 
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he linear frequency axis. The power of the sinusoidal components 

as weighted by 1 / f to obtain a pink spectrum comparable to 

he noise-carrier spectra described above. This carrier was com- 

ined with two modulators for the two stimulus variants (termed 

onal 1c/o and Tonal 2c/o , see also Table 1 and bottom middle and 

ottom left panels of Fig. 2 ), defined by spectral modulation fre- 

uencies f spec of 1 and 2 c/o and a temporal modulation frequency 

f temp of 4 Hz (upward-moving ripples). These novel stimulus vari- 

nts were designed to be closely related to actual speech signals 

in an abstract fashion) not only in terms of the modulation pat- 

erns (cf. Chi et al., 1999 ; Elhilali et al., 2003 ) but also regarding

he carrier signal, which is mostly periodic in natural speech (de- 

pite the presence of turbulent consonant sounds) with an average 

undamental frequency roughly between 100 and 200 Hz. Another 

otivation for using the complex-tone carrier was to avoid the in- 

rinsic low-frequency temporal fluctuations contained in the noise 

arrier, which potentially mask the imposed 4-Hz modulation (cf. 

au et al., 1999 ), as the complex-tone carrier shows no fluctuations 

elow 100 Hz. 
4

.2.2. Adaptation of measurement paradigm 

The overall measurement paradigm was designed with the aim 

o facilitate the adaptive STM threshold measurement such that 

ven the poorest-performing listeners would be able to complete 

he task and obtain a threshold. This section describes the crucial 

odifications of the paradigm as compared to previous studies and 

he rationales behind them. 

While all referenced studies measured STM detection monau- 

ally, i.e., separately for the two ears, the STM test in the current 

tudy was administered binaurally. The idea behind this was to 

easure the entire system in “one shot” to obtain a performance 

evel that is representative of speech comprehension in real life, 

here both ears are also used jointly. This means that listeners 

ere able to use their better ear and/or make use of binaural sum- 

ation, both of which should theoretically facilitate the STM de- 

ection task. 

Whereas Bernstein et al. (2013) , Mehraei et al. (2014) , and 

ernstein et al. (2016) presented the stimuli at fixed high pre- 

entation levels to all listeners, individualized linear amplification 
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as provided here to ensure audibility irrespective of the hearing 

oss whilst avoiding unnecessarily high levels that may deterio- 

ate performance ( Magits et al., 2019 ) or lead to discomfort. The 

mplification was based on a “sufficiently audible” approach (cf. 

umes, 2007 ) that ensures a minimum of 15 dB sensation level 

SL) in each 3rd-octave frequency band. 

Bernstein et al. (2013) , Mehraei et al. (2014) , and 

ernstein et al. (2016) used a 2-AFC procedure combined with a 

-up/3-down rule, tracking the 79.4% point on the psychometric 

unction ( Levitt, 1971 ). In contrast, a 3-AFC procedure was applied 

n the present study combined with a 1-up/2-down rule, tracking 

he 70.7% point on the psychometric function. This choice has two 

ain implications. Firstly, 3-AFC allows to listen for the interval 

hat is different from the other two, whereas 2-AFC requires an 

nternal “template” of the imposed modulation (as opposed to the 

ntrinsic fluctuations of a noise carrier), which may lead to confu- 

ion and thus worse performance. Secondly, the 1-up/2-down rule 

racks a lower percent-correct point on the underlying psychomet- 

ic function than the 1-up/3-down rule and the resulting threshold 

ill thus be lower for a given performance level. Both of these 

spects are expected to facilitate the threshold measurement. 

Bernstein et al. (2013) , Mehraei et al. (2014) , and 

ernstein et al. (2016) presented the individual intervals at 

resentation levels that were roved (i.e., randomized) by ±2.5 dB 

round the nominal presentation level. 1 This was done in order to 

educe the effectiveness of a potential loudness cue. In the present 

tudy, no level roving was applied because the probability of a 

oudness cue playing a role in these stimuli (presented at the same 

evel) was considered to be very low, whereas it was expected 

hat the level roving may confuse listeners and thus make the task 

ore difficult. Furthermore, different listeners may be confused to 

ifferent degrees by the level roving depending on their cognitive 

bilities, which could provide an additional unwanted source of 

ariability to the measured thresholds. 

Finally, whereas Bernstein et al. (2013) , Mehraei et al. (2014) , 

nd Bernstein et al. (2016) chose an interval duration of 500 ms, 

n interval duration of 1 s was chosen here in order to provide a 

onger observation time window to facilitate STM detection. 

.2.3. Procedure and apparatus 

The STM test was administered using the AFC software pack- 

ge (version 1.40, Ewert, 2013 ) for psychoacoustic testing, run- 

ing under Matlab on a Windows-based PC. STM thresholds were 

daptively measured using a 3-AFC procedure with a 1-up/2-down 

racking rule. The tracking variable was defined as the modulation 

epth m in dB full scale (FS), i.e., L m 

= 20 · log 10 (m ) . In each trial,

hree intervals were played in random order. Two intervals con- 

ained the carrier only and one interval contained the modulated 

arrier. The starting phases of the carrier components were drawn 

rom a uniform distribution in the interval [ −π, π ] for each trial 

ut identical (“frozen”) across the three intervals within a given 

rial, such that the only physical difference across intervals in any 

iven trial was the imposed modulation. The starting phase ϕ (see 

q. (1) ) of the STM profile was also drawn from a uniform dis- 

ribution in the interval [ −π, π ] for each trial. Each interval had 

 duration of 1 s with 50-ms fade in/out raised-cosine ramps. The 

nter-stimulus interval (pause between intervals) was 0.5 s. The ini- 

ial value of the tracking variable was 0 dB FS, i.e., fully modulated; 

ccording to the 1-up/2-down tracking rule, L m 

was increased af- 

er an incorrect response, unchanged after a correct response, and 

educed after two successive correct responses. In case of an in- 

orrect response at 0 dB FS the tracking variable remained at 0 dB 
1 Bernstein et al. (2016) did not mention the level roving in their article but did 

pply it, as indicated by a copy of the experimental code provided by the first au- 

hor of the study. 

s

t

t

b

5 
S; after 3 consecutive incorrect responses at 0 dB FS, the run was 

borted. The initial step size was 4 dB, which was reduced to 2 dB 

fter the first upper reversal and further reduced to 1 dB after the 

econd upper reversal. Once the 1-dB step size was reached, the 

rocedure continued until 8 (4 lower and 4 upper) reversals were 

eached, at which point it terminated. The resulting threshold was 

efined as the mean across the tracking-variable values at the last 

 reversals. 

