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 1 

Abstract 2 

Objective: To introduce and verify an algorithm designed to administer adaptive speech-in- 3 

noise testing to a specified reliability at selectable points on the psychometric function. 4 

Design: Speech-in-noise performances were measured using BKB sentences presented in 5 

diffuse babble-noise, using morphemic scoring.  Target of the algorithm was a test-retest 6 

standard deviation of 1.13 dB within the presentation of 32 sentences.  Normal-hearing 7 

participants completed repeated measures using manual administration targeting 50% correct, 8 

and the automated procedure targeting 25%, 50%, and 75% correct.  Aided hearing-impaired 9 

participants completed testing with the automated procedure targeting 25%, 50%, and 75% 10 

correct, repeating measurements at the 50% point three times. 11 

Study sample: Twelve normal-hearing and 63 hearing-impaired people who had English as 12 

first language. 13 

Results: Relative to the manual procedure, the algorithm produced the same speech reception 14 

threshold in noise (p = 0.96) and lower test-retest reliability on normal-hearing listeners.  15 

Both groups obtained significantly different results at the three target points (p < 0.04) with 16 

observed reliability close to expected.  Target accuracy was not reached within 32 sentences 17 

for 18% of measurements on hearing-impaired participants.   18 

Conclusions: The reliability of the algorithm was verified.  A second test is recommended if 19 

the target variability is not reached during the first measurement.     20 

     21 
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Introduction 1 

Speech-in-noise testing is used clinically to assess a person’s hearing problem or to select the 2 

appropriate technology, and in research to evaluate different amplification schemes.  To 3 

avoid floor or ceiling effects, an adaptive procedure for varying the speech or noise levels is 4 

commonly used to track the signal-to-noise ratio (SNR) that produces a target of 50% 5 

correctly recognised items (e.g. Levitt & Rabiner, 1967). This measure is referred to as the 6 

speech reception threshold in noise (SRTn).  The adaptive procedure lends itself to 7 

automation, and several implementations for controlling the adaptive variation of speech or 8 

noise levels exist (e.g. Cheesman, 1992; Hagerman & Kinnefors, 1995; Brand & Kollmeier, 9 

2002; Smits et al., 2004; Terband & Drullman, 2008; Ozimek et al., 2010; Dawson et al., 10 

2011).  Some of these implementations further handle the scoring of key items that are either 11 

selected from a list of alternatives, or directly entered by the study participant.    12 

 13 

One advantage of automating the adaptive procedure is the possibility of handling more 14 

sophisticated decision processes within a shorter time frame to improve reliability of 15 

measurements.  For example, a specified reliability of measurements could be ensured by 16 

monitoring the changes in SNR as the test progresses.  If reliability is not adequate at the end 17 

of the administration of a regular list, the test could continue by automatically adding more 18 

sentences to the measurements.  Contrary, if a person performs very reliably the test can be 19 

concluded earlier to save testing time.  One potential disadvantage related to SRTn 20 

measurements is the chance of the SRTn being unrealistically poor and therefore for the 21 

result to have little real-life validity (Naylor, 2010).  This problem can be addressed by 22 

aiming for a higher percentage point on the psychometric function, which would require a 23 

more complicated arithmetic to control the adaptive procedure that could be difficult to 24 

handle manually.  25 
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 1 

This report describes an algorithm developed to control the adaptive procedure for obtaining 2 

the SNR at selectable points within the range of 20 to 80% on the psychometric function 3 

whilst achieving desired test-retest reliability.  Verification data obtained on normal-hearing 4 

and hearing-impaired listeners are presented. 5 

 6 

The algorithm 7 

The algorithm assumes speech material comprising of sentences where each sentence 8 

presents a set of key items (e.g. words, phonemes, or morphemes).  It controls the adaptive 9 

changes to the level of either speech or noise depending on how many key items in each 10 

sentence are correctly identified; assuming the noise level is kept constant, the level of speech 11 

is increased if the ratio between correctly identified key items to the actual key items 12 

presented is less than a given target percentage point, decreased if the ratio exceeds target, 13 

and maintained if the ratio equals target.  To improve reliability, the convergence of the 14 

algorithm to reach the SNR for a set target is based on three phases during which the step size 15 

gradually decreases according to a set of criteria: 16 

In phase 1, iterations of 5 dB are used until at least 4 sentences are completed and at least one 17 

reversal is detected. 18 

In phase 2, iterations of 2 dB are used until at least a further 4 sentences are completed and 19 

the standard error (SE), see equation 1, is no greater than 1.0 dB.  The estimation of SE only 20 

includes the number of presentations completed in phase 2.  21 

 22 

Equation (1)  
 

n

xstd
SE




2
, where 23 



Keidser: Algorithm for adaptive speech-in-noise testing 5 

 

