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Time-frequency (T-F) masks represent powerful tools to increase the intelligibility of speech in

background noise. Translational relevance is provided by their accurate estimation based only on the

signal-plus-noise mixture, using deep learning or other machine-learning techniques. In the current

study, a technique is designed to capture the benefits of existing techniques. In the ideal quantized

mask (IQM), speech and noise are partitioned into T-F units, and each unit receives one of N attenu-

ations according to its signal-to-noise ratio. It was found that as few as four to eight attenuation steps

(IQM4, IQM8) improved intelligibility over the ideal binary mask (IBM, having two attenuation

steps), and equaled the intelligibility resulting from the ideal ratio mask (IRM, having a theoretically

infinite number of steps). Sound-quality ratings and rankings of noisy speech processed by the IQM4

and IQM8 were also superior to that processed by the IBM and equaled or exceeded that processed

by the IRM. It is concluded that the intelligibility and sound-quality advantages of infinite attenua-

tion resolution can be captured by an IQM having only a very small number of steps. Further, the

classification-based nature of the IQM might provide algorithmic advantages over the regression-

based IRM during machine estimation. VC 2018 Acoustical Society of America.
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I. INTRODUCTION

The perception of speech in background noise represents

a challenge for a variety of listeners in a variety of settings.

Normal-hearing (NH) listeners with proficiency of the lan-

guage can tolerate considerable amounts of noise if conditions

are otherwise ideal. But even these best listeners can struggle

if the signal is acoustically deficient, as can be the case during

transmission over cellular phones or other communication

systems. The situation is compounded if the listener does not

have complete proficiency with the language, as can be the

case for non-native-language listeners, children, and other

individuals. But the challenge is particularly striking for lis-

teners with hearing loss. In fact, poor speech recognition

when background noise is present is a primary auditory com-

plaint of hearing-impaired (HI) individuals (see Moore, 2007;

Dillon, 2012), and the speech-in-noise problem for these lis-

teners represents one of our greatest challenges.

Fortunately, techniques exist to help alleviate this chal-

lenge. Time-frequency (T-F) masking represents a powerful

tool for improving the intelligibility of speech in noise. In T-F

masking, the speech-plus-noise mixture is divided in both

time and frequency into small units, and each unit is scaled in

level according to the relationship between the speech and the

noise within the unit. Units with less favorable signal-to-noise

ratios (SNRs) are attenuated, resulting in a signal containing

T-F units largely dominated by the target speech signal.

There are two main classes of T-F masks, known as

“hard” and “soft” masks. These correspond to two main T-F

masking schemes, which include binary masking and ratio

masking. In the ideal binary mask (IBM; Hu and Wang,

2001; Wang, 2005), each T-F unit is assigned a value of 1 if

it is dominated by the target speech or 0 if it is dominated by

noise. The IBM is then multiplied with the speech-plus-noise

mixture, causing units dominated by the target speech to

remain intact and units dominated by the noise to be dis-

carded. In the ideal ratio mask (IRM; Srinivasan et al., 2006;

Narayanan and Wang, 2013; Hummerstone et al., 2014;

Wang et al., 2014), each T-F unit is again assigned an atten-

uation scaling according to the speech versus noise relation-

ship. But instead of being binary, this scaling can take any

value along a continuum from 0 to 1. Units having a more

favorable SNR are attenuated less and those having a less

favorable SNR are attenuated more. Accordingly, the IRM is

similar to the classic Wiener filter (see Loizou, 2007). As

with the IBM, the speech-plus-noise mixture is multiplied

with this mask to obtain an array of T-F units, each scaled

according to its speech versus noise dominance.

Both masks are capable of producing vast improvements

in the intelligibility of noisy speech. Brungart et al. (2006),

Li and Loizou (2008a,b), Kim et al. (2009), Kjems et al.
(2009), and Sinex (2013) all found that the IBM could pro-

duce near-perfect sentence intelligibility for NH listeners in

various noises (speech-shaped noise, speech-modulated

noise, 2- to 20-talker babble, and various recorded environ-

mental sounds). Anzalone et al. (2006) and Wang et al.
(2009) tested both NH and HI subjects, and found that the

IBM could produce substantial speech-reception threshold

improvements for sentences in different noises (speech-
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shaped noise and cafeteria noise). With regard to the IRM,

Madhu et al. (2013) and Koning et al. (2015) found that it

can also produce near-perfect sentence intelligibility for NH

listeners in different noises (multi-talker babble and single-

talker interference).

The comparison between intelligibility produced by the

IBM versus that produced by the IRM is made difficult by

the fact that all of the studies just cited employed sentence

materials and those employing percent-correct intelligibility

often observed ceiling scores at or near 100%. But Madhu

et al. (2013) and Koning et al. (2015) both observed that the

IRM produced ceiling intelligibility for NH subjects over a

wider range of parameter values than did the IBM. In con-

trast, Brons et al. (2012) observed that the IBM led to better

intelligibility than did an IRM having an attenuation of

10 dB for all units with SNR below 0 dB. Thus, the relative

intelligibilities produced by the IBM versus the IRM