The listeners were seated in a sound-attenuating booth in front 

f a computer screen and bilaterally presented with the stimuli 

sing Sennheiser (Wedemark, Germany) HDA200 headphones. The 

timuli were played at a sampling rate of 48 kHz and a resolution 

f 16 bits, D/A converted through an RME (Haimhausen, Germany) 

ireface UCX, and amplified through an SPL (Niederkrüchten, Ger- 

any) Phonitor mini stereo headphone amplifier. The frequency 

esponse of the headphone amplifier and the headphones was 

qualized based on a Brüel&Kjær (Nærum, Denmark) head and 

orso simulator (HATS) measurement. The stimuli were presented 

t a nominal broadband level of 65 dB SPL at the center-of-head 

osition in a virtual free field, simulated by applying the diffuse- 

eld-to-eardrum transformation from Moore et al. (2008) , which 

ields a broadband level of 69.8 dB SPL at the eardrum. Linear am- 

lification was applied where applicable to compensate for the in- 

ividual hearing loss, such that listeners received a minimum of 

5 dB SL in each 3rd-octave frequency band within the stimulus 

requency range (cf. Humes, 2007 ). The amplification filter was ob- 

ained via comparison between the 3rd-octave band stimulus lev- 

ls and an interpolated version of the across-ear average audio- 

ram added to the minimum audible pressure (MAP) levels for NH 

 Moore et al., 2008 ). The listeners provided their responses using a 

ouch screen, a computer keyboard, or a computer mouse, accord- 

ng to their preference. They received visual feedback after each 

esponse (correct/incorrect). At the beginning of a test session, a 

hort training run was provided by means of a simple temporal 

mplitude-modulation detection task (using broadband noise with 

 4-Hz sinusoidal temporal modulation) to familiarize the listen- 

rs with the procedure. For each stimulus variant, three adaptive 

easurements were conducted and the mean of the resulting three 

hresholds was considered as the final result. 

.3. Speech test 

.3.1. Spatial set up, stimuli, and conditions 

The experiment took place in a quiet room designed in ac- 

ordance with IEC 268-13 (1985) . The room was middle-sized 

7.52 ×4.74 ×2.76 m) and had a reverberation time T 30 of about 

.5 s, corresponding to a typical living-room environment. Five Dy- 

audio (Skanderborg, Denmark) BM6 loudspeakers were positioned 

long a circle with a diameter of 2.5 m at azimuth angles of 0 ̊,

100 ̊, and ±155 ̊ (see Fig. 3 ). The listeners were seated in a chair

quipped with a headrest such that their viewing direction was 0 ̊

zimuth, their center of head was in the center of the loudspeaker 

rrangement and their ears were at the same height as the loud- 

peakers. 

Speech intelligibility was measured based on the Danish Hear- 

ng in Noise Test (HINT, Nielsen and Dau, 2011 ). The target speech 

onsisted of 5-word meaningful, grammatically correct Danish sen- 

ences uttered by a male speaker. Ten balanced lists of 20 sen- 

ences each and 3 lists of 20 training sentences are available in the 

anish HINT corpus. The maskers consisted of (i) an SSN that had 

he same long-term spectral characteristics as the target speech 

nd (ii) recordings of running speech spoken by four different male 

peakers that were also filtered to have the same long-term spec- 

rum as the target. Two acoustical conditions were considered, 

ermed multi-talker babble (MTB) separated and SSN co-located. In 

oth conditions, the target speech sentences were presented from 
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Fig. 3. Sketch of speech test set up. T refers to the target speech. M refers to the 

masker signals, where the green-colored M 1 - M 4 show the positions of maskers in 

the multi-talker babble (MTB) separated condition and the blue-colored M relates 

to the masker position in the SSN co-located condition. 
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he viewing direction (0 ̊ azimuth, see black “T” in Fig. 3 ). In the 

TB separated condition, the four running speech interferers were 

eparately mixed with uncorrelated low-level SSN ( −6 dB relative 

o the running speech interferers’ long-term level) and presented 

rom −100 ̊, −155 ̊, 155 ̊, and 100 ̊, respectively (see green-colored 

M 1 ”- “M 4 ” in Fig. 3 ). In the SSN co-located condition, the SSN 

as played from the same loudspeaker as the target speech (0 ̊

zimuth; see blue-colored “M” in Fig. 3 ). 

.3.2. Procedure and apparatus 

The listeners were seated on the chair in the center of the 

oudspeaker arrangement and instructed to use the headrest to 

aintain a static head position. They were asked to verbally 

epeat the target-sentence words they had understood into a mi- 

rophone placed in front of them, slightly below the head. The re- 

ponses were manually scored by an audiologist (the second au- 

hor) who is a native speaker of Danish. The speech test was 

un using a dedicated software under Matlab (Mathworks, Nat- 

ck, Massachusetts, USA) on a PC. All sound was delivered by an 

ME Fireface UCX soundcard at a sampling rate of 48 kHz and a 

esolution of 16 bits. The speech-test stimuli were amplified us- 

ng customized Bang & Olufsen (Struer, Denmark) amplifiers and 

he talkback microphone was routed to the soundcard’s headphone 

utput such that the audiologist could listen to the responses on 

ennheiser HDA200 headphones. The target speech was presented 

t a nominal level of 70 dB SPL (C-weighted) relative to the center- 

f-head position, whereas the masker levels were adapted to mod- 

fy the SNR. SRTs at the 50%-sentences-correct level were tracked 

y adjusting the SNR according to sentence correct scoring (see 

ielsen and Dau, 2011 ), where the first sentence was presented 

t a low SNR and repeated in increasing SNR steps of 4 dB until 

t was correctly identified (all five words). For sentences 2–4, the 

NR was increased/decreased by 4 dB after an incorrect/correct re- 

ponse, respectively. Then, an average across the SNRs used in the 

revious 4 presentations was made and the SNR was adjusted from 

here in steps of 2 dB. 