      
2

1

1

2

1
1)( 








 





n

i

in
xxxstd


      and 

1 

    



n

i

in
xx

1

1
 2 

Where x is the presentation level or SNR, n is the total number of sentences tested, and i 3 

denotes each independent sentence. 4 

  5 

In phase 3, iterations of 1 dB are used until at least a specified number of sentences (16 by 6 

default) are completed from the start of phase 2 and the SE is no greater than 0.8 dB.  The 7 

estimation of SE includes the number of presentations completed in phases 2 and 3. 8 

 9 

Equation 1 includes a correction factor of 2.  SE is usually estimated from the standard 10 

deviation of a sample by dividing by the square root of the number of points in the sample. 11 

That calculation is based on the assumption that the points in the sample are independent of 12 

each other.  When the points in question are the SNRs at which succeeding items are 13 

presented in an adaptive test, the points are not independent as each SNR can be different 14 

from the preceding SNR only by the selected step size.  Monte Carlo simulation was used to 15 

estimate the degree to which the standard formula for SE under-estimates the actual SE under 16 

this condition.  The Monte Carlo simulation consisted of 100 repetitions of a 30-run adaptive 17 

test with a fixed step size and a fixed underlying psychometric function. For each repetition, 18 

the estimated SE arising from a conventional calculation (i.e. equation 1 with the factor of 19 

2.00 excluded) was calculated, and the squares of these values were averaged across the 20 

repetitions and the square root of this value taken. The true SE was also calculated based on 21 

the spread of the mean SRTn values across repetitions. Finally, the correction factor needed 22 

was calculated as the ratio of the true SE divided by the estimated SE. This process was 23 
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repeated for different combinations of step size (1, 2 and 4 dB) and psychometric slope at the 1 

midpoint (5, 10 and 20 % per dB). Table I shows the correction factors calculated by this 2 

process when the 50% point on the function was targeted. 3 

 4 

On theoretical grounds the degree of underestimation of SE should be greatest for small step 5 

sizes and shallow psychometric functions, which the Monte Carlo simulation confirmed. 6 

Also, on theoretical grounds, the degree of underestimation should depend only on the 7 

product of the step size and the psychometric function slope, which the simulation also 8 

confirmed. As the factor had to be chosen prior to the experiment being performed, as 9 

psychometric function slopes between 10 and 20% were expected, and as the SRTn 10 

calculation depended primarily on points collected with a 2 dB step size, a factor of 2.00 was 11 

chosen for inclusion within the test program.  Further Monte Carlo simulations indicated that, 12 

as expected, somewhat higher correction factors would be appropriate at the 25 or 75% target 13 

points, because the local slope of the psychometric function is shallower there than at the 14 

50% point. The factor was, however, left at 2.0 for all measurements, which means that 15 

greater test-retest variations than targeted can occur at the more extreme points on the 16 

psychometric function.  17 

 18 

The stopping criterion of a SE less than 0.8 dB is an independent choice driven by the desired 19 

test-retest reliability.  It should result in 95% of the scores of repeated tests falling within a 20 

3.2 dB range.  It can be made smaller with a consequence of increased test time, or the test 21 

time can be shortened if less accuracy is required.  This implementation may require 22 

administration of more than one regular list of sentences to reach the target reliability, and the 23 

program does allow the user to select and specify the combination of lists used for a 24 

measurement and also includes a feature that will randomize the sentences within a regular 25 
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list.  An absolute maximum number of sentences can also be specified at which to conclude 1 

the test in case the SE appears not to reach the target.  The implementation requires manual 2 

administration of the entry of number of correctly identified key items.  3 

 4 

The platform 5 

The program running the algorithm is developed to handle real time playback of speech and 6 

background noise through any combination of up to 52 loudspeakers.  The software runs on a 7 

laptop or PC, with Microsoft Windows XP or above installed, that is connected to an ASIO 8 

supported (Steinberg Media Technologies GmbH, 2010) audio interface.  Speech and noise 9 

are stored as multi-channel WAV files.  To use the program, the experimenter specifies the 10 

audio configuration; i.e. map the speech and noise files to the appropriate channels of the 11 

interface, and hence loudspeakers in the test setup, and the parameters for the speech in noise 12 

measurements.  The program also includes a calibration procedure to ensure the correct SPL 13 

from each loudspeaker in the test setup.   14 

 15 

Verification 16 

Participants: Twelve normal-hearing participants (NHP) who had English as their first 17 

language were recruited.  The group comprised 7 females and 5 males who all had hearing 18 

threshold levels (HTL) better than 20 dB at the audiometric frequencies from 0.5 to 4.0 kHz, 19 

except one person who presented an HTL of 20 dB at 4.0 kHz in one ear.  20 

 21 

Data were later obtained on 63 aided hearing-impaired participants (HIP) who took part in an 22 

unrelated study.  This group comprised 24 females and 39 males who had symmetrical, 23 

sensorineural hearing loss.  According to the three-frequency-average (3FA) HTLs, 24 
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calculated across 0.5, 1.0, and 2.0 kHz, the degree of hearing loss varied from very mild (3FA 1 

= 25 dB HL) to moderately severe (3FA = 58 dB HL).   2 

 3 

Test material and setup: Speech and noise consisted of the BKB sentences (Bench et al., 4 

1993) and an eight-talker babble-noise extracted from the NAL CD of Speech and Noise for 5 

Hearing Aid Evaluation (Keidser et al., 2002).  Both stimuli were filtered to match the 6 

International Long-term Average Speech Spectrum (ILTASS) by Byrne et al. (1994).  The 7 

stimuli were presented from a computer through a multi-channel soundcard (Edirol FA-101) 8 

and two four-channel amplifiers (Yamaha XM4080) to five loudspeakers (Tannoy 800) 9 

positioned 1.5 metres from the centre of the array.  Speech was presented from 0⁰ azimuth.  10 

Noise was presented uncorrelated from ±45⁰ and ±135⁰ azimuths.  For the NHPs the 11 

presentation level of the continuous background noise was kept constant at 62 dB SPL while 12 

the level of speech was changed adaptively, starting at 0 dB SNR.  Directed by the original 13 

study aim, the frontal loudspeaker was moved to a distance of 1 m from the participants while 14 

the other loudspeakers were positioned 2 m from the centre of the array when testing the 15 

HIPs.  Further, the noise level was fixed at 55 dB SPL and the starting SNR was 10 dB SNR.   16 

 17 

The BKB lists are designed to yield 50 key words across 16 sentences.  In this study, a 18 

morphemic scoring method was used in which every meaningful unit of each key word was 19 

considered a key item.  For example, postman and boys each consist of two morphemes 20 

(‘post’ + ‘man’ and ‘boy’ + ‘s’).   Morphemic scoring method (Bamford & Wilson, 1979) 21 

was chosen to increase the range of percentage points targeted on the psychometric function 22 

with the least number of sentences required.  As shown in Figure 1 the average number of 23 

key items in each BKB sentence, when using morphemic scoring, is 6, resulting in an average 24 
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of 96 key items in a traditional BKB list.  As a result, percentage points ranging from 16% to 1 

83% are feasible targets with the introduced adaptive procedure.  2 

 3 

Protocol:  The HIPs were fitted with a pair of either Siemens Motion 500 M, 501 SX, or 501 4 