In analogy to the approach used in the STM test, linear amplifi- 

ation was applied where applicable to compensate for the individ- 

al hearing loss. The amplification filter was obtained via compar- 

son between the 3rd-octave band long-term target speech levels 
6 
nd an interpolated version of the across-ear average audiogram 

dded to the NH minimum audible field (MAF) levels ( Moore et al., 

008 ) to guarantee a minimum SL. This minimum target speech 

evel was set at 15 dB SL in each 3rd-octave band centered at fre- 

uencies between 0.125 and 3 kHz. Due to the reduction in speech 

nergy towards higher frequencies, and to protect the tweeters of 

he loudspeakers, this rule was relaxed in the high-frequency re- 

ion (4 kHz: 12 dB SL; 6 kHz: 8 dB SL; 8 kHz: 4 dB SL). Further-

ore, the maximum playback level from the individual loudspeak- 

rs was limited to 78 dB SPL in any 3rd-octave band to protect the 

oudspeakers. However, the weighted average gain deficit (band- 

mportance weighted according to Pavlovic, 1987 , Table II, right- 

ost column) was only 1.64 dB for the most affected listener and 

nly 0.54 dB on average across all listeners. 

A first training run was conducted with 20 sentences (one 

raining list) in the MTB separated condition, starting at a SNR of 

 dB. Then, a second training run was conducted in the MTB sep- 

rated condition, this time using 40 sentences (two training lists) 

nd starting at an SNR 6 dB below the SRT measured in the first 

raining run. Next, the MTB separated SRT measurement was con- 

ucted, using 40 sentences (HINT lists 7/8 or 9/10, balanced across 

isteners) and starting at an SNR 6 dB below the SRT measured 

n the second training run. Lastly, the SSN co-located SRT mea- 

urement was conducted, using 40 sentences (HINT lists 9/10 or 

/8, balanced across listeners) and starting at an SNR of −6 dB. 

he order of conditions was not counterbalanced (i) because the 

TB separated condition represented the main speech-test condi- 

ion, whereas the SSN co-located condition was tested mainly as 

 reference and (ii) to avoid an interaction between subjects and 

ffects of presentation order (e.g. fatigue, training), which was un- 

esirable for the correlation analyses considered in this study. 

.3.3. Data post-processing 

In the standard HINT procedure ( Nielsen and Dau, 2011 ), the 

RT is defined as the average across the last 17 SNRs presented. Al- 

ernatively, all the measured data can be exploited to increase the 

recision of the SRT estimate, (i) using responses obtained with 

ll 40 considered sentences and (ii) considering these responses at 

he words-correct level (0, 20, 40, 60, 80, or 100%) instead of the 

oarser sentence-correct level (correct/incorrect). To this end, SRTs 

ere estimated using a maximum likelihood approach following 

he method suggested by Rønne et al. (2017) . First, the midpoints 

f the psychometric functions for each listener and condition were 

stimated based on the percentages of words correct obtained for 

ll sentences. To ensure the robustness of the SRT estimate, a fixed 

lope was assumed for these functions, which was the median 

lope across HI listeners from Rønne et al. (2017) . As suggested by 

ønne et al. (2017) , the 77% point on the resulting words-correct 

sychometric function was used for the final SRT estimate as it, on 

verage, corresponds to the 50% sentence-correct SRT. 

.4. Experimental design 

The experiment was structured in three separate sessions of 

aximally 2 h each. In the first session, listeners were briefed 

n the different parts of the experiment and signed a consent 

orm. An otoscopy was conducted and listeners with more than 

wo-thirds occlusion due to earwax were re-scheduled and asked 

o see their doctor for ear cleaning. After passing the otoscopy 

heck, an audiogram was measured using an Interacoustics (Mid- 

elfart, Denmark) AC40 clinical audiometer, unless a recent audio- 

ram (maximally 1 year old) was available. After a short break, 

he speech test was run. Finally, listeners were introduced to the 

TM test, receiving instructions and trying first a simple tempo- 

al amplitude-modulation detection task (4 Hz) and then one run 
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Fig. 4. STM thresholds for the considered stimulus variants. The black lines depict the group mean, the shaded areas represent ±1 standard deviation around the mean, 

and the gray dots show the individual results (with a slight horizontal offset for better visibility). The black horizontal lines in the top part indicate significant differences 

according to a one-way ANOVA with a Tukey-Kramer post-hoc test (with ∗: p < 0.05, ∗∗: p < 0.01, and ∗∗∗: p < 0.001). 
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ith the Noisy 1c/o STM stimulus variant. The second and third ses- 

ions each consisted of an initial otoscopy to check for ear wax, 

ollowed by a quick procedural training run using a 4-Hz temporal 

mplitude modulation detection task to reorientate listeners with 

he procedure using an easy task. Then, three blocks of three adap- 

ive STM threshold runs were conducted, each block with a given 

TM stimulus variant. The order of STM conditions was random- 

zed. Listeners were required to take short breaks in between the 

xperimental blocks. 

. Results and analysis 

.1. Spectro-temporal modulation detection 

Fig. 4 shows the STM thresholds obtained with the six con- 

idered stimulus variants in terms of group averages (black lines), 

tandard deviations (gray shaded areas), and individual thresholds 

gray dots). Importantly, all listeners were able to complete each 

ask, i.e., each individual adaptive STM track converged to a thresh- 

ld. The first three thresholds on the left of Fig. 4 show the results

btained for the three STM variants with a broadband noise carrier 

nd a spectral modulation frequency of 1, 2, and 4 c/o (Noisy 1c/o , 

oisy 2c/o , Noisy 4c/o , also considered by Bernstein et al., 2013 ), re- 

pectively. Next, the thresholds obtained with the low-pass filtered 

oise carrier variant with 2 c/o (Noisy-LP 2c/o , also considered by 

ernstein et al., 2016 ) are shown. The two rightmost thresholds 

epresent the conditions with a broadband 100-Hz complex tone 

arrier and a spectral modulation frequency of 1 and 2 c/o, respec- 

ively. 