P.  Gain was set to match the NAL-NL2 target (Keidser et al., 2011), the omnidirectional 5 

microphone mode was selected, and all adaptive features were disabled.  Using the automated 6 

procedure, the SNRs needed to reach the 25%, 50%, (SRTn) and 75% points on the 7 

psychometric function were obtained.  For NHPs measurements were completed twice, while 8 

the HIPs only repeated the SRTn measurement (three times).  Two lists were combined for 9 

each of the automated measures allowing for a maximum of 32 sentences to be presented for 10 

each condition.  The stopping criterion for the SE was 0.8 dB and the minimum number of 11 

sentences required before the automated procedure could be terminated was selected to be 13 12 

for NHPs and 16 (default) for HIPs. 13 

 14 

The SRTn was also measured twice using the conventional manual method on NHPs.  One 15 

list (16 sentences) was administered for each of the manual measures which were preceded 16 

by one practice list to obtain an individual starting level of speech.  During administration of 17 

the practice list, the initial step size of 5 dB was reduced to 1 dB after 3 reversals had been 18 

obtained.  A step size of 1 dB was used for each of the actual test lists.  Test conditions were 19 

presented in a balanced randomised order across participants.  20 

 21 

Results:  Tables II and III summarise the results for NHPs and HIPs, respectively.  Firstly, 22 

where applicable, the mean SNR across repeated measures was calculated for each 23 

participant.  From this data, the average SNR and standard deviation (SD) value across 24 

participants were obtained (i.e. the inter-participant SD).  Secondly, the test-retest differences 25 
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were calculated for each participant and the SD of the test-retest difference values obtained 1 

across participants (i.e. the intra-participant SD).  Tables II and III show for each test 2 

condition, the average SNR, inter-participant SD, intra-participant SD, and N, where N is the 3 

average number of sentences needed to obtain the target SE when excluding the phase 1 4 

sentences.  For the HIPs, three intra-participant SDs were obtained from the three repeated 5 

measures, and the average of these three SDs is reported.   6 

 7 

According to a repeated measures ANOVA using the measured SNRs as observation, and 8 

condition and repetition as repeated measures, normal-hearing data showed a significant 9 

effect of condition (F3,33 = 22.8, p < 0.000001).  A Tukey HSD post hoc analysis revealed no 10 

significant difference between automated and manual SRTn measurements (p = 0.96), while 11 

the automated measurements at the three percentage points were all significantly different 12 

from each other (p < 0.04).  Repetition was not significant (F1,11 = 0.004, p = 0.95) and 13 

neither did the interaction between condition and repetition reach significance (F3,33 = 1.5, p = 14 

0.24).  Both the inter-participant SD and the intra-participant SD were lower for the 15 

automated than for the manual measurements.  The measured intra-participant SDs of 1.1 – 16 

1.3 dB with the automated procedure agree well with that predicted from two measurements 17 

reaching a SE of about 0.8 dB (sqrt(2)*0.8 dB  = 1.13 dB).  Testing was terminated without 18 

the target SE being reached after presentation of 32 sentences in 4% of 72 measurements.  19 

 20 

Using the hearing-impaired data as observations,  a repeated measures ANOVA showed that 21 

the average SNRs measured for the three percentage points were significantly different (p < 22 

0.0000001).  There was a significant correlation between the measured SNR at each 23 

percentage point and 3FA hearing loss (r > 0.57; p < 0.0001) as people with higher degree of 24 

hearing loss required better SNRs at a rate of 2 dB for every 10 dB variation in hearing loss.  25 
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Consequently, greater inter-participant SDs were recorded for this group.  The regression 1 

lines fitted to data at each percentage point are very close to parallel, suggesting that in the 2 

aided condition the slope of the psychometric functions do not change with degree of hearing 3 

loss.  The average intra-participant SD measured at the SRTn was in good agreement with 4 

that measured for NHPs, although slightly higher.  The percentage of measurements for 5 

which testing was terminated after presentation of 32 sentences, without reaching the target 6 

SE, was also higher at 18%, as can be inferred from Figure 2.  This observation partly 7 

explains the higher intra-participant SD.   8 

 9 

Discussion 10 

Mean data collected on NHPs and HIPs showed that the algorithm produced valid data with 11 

variability in repeated measures that, independent of the target percentage point, 12 

approximated the expected value of 1.13 dB.  The test-retest variability of group data slightly 13 

exceeded the expected value, especially for the HIPs.  In the case of the HIPs, the shallower 14 

slope of the psychometric function around the SRTn partly explains the higher value.  More 15 

generally, higher variability values likely occurred because for some individuals, the 16 