A one-way ANOVA (normally distributed residuals verified) 

howed a significant effect of stimulus variant [F(5,72) = 24.09, 

 < 10 −10 ] and a Tukey-Kramer post-hoc test revealed that 9 out of 

5 possible pairwise comparisons were significant, with 7 of them 

eing highly significant ( p < 0.001, see also Fig. 4 ). Broadly speak-

ng, Fig. 4 indicates that the thresholds increased with increas- 

ng spectral modulation frequency, although it should be noted 

hat the post-hoc test did not show significant differences between 

oisy 1c/o and Noisy 2c/o , Noisy 1c/o and Tonal 2c/o , or Tonal 1c/o and 

onal 2c/o , indicating that the clearest threshold increase was in- 

uced by the spectral modulation frequency of 4 c/o (Noisy 4c/o ). 

urthermore, the type of carrier seemed to have an influence as 
7 
he thresholds were overall lower for the tonal carrier (two right- 

ost conditions shown in Fig. 4 ) than for the noise carriers (re- 

aining conditions). However, no significant post-hoc comparisons 

ere obtained between stimulus variants with similar spectral 

odulation frequency but different carriers, except between Noisy- 

P 2c/o and Tonal 2c/o , where both the type (noise vs. complex tone) 

nd the bandwidth (354–20 0 0 Hz vs. 354–5654 Hz) of the carriers 

iffered. Nonetheless, an alternative analysis on an unbiased sub- 

et of the data (omitting the “odd” stimulus variants Noisy-LP 2c/o 

nd Noisy 4c/o ) by means of a two-way ANOVA with the factors 

arrier type (noise or complex tone) and spectral modulation fre- 

uency (1 c/o or 2 c/o) indicated significant effects of both car- 

ier type [F(1,48) = 17.87, p = 0.0 0 01] and spectral modulation fre- 

uency [F(1,48) = 8.66, p = 0.0054], but no significant interaction 

etween the effects [F(1,48) = 0.02, p = 0.8964]. 

All variants induced comparable across-listener standard devi- 

tions of about 3–4 dB, with the notable exception of Noisy 1c/o 

leftmost bar in Fig. 4 ), which induced a substantially smaller stan- 

ard deviation of 1.4 dB. An F-test indeed revealed that the across- 

istener variance measured in the Noisy 1c/o condition was signifi- 

antly smaller at the p = 0.01 level than the second smallest vari- 

nce (measured in the Noisy 2c/o condition), whereas the across- 

istener variances measured in the remaining five conditions were 

ot significantly different from each other at the p = 0.05 level. 

.2. Speech intelligibility 

Fig. 5 shows the SRTs measured in the speech test. The left 

anel depicts individual SRTs (gray dots) as well as group averages 

black lines) and standard deviations (gray shaded areas) for the 

wo considered conditions. It can be observed that the MTB sepa- 

ated condition yielded, on average, higher SRTs (0.9 dB) than the 

SN co-located condition ( −0.5 dB). A one-way ANOVA (normally 

istributed residuals verified) revealed that this difference was sig- 

ificant [F(1,24) = 5.61, p = 0.0263]. The standard deviation across 

isteners almost doubled in the MTB separated condition (1.9 dB) 

s compared to the SSN co-located condition (1 dB). An F-test re- 

ealed that the across-listener variances were significantly differ- 

nt from each other at the p = 0.05 level. 

The right panel of Fig. 5 shows a scatter plot of the individual 

RTs, i.e., the MTB separated SRTs measured for the individual lis- 
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Fig. 5. Speech test results. Left panel: SRTs measured in the MTB separated and SSN co-located conditions. The black lines depict the group mean, the shaded areas represent 

±1 standard deviation around the mean, and the gray dots show the individual results (with a slight horizontal offset for better visibility). The black horizontal line in the 

top part indicates a significant difference ( p < 0.05) according to a one-way ANOVA. Right panel: individual SRTs measured in the MTB separated condition versus the SRTs 

measured in the SSN co-located condition (gray dots). The solid gray line indicates equivalence between the two conditions; the dashed line represents a regression line fit 

to the data, shown along with the corresponding R 2 ( p < 0.001) and slope estimates. 

t

I

s

t

h

n

A

a

s

a

e

1

3

S

t

t

4

F

s

f

s

m

s

w

r

t

b

w

i

s

r  

s

h

w

o

Fig. 6. Pearson’s correlation coefficient between different potential predictors (six 

STM test variants and 4-PTA, from left to right) and SRTs measured in MTB sep- 

arated (black bars) as well as SSN co-located conditions (gray bars). The p-values 

resulting from a test assessing positive correlation are shown in the correspond- 

ing bars. Significant correlations are indicated with ∗ (p HB < 0.05 after correction for 

multiple comparisons). 
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eners versus the corresponding SSN co-located SRTs (gray dots). 

t can be seen that the SRTs obtained in the two conditions were 

trongly correlated (R 

2 = 0.705, p = 0.0 0 03). However, the correla- 

ion appeared to be strongly driven by the four listeners with the 

ighest SRTs, whereas the remaining nine listeners showed almost 

o correlation between the two conditions (R 

2 = 0.098, p = 0.413). 

 linear regression line fit considering all data points demonstrates 

gain that the SRT value range was strongly expanded in the MTB 

eparated condition as compared to the SSN co-located condition, 

s evidenced by the dashed regression line (slope of 1.59 dB/dB), 

specially in comparison with the solid identity line (slope of 

 dB/dB). 

.3. Correlation analysis 

To investigate to what extent the performance in the different 

TM tests was related to speech-reception performance, a correla- 

ion analysis was conducted. In addition to the six STM variants, 

he 4-PTA (average across pure-tone thresholds at 0.5, 1, 2, and 

 kHz) was considered as a pure-tone audiometry-based predictor. 

ig. 6 shows the Pearson’s correlation coefficients between the re- 

ulting seven potential predictors (from left to right) and the SRTs 

or MTB separated (black bars) and SSN co-located (gray bars), re- 

pectively. All predictors were positively correlated with the SRTs 

easured in both conditions. However, the correlations were con- 

istently higher for the MTB separated condition, which is in line 

ith the larger across-listener SRT variability in the MTB sepa- 

ated condition demonstrated in Fig. 5 . Furthermore, the correla- 

ions differed substantially across the different predictors, with the 

y far lowest values observed for Noisy1 c/o (leftmost bars in Fig. 6 ), 

hich is in line with the small across-listener variability shown 

n leftmost bar in Fig. 4 . The highest correlations 2 for the two 

peech test conditions were observed for Tonal 2c/o vs. MTB sepa- 

ated ( r = 0.73) and Noisy-LP 2c/o vs. SSN co-located ( r = 0.59). De-

pite the applied audibility compensation, the 4-PTA also yielded 

igh correlations with the SRTs (0.67 for MTB separated and 0.55 
2 Note that the present study does not have the statistical power to determine 

hether these correlation coefficients were significantly different from the other 

bserved correlation coefficients. 

S

t

T

t

d

8 
or SSN co-located). A significance test with a Holm-Bonferroni 

orrection for multiple comparisons revealed that the predictors 

oisy-LP 2c/o , Tonal 1c/o , Tonal 2c/o , and 4-PTA showed a significant 

ositive correlation with the SRTs obtained in the MTB separated 

ondition ( p < 0.05, see asterisks in Fig 6 ). In contrast, none of the

orrelations between any of the predictors and the SSN co-located 

RTs was significant, with many being just above the p HB = 0.05 

imit (after the Holm-Bonferroni correction). 