maximum number of 32 sentences was expended without reaching a SE below 0.8 dB.  While 17 

this occurred in only 4% of all measurements with the NHPs, the incidence was close to 20% 18 

among the HIPs and involved 57% of the participants.  In some of these cases, the algorithm 19 

had not even converged to phase 3 at the time 32 sentences had been presented.  The 20 

behaviour was not consistent within certain participants and did not depend on degree of 21 

hearing loss, age, or specific lists.  If disregarding the 24 HIPs for whom the target SE was 22 

not reached during at least one of the SRTn measurements, the intra-participant SD is 23 

reduced to 1.3 dB.  Consequently, it is recommended to review the result after each 24 
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measurement and to repeat the test, if the target reliability is not obtained (e.g. Dawson et al., 1 

2011).     2 

 3 

The intra-participant variations reported in this paper are directed by the selected SE, and was 4 

reached after presenting, on average, 17 sentences (ranging from 13 to 27 sentences) to NHPs 5 

and 20 sentences (ranging from 16 to 29 sentences) to HIPs. It should be noted that for a 6 

similar number of sentences (10-30), other studies have reported lower intra-participant SDs 7 

than obtained in this study (e.g. Hagerman, 1982; Nilsson et al., 1994; Hagerman & 8 

Kinnefors, 1995; Wagener & Brand, 2005).  Further, the efficiency of our algorithm seems 9 

lower than expected.  Using the definition proposed by Taylor and Creelman (1967), where 10 

efficiency is inversely proportional to the test-retest variability, and hence the number of 11 

sentences presented, efficiency was calculated to be 67% and 63% based on the data obtained 12 

for the NHPs and HIPs, respectively.  These values are lower than the 80% estimated for a 13 

single threshold measurement, based on 30 sentences, when using an adaptive method aiming 14 

to improve convergence and stability through the use of variable step sizes (Brand & 15 

Kollmeier, 2002).  There are two possible explanations for the discrepancies in intra-16 

participant reliability and efficiency of the adaptive algorithm reported in this and other 17 

studies when a similar number of sentences is used.  One is that in the past studies, testing 18 

was done over headphones, which eliminates variations due to shadowing effects resulting 19 

from head movements, which were possible during the free field testing in this study.  20 

Another is list equivalence (Dillon, 1982) that has not been refined in the version of BKB 21 

sentences used in this study.  In contrast, efforts were made to equate sentence difficulty 22 

when developing the HINT sentences (Nilsson et al., 1994), and list equivalence is inherent 23 

in the matrix tests investigated by Hagerman (1982) and Wagener & Brand (2005), due to the 24 

limited number of words used.   25 
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 1 

Despite the fact that the same step size and a similar number of sentences were used to reach 2 

the SRTn in NHPs with the manual and automated procedures, a lower inter-participant 3 

variation was obtained with the automated procedure.  This is likely due to elimination of 4 

some human errors that may occur when the administrator has to score the number of correct 5 

items, calculate the proportion of correct items, and change the presentation level within a 6 

short time frame. 7 

 8 

Data obtained in this study on NHPs show a much steeper psychometric function (20%/dB 9 

SNR vs 10%/dB SNR) with a shifted SRTn of -5 dB than reported with the same material in 10 

Keidser et al. (2002).  The discrepancy in slope is mostly a consequence of the method used 11 

in the two studies.  Previously, the percentage correct items was measured for each individual 12 

at fixed SNRs, while in this study the SNR was obtained for each individual at a fixed 13 

percentage point on the psychometric function.  Assuming that the slope of psychometric 14 

functions measured on normal-hearing listeners is similar, but that the position of the 15 

functions (SRTn) varies, then fitting a function to points extracted from the individually 16 

measured functions at fixed SNRs will display a shallower slope.  This is because the upper 17 

and lower asymptotes are directed by the position of the psychometric functions obtained on 18 

the participants requiring the best and the worst SNRs, respectively, stretching the slope of 19 

the psychometric function between these points.  If instead the function is fitted to data 20 

extracted at fixed percentage points on the individual functions, the common slope will be 21 

maintained, and the position of the fitted function will be in the middle of the range of the 22 

individually measured functions.  The shift in SRTn is presumed to be primarily explained by 23 

differences in the environment under which the tests were conducted.   Previously, speech 24 
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and noise were presented co-located, whereas in the current study, speech and noise were 1 

spatially separated, and the noise was diffuse (e.g. Arbogast et al., 2002).    2 