Fig. 7 shows the relationships between the significant predictor- 

utcome pairs by means of scatter plots. Thus, MTB separated 

RTs are shown as a function of STM thresholds measured with 

he Noisy-LP 2c/o (top left panel), Tonal 1c/o (top right panel), and 

onal 2c/o (bottom left panel) stimulus variants, as well as in rela- 

ion to the 4-PTA (bottom right panel). The individual data (black 

ots) are shown along with linear regression line fits (dashed lines) 
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Fig. 7. Scatter plots showing the significant relationships identified in the analysis documented in Fig. 6 , i.e., MTB separated SRTs as a function of predictors Noisy-LP 2c/o 

(top left), Tonal 1c/o (top right), Tonal 2c/o (bottom left), and 4-PTA (bottom right). The data points are represented as black dots, the dashed lines show linear regression fits, 

and the corresponding R 2 values are shown in the top left corners of the scatter plots. 
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nd the corresponding R 

2 values (top left corners of the individual 

anels). 

.4. Multi-variate linear regression analysis 

A multi-variate linear regression analysis was conducted to in- 

estigate the (relative) predictive power of the STM thresholds and 

he 4-PTA measure. Three different models with two predictors 

ere generated, all having MTB separated SRTs as the outcome 

ariable and 4-PTA as one of the predictors. The other predictor 

as the STM threshold measured with the Noisy-LP 2c/o , Tonal 1c/o , 

r Tonal 2c/o STM variant, respectively. For reference, three differ- 

nt models were generated in the same fashion to predict the 

SN co-located SRTs. Fig. 8 shows the results of the models in 

erms of percentage SRT variance explained (effectively R 

2 multi- 

lied by 100%) for MTB separated (left panel) and SSN co-located 

right panel). In both panels, the dark gray bottom portions of the 

hree bars represent SRT variance explained by the 4-PTA predic- 
9 
or alone, whereas the light gray top portions of the bars reflect 

he effect of adding the respective STM predictor to the model. 

As can be seen in Fig. 8 , the three models with 4-PTA and

oisy-LP 2c/o , Tonal 1c/o , or Tonal 2c/o as predictors accounted for 55%, 

9%, and 61% of the MTB separated SRT variance (left panel) and 

or 41%, 35%, and 35% of the SSN co-located SRT variance (right 

anel), respectively. The 4-PTA alone accounted for 44% of the 

TB separated SRT variance and for 31% of the SSN co-located 

RT variance (dark gray portions of the bars in Fig. 8 ). The two-

redictor models thus explained a somewhat (but not significantly) 

arger percentage of the variance than the 4-PTA. The differences 

mounted to 11%, 14%, and 17% for Noisy-LP 2c/o , Tonal 1c/o , and 

onal 2c/o , respectively, in the case of the MTB separated SRTs (light 

ray portions of the bars in the left panel of Fig. 8 ) and to 10%,

%, and 5% in the case of the SSN co-located SRTs (light gray por- 

ions of the bars in the right panel of Fig. 8 ). The STM predic-

ors alone accounted for 44% (Noisy-LP 2c/o ), 47% (Tonal 1c/o ), and 

3% (Tonal 2c/o ) of the MTB separated SRT variance (not shown 
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Fig. 8. Results of multi-variate linear regression analyses in terms of explained percentage of SRT variance for MTB separated condition (left panel) and SSN co-located 

condition (right panel). Both panels show the results obtained with three two-predictor models, each based on 4-PTA and one of the three selected STM predictors (see 

abscissa). The asterisks indicate the whole-model significance after Holm-Bonferroni correction for multiple comparisons (p HB < 0.05). Dark gray portions reflect the % variance 

explained by 4-PTA alone; the light gray portions show the additional % variance explained when adding the respective STM predictor. 
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ere; cf. Fig. 7 ) and for 34% (Noisy-LP 2c/o ), 24% (Tonal 1c/o ), and 26%

Tonal 2c/o ) of the SSN co-located SRT variance (not shown here). 

While all three models yielded significant predictions of the 

TB separated SRTs ( p HB < 0.05 after Holm-Bonferroni correction 

or multiple comparisons), none of the individual predictors con- 

ributed a significant portion of variance explained in any of the 

hree two-predictor models, indicating some level of collinear- 

ty between 4-PTA and each of the Noisy-LP 2c/o , Tonal 1c/o , and 

onal 2c/o STM measures. In the case of the SSN co-located SRTs, 

one of the three models yielded significant predictions. 

. Discussion 

.1. Summary of main findings 

The data obtained in the present study were analyzed with re- 

ard to (i) whether all listeners were able to complete the task, (ii) 

hether the STM thresholds were predictive of ecologically valid 

RTs, and (iii) which STM stimulus variants were predictive of the 

RTs. First, the proposed STM test paradigm did not result in any 

isteners having problems completing any adaptive threshold mea- 

urement (thus solving the problems observed by Bernstein et al., 

016 ), i.e., thresholds could be obtained for each adaptive track, 

ven for the most challenging stimulus variant with a spectral 

odulation frequency of 4 c/o. Second, all considered STM variants 

ielded thresholds that were positively correlated with SRTs mea- 

ured in the MTB separated condition (see Fig. 6 ), three of them 

ignificantly so. 3 This suggests that the previously reported predic- 

ive power of STM thresholds with respect to SRTs ( Bernstein et al., 

013 ; Mehraei et al., 2014 ; Bernstein et al., 2016 ) generalizes to
3 Note that the predictive power of the STM thresholds beyond the audiogram 

eported previously could not be statistically proven here given the limited sample 

ize. 

w

t

o

a

m

10 
ore realistic speech conditions. In fact, the STM thresholds ap- 

eared to be more strongly correlated 

2 with the more ecologi- 

ally valid SRTs measured in the MTB separated condition than 

ith those measured in the more artificial SSN co-located condi- 

ion. Third, three STM stimulus variants were identified as signif- 

cant predictors of the MTB separated SRTs, namely Noisy-LP 2c/o , 

he low-pass filtered pink-noise based variant with 4 Hz and 2 c/o 

rom Bernstein et al. (2016) , as well as Tonal 1c/o and Tonal 2c/o , the

wo complex-tone based novel variants introduced in the present 

tudy, with 4 Hz combined with 1 c/o and 2 c/o, respectively. 

hey accounted for 44% (Noisy-LP 2c/o ), 47% (Tonal 1c/o ), and 53% 

Tonal 2c/o ) of the SRT variance, while the 4-PTA accounted for 44% 

f the SRT variance. The combination of 4-PTA and STM thresh- 

lds in a multi-variate linear regression model yielded 55% (Noisy- 

P 2c/ o + 4-PTA), 59% (Tonal 1c/ o + 4-PTA), and 61% (Tonal 2c/ o + 4- 

TA) of SRT variance explained (see Fig. 8 ). 