 3 

The information obtained in this study on the slope of the psychometric function could be 4 

used to fine tune the correction factor used to estimate the SE applicable to a single 5 

measurement.  Specifically, the size of the correction factor (set to 2 for all measurements in 6 

this study) could be increased as the target point on the psychometric curve is moved away 7 

from the 50% point on the curve.  It should further be noted that in a recent paper, Smits & 8 

Festen (2011) suggested that the optimal measurement procedure for testing speech in noise 9 

differs between normal-hearing and hearing-impaired listeners due to the psychometric 10 

function typically being shallower for hearing-impaired listeners.  Thus, it is suggested that 11 

larger step sizes and a higher target point on the psychometric function should be used when 12 

testing hearing-impaired than when testing normal-hearing people.  Such design issues, 13 

which would improve the efficiency values obtained with the present implementation, could 14 

be considered for future algorithms.  15 

 16 

Conclusion 17 

An algorithm was developed to control the adaptive procedure in speech-in-noise testing 18 

whilst achieving a target reliability at selectable points on the psychometric function.  The 19 

algorithm was found to produce data similar to what is obtained with conventional manual 20 

administration using the same material, to reduce inter-participant variability in normal-21 

hearing listeners, and to reach the target reliability in 96% and 82% of measurements on 22 

normal-hearing and hearing-impaired listeners.  Improved reliability relative to manual 23 

administration was partly the result of automating the process and partly the result of building 24 

test reliability into the stopping criterion.  25 
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Table I: The correction factors calculated by the Monte Carlo process when the 50% point on 1 

the psychometric function was targeted. 2 

Step size (dB) Slope of 5%/dB Slope of 10%/dB Slope of 20%/dB 

1 4.9 3.5 2.3 

2 3.3 2.3 1.6 

4 2.3 1.6 1.2 

  3 
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Table II: The mean SNR, the inter-participant standard deviation, and the intra-participant 1 

standard deviation shown for the normal-hearing participants for four test conditions: Manual 2 

administration aiming for 50% identification, and automated administration aiming for 25%, 3 

50%, and 75% identification. See text for definitions of the standard deviations. The last 4 

column shows the average number of scored sentences (N) needed across phases 2 and 3 in 5 

the automated administration to reach the target SE.  A fixed number of 16 sentences was 6 

always used in the manual administration. 7 

 8 

Condition Mean SNR (dB) Inter-participant SD 

(dB) 

Intra-participant SD 

(dB) 

N 

Manual, 50% -5.9 1.34 1.70 (16) 

Automated, 25% -7.7 0.94 1.13 19.6 

Automated, 50% -6.1 0.98 1.27 16.8 

Automated, 75% -5.2 1.19 1.27 15.5 

 9 
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Table III: The mean SNR and standard deviations (inter- and intra-participant) shown for the 1 

hearing-impaired participants for three test conditions: Automated administration aiming for 2 

25%, 50%, and 75% identification.  See text for definition of the standard deviations.  The 3 

last column shows the average number of scored sentences (N) needed across phases 2 and 3 4 

to reach the target SE. 5 

 6 

Condition Mean SNR (dB) Inter-participant SD 

(dB) 

Intra-participant SD 

(dB) 

N 

Automated, 25% -0.7 3.06  21 

Automated, 50% 1.0 2.85 1.41 20 

Automated, 75% 2.5 3.61  21 

 7 

  8 



Keidser: Algorithm for adaptive speech-in-noise testing 22 

 

Figure legends 1 

 2 

Figure 1: The distribution of the number of morphemic key items in BKB sentences.  The 3 

broken line shows the fitted normal function.  4 

 5 

Figure 2: The distribution of standard errors of the signal-to-noise ratio obtained at the time 6 

of termination of the adaptive procedure for hearing-impaired listeners.  Results are shown 7 

for three repeated measures (R1, R2, and R3) at the 50% point and for measures at the 25% 8 

and 75% points. 9 

 10 
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