.2. STM detection measurement paradigm 

The modifications of the measurement paradigm in relation to 

revious studies (described in detail in Fig. 2 ) were implemented 

ith the aim to facilitate the adaptive STM threshold measure- 

ent, as Bernstein et al. (2016) reported that about one third of 

heir 154 listeners (particularly the older and strongly HI ones) 

ere not able to complete their adaptive STM threshold measure- 

ent. The listeners tested in the present study were, on average, 

lder and had a more pronounced high-frequency average (HFA, 

–6 kHz) hearing loss as compared to Bernstein et al. (2016) , who 

eported major problems with listeners older than 65 years and 

ith an HFA greater than 53 dB HL. Twelve out of the 13 listeners 

ested here were older than 65 years, most of them substantially 

lder (72.2 years on average). The average HFA was 56.8 dB HL 

nd 10 out of the 13 listeners showed HFAs above 53 dB HL. Thus, 

ost listeners tested in the present study belonged to the same 
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ge- and HFA-group in which Bernstein et al. (2016) found that 

he majority of listeners were not able to obtain an STM thresh- 

ld in their adaptive measurement procedure and in which no sig- 

ificant relationship between STM thresholds and SRTs could be 

stablished (potentially because many STM thresholds had to be 

btained using a combination of constant-stimuli procedure and 

xtrapolation). The results of the present study suggest that the 

daptation of the measurement paradigm was effective in facili- 

ating the STM detection task, as all listeners were able to com- 

lete all adaptive threshold measurements, irrespective of the con- 

idered STM stimulus variant. For the Noisy-LP 2c/o stimulus variant 

onsidered by Bernstein et al. (2016) , the highest threshold mea- 

ured in the present study was about −4 dB FS, i.e., well below 

ull modulation (0 dB FS). The overall highest measured threshold 

as −2.5 dB FS and occurred for the Noisy 4c/o stimulus variant. As 

ll changes introduced to the measurement paradigm were done 

imultaneously, it is impossible to quantify the relative contribu- 

ions of the different aspects that were modified. Based on infor- 

al observations made in the context of the study, it is assumed 

hat the crucial factors were (i) the use of 3-AFC, which allows to 

etect the odd interval out of three intervals instead of having to 

etect a learned target modulation pattern in a 2-AFC paradigm 

 Bernstein et al., 2013 ; Mehraei et al., 2014 ; Bernstein et al.,

016 ), (ii) the individualized linear hearing loss compensation that 

nsures audibility across the relevant frequency range without 

timulating at unnecessarily high levels that may deteriorate STM 

etection performance ( Magits et al., 2019 ), (iii) the long interval 

uration of one second, providing twice the observation time win- 

ow as compared to Bernstein et al. (2016) , and (iv) the binaural 

resentation of the stimuli, allowing listeners to use their better 

ar as well as to benefit from binaural summation. 

Further insights may be gained via comparison with a re- 

ated recent study. Souza et al. (2020) tested STM detection in 

0 HI listeners using a somewhat different approach for stim- 

lus generation with a logarithmic modulation depth definition 

 Isarangura et al., 2019a ) and broadband noise carriers (0.4 –

 kHz) combined with a 4-interval 2-cue 2-AFC paradigm that 

lso allows for detection of the odd one out. Each interval was 

00 ms long and the broadband level was set at 30 dB above 

he individual carrier-noise detection threshold in the test ear 

monaural presentation). The measured STM thresholds were be- 

ween −18 and −1.7 dB FS, with an average of −7.3 dB FS (af-

er transforming their results to the modulation depth definition 

sed in the present study based on Isarangura et al., 2019a ). 

he basic stimulus design was quite similar to the Noisy 2c/o vari- 

nt considered in the present study, which here resulted in sub- 

tantially lower STM thresholds between -22.1 and −10.4 dB FS, 

ith an average of −16.2 dB FS (see Fig. 4 ). With the above-

entioned results of Bernstein et al. (2016) and their experimen- 

al design (2-AFC, 500 ms interval duration, band-limited stim- 

lus) in mind, the comparison between the present study and 

ouza et al. (2020) thus suggests that (i) the ability to use an odd-

ne-out detection approach and/or a large bandwidth of the stim- 

li solves the issue of elderly HI listeners not being able to ob- 

ain robust STM detection thresholds, (ii) the use of individualized 

requency-dependent (instead of broadband) amplification and/or 

he use of 1-second long (instead of 0.5 s) intervals and/or binau- 

al (instead of monaural) stimulus presentation yield substantially 

ower STM detection thresholds in elderly HI listeners. It should be 

oted that a study by Isarangura et al. (2019b) suggested no ef- 

ects of interval duration and level (in the relevant range) on spec- 

ral modulation detection; however, it is unclear how these results 

elate to spectro-temporal modulation detection, where additional 

emporal cues are involved that may well be affected by the inter- 

al duration. 
2

11 
.3. Predicting ecologically valid SRTs 

The speech test used in the present study was designed with 

he aim to simulate real-life conditions and supra-threshold speech 

eception. Therefore, the test was set up in a slightly reverber- 

nt room and multiple spatially distributed speech interferers were 

sed (MTB separated condition), as this resembles a “cocktail- 

arty” type scenario that HI listeners are known to especially 

truggle with. Furthermore, the HINT speech corpus consisting of 

pen-set everyday sentences was used, which yields relatively high 

RTs such that listeners operate at SNR levels they may also en- 

ounter in everyday life ( Smeds et al., 2015 ), as opposed to closed- 

et matrix sentence speech tests that typically yield lower SRTs 

cf. Nielsen and Dau, 2011 vs. Wagener et al., 2003 ). The SSN co- 

ocated condition was additionally considered as a reference con- 

ition containing fewer aspects of real-life speech perception. Lin- 

ar amplification according to the “sufficiently audible” approach 

y Humes (2007) was applied to ensure that target-speech audi- 

ility was not compromised such that supra-threshold speech re- 

eption could indeed be measured. The resulting SRTs suggest that 

hile the group average SRTs were only slightly (yet significantly) 

levated for the MTB separated as compared to the SSN co-located 

ondition, the MTB separated condition induced a significantly 

arger across-listener variability in SRTs than the SSN co-located 

ondition (almost doubling the standard deviation). Note that the 

arger variability in the MTB separated condition is not ascribable 

o higher test-retest variability. Indeed, Rønne et al. (2017) found 

ery similar test-retest variability between their HINT co-located 

SN condition and an MTB separated condition similar to that used 

n the present study. Additionally, a test-retest standard deviation 

entatively computed for the MTB separated condition using the 

econd training run as “test” amounted to a value of 0.54 dB, 

hich is well below the normative test-retest standard deviation 

f the Danish HINT measured for SSN ( Nielsen and Dau, 2011 ). The

ore realistic speech test thus revealed larger and likely more rep- 

esentative and reproducible performance differences across listen- 

rs. While the SRTs measured in the two conditions were highly 

orrelated across listeners (70.5% of shared variance, see Fig. 5 ), 

his correlation was strongly driven by the four listeners with 

he poorest performance, whereas the relationship was essentially 

on-existent for the remaining nine listeners that showed very 

imilar performance levels in SSN co-located (within a range of 

.5 dB) but exhibited substantial performance differences in MTB 

eparated (within a range of 4 dB, see Fig. 5 for details). This 

s consistent with the SRT relationship induced by artificial vs. 

ore realistic speech material reported by Carlile & Keidser (2020) . 

he STM thresholds measured with all considered stimulus vari- 

nts showed positive correlations with SRTs and higher correla- 

ions with the MTB separated SRTs than with the SSN co-located 

RTs, although it should be noted that these differences in corre- 

ation were not significant and that the predictive power of the 

TM thresholds was not significantly different than that of the 

-PTA, likely due to the small number of subjects. The predic- 

ive power of STM detection thresholds with regard to speech 

eception outcomes obtained in a cocktail-party type speech-on- 

peech scenario with individualized amplification represents an ex- 

ension of the findings from previous studies: in contrast to the 

resent study, the previous studies presented speech via head- 

hones/earphones using SSN ( Bernstein et al., 2013 ), SSN and mod- 

lated noise ( Mehraei et al., 2014 ), or SSN and four-talker bab- 

le ( Bernstein et al., 2016 ); furthermore, they used either open- 

et sentences but unrealistically high broadband presentation lev- 

ls without individualized amplification ( Bernstein et al., 2013 ; 

ehraei et al., 2014 ) or realistic presentation levels and individual- 

zed amplification but closed-set matrix sentences ( Bernstein et al., 

016 ). 
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.4. STM variants and their predictive power 

The six STM stimulus variants considered in the present study 

see Fig. 2 ) differed in terms of carrier bandwidth and type 

noise or complex tone) and regarding the spectral modulation fre- 

uency, but all shared the same temporal modulation frequency 

f 4 Hz (upward moving). This was motivated by the results of 

ernstein et al. (2013) , who reported the largest differences be- 

ween NH and HI listeners for 4 Hz, and by the fact that 4 Hz is

ery close to the syllable rate of most languages and thus has a 

igh relevance in speech reception. The upward moving direction 

as chosen to further facilitate STM detection, as it has been re- 

orted to yield somewhat lower thresholds than downward (e.g., 

hi et al., 1999 ). Regarding the spectral modulation frequencies, 

he previous studies found 2 c/o to result in the most promising 

esults. However, 1 c/o was also considered here as part of the 

ffort to simplify the test, expecting overall lower thresholds (as 

emonstrated by Bernstein et al., 2013 ). 4 c/o was considered be- 

ause Bernstein et al. (2013) showed a relatively large difference 

etween NH and HI listeners for this variant. The novel complex- 

one based stimulus variants represent an attempt to increase the 

imilarity between the STM stimulus and natural speech by mim- 

cking the mostly periodic carrier signal of the voiced parts of 

peech. 

Consistent with earlier studies (e.g., Bernstein et al., 2013 ), 

TM thresholds increased with increasing spectral modulation fre- 

uency. The complex-tone carrier led to lower thresholds as com- 

ared to the noise carrier, facilitating STM detection. This may be 

xplained by the fact that the complex-tone carrier is free of low- 

requency intrinsic fluctuations, which have been shown to mask 

n imposed temporal modulation when using noise carriers (e.g., 

au et al., 1999 ). The across-listener variability was large for all 

TM stimulus variants (standard deviation 3–4 dB), with the no- 

able exception of Noisy 1c/o , which showed a significantly smaller 

ariability (standard deviation of 1.4 dB). As mentioned above, STM 

hresholds appeared to be generally more (albeit not significantly 

ore) highly correlated with the MTB separated SRTs than with 

he SSN co-located SRTs. The STM variant showing the by far low- 

st (albeit not significantly different) correlations with the SRTs 

as Noisy 1c/o . Thus, the small across-listener variability observed 

n the SSN co-located SRTs and in the Noisy 1c/o STM thresholds 

oth translated to low correlations. Significant correlations were 

ound between MTB separated SRTs and the three STM variants 

oisy-LP 2c/o , Tonal 1c/o , and Tonal 2c/o , with 44%, 47%, and 53% of 

hared variance, respectively. The fact that the complex-tone based 

ariants, in particular Tonal 2c/o , showed strong predictions of SRTs 

s well in line with recent research on the importance of peri- 

dic carrier signals in the healthy and impaired auditory system 

 Steinmetzger and Rosen, 2015 ; Carney et al., 2015 ; Carney, 2018 ;

teinmetzger et al., 2019 ). The SSN co-located SRTs were best pre- 

icted by the Noisy-LP 2c/o STM variant (although not significant), 

hich might indicate that different abilities were required in the 

wo speech test conditions. 

Although the speech test conditions as well as the STM test 

ariants differ substantially, the results of the present study and 

he previous studies are compared here. Bernstein et al. (2013) re- 

orted 61% of speech outcome (percent correct at 0 dB SNR) vari- 

nce explained by their STM measure based on 12 HI listeners. 

ernstein et al. (2016) showed that 28% of the SRT variance was 

xplained by STM thresholds, based on 154 HI listeners. The best 

TM variant considered in the present study accounted for 53% 

f MTB separated SRT variance based on 13 HI listeners, and the 

oisy-LP2 c/o variant used in Bernstein et al. (2016) still accounted 

or 44%. While this was not the main focus here, it should still be

oted that Bernstein et al. (2013) and Bernstein et al. (2016) found 

hat STM thresholds added significant predictive power in relation 
12 
o their speech outcomes beyond the audiogram, which could not 

e replicated in the present study (likely due to the limited num- 

er of observations). The results from Bernstein et al. (2016) may 

e considered the more relevant reference for the present study 

ue to their use of individualized amplification in the speech 

est. The stronger relationship between SRTs and STM thresholds 

ound in the present study may be related to the fact that all 

hresholds could be obtained adaptively whereas in Bernstein et al. 

2016) about a third of their population was not able to adaptively 

btain thresholds and the results were instead obtained in a con- 

tant stimulus measurement, potentially at the expense of mea- 

urement accuracy. Furthermore, Bernstein et al. (2016) used aver- 

ged SRTs measured using a matrix-sentence test in different noise 

onditions and with different types of simulated hearing-aid pro- 

essing, whereas the current study focused on more ecologically 

alid SRTs obtained with open-set sentences, spatialized speech in- 

erferers, and non-compromising linear amplification. 

.5. The relationship between SRTs and the audiogram 

Despite the respective efforts to provide audible stimuli, an 

udiogram-based predictor also accounted for a good portion of 

he SRT variance in the previous studies. In Bernstein et al. (2013) , 

he audiogram-based SII predicted 40% of the variance of percent 

ords correct collected in SSN at 0 dB SNR. However, this number 

ncreased dramatically when considering SRTs instead of percent 

orrect at a selected SNR using the same underlying data set (60% 

or SSN and 72% for modulated noise, see Mehraei et al., 2014 ). 

n Bernstein et al. (2016) , the high-frequency average pure-tone 

hresholds accounted for 31% of SRT variance, whereas the low- 

requency thresholds did not predict SRTs. Similarly, in the present 

tudy, the 4-PTA (i.e., the average across pure-tone thresholds at 

.5, 1, 2, and 4 kHz) accounted for 44% of the MTB separated SRT 

ariance. The 4-PTA was chosen because it is assumed to be re- 

ated to speech audibility due to the considered frequency range, 

nd it was indeed a substantially stronger SRT predictor than the 

verage across all pure-tone thresholds (not shown here), i.e., the 

ow- and mid-frequency thresholds were most predictive of SRTs, 

n contrast to Bernstein et al. (2016) . The fact that the pure-tone 

hresholds yield relatively strong correlations with supra-threshold 

peech reception measures is likely due to their relationship with 

upra-threshold deficits, such as (but not limited to) reduced fre- 

uency resolution and loudness recruitment (see also Sanchez- 

opez et al., 2020). However, the disparity as to which pure-tone 

hreshold-based measures predict SRTs in the previous and cur- 

ent studies emphasizes the added value of the STM test result as 

n “explicit” supra-threshold measure. Furthermore, the best STM 

redictor yielded a substantially (yet not significantly) higher cor- 

elation with the SRTs as compared to the audiogram-based pre- 

ictor in the present study. 

.6. Limitations and outlook 

The present study was designed as an explorative study to ad- 

ress the issues discussed above. Thus, the selection of the con- 

idered stimulus parameters was not balanced across different car- 

ier types (e.g., there was a 4-c/o stimulus variant with a noise 

arrier but not with a complex-tone carrier), which is subopti- 

al for a group-level analysis of the relevant factors such as car- 

ier type and spectral modulation frequency. Furthermore, due to 

he fact that the speech-test design required a high level of au- 

iogram symmetry, the number of listeners was somewhat lim- 

ted (13), such that the results in terms of percent of SRT vari- 

nce explained are added and discussed with caution here. Nev- 

rtheless, the STM-vs-SRT correlation analyses indicated significant 

esults, but it is likely that a larger population would result in 
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ore STM variants yielding significant predictions of SRTs. Further- 

ore, the question whether the STM thresholds yield a significant 

mount of SRT variance explained in addition to the audiogram- 

ased predictor is still open and likely requires a larger popula- 

ion. Lastly, it is unclear how the results collected with the de- 

cribed ear-independent sufficiently audible (linear) amplification 

pproach generalize to speech-test performance with hearing aids, 

hich act as ear-specific non-linear amplifiers. 

An interesting next step would therefore be a study with a sub- 

tantially larger number of listeners representing a clinically more 

obust sample (including asymmetric hearing losses) that considers 

 speech test with hearing aids, allowing for the effect of realistic 

ar-specific non-linear amplification and potentially other hearing- 

id processing algorithms to be tested. This design would also im- 

ly that the amplification provided in the STM test should not be 

ased on the average hearing loss across the two ears, but rather 

n the ear-specific hearing loss. 

. Conclusion 

The present study investigated the suitability of a spectro- 

emporal modulation (STM) detection measurement paradigm with 

ndividualized audibility compensation, focusing on its clinical via- 

ility and relevance as a real-life supra-threshold speech reception 

redictor. Based on data measured in 13 elderly hearing-impaired 

isteners, two novel complex-tone based and four previously es- 

ablished noise-based STM stimulus variants were considered and 

ompared to ecologically valid speech reception thresholds (SRTs) 

easured in a speech-on-speech spatialized set-up with linear am- 

lification based on the individual’s audiogram. The study had 

hree main objectives: (i) to adapt the STM test such that all lis- 

eners in an elderly hearing-impaired population can complete the 

est, (ii) to investigate whether the previously established predic- 

ive power of STM thresholds with regard to SRTs can be general- 

zed to more ecologically valid SRTs, and (iii) to determine which 

TM stimulus variants were predictive of ecologically valid SRTs. 

First, the results of the study demonstrated that all listeners 

ere able to complete all STM threshold measurements, indicat- 

ng that the proposed STM detection measurement paradigm in- 

eed facilitated the task. Second, the correlations between STM 

hresholds and the ecologically valid SRTs reached statistical sig- 

ificance whereas those obtained for standard SRTs collected in 

tationary co-located noise did not. Third, three STM stimulus 

ariants (one noise-carrier based and two complex-tone based) 

ielded significant predictions of SRTs, accounting for up to 53% 

f the SRT variance. The results of this study may motivate and in- 

orm future research toward a clinically applicable STM test, which 

ay be useful for quantifying supra-threshold speech reception 

eficits in aided hearing-impaired listeners - without requiring 

ime-consuming and language-specific speech testing - and thus 

nable a more individualized prescription of hearing-aid process- 

ng in everyday clinical practice. 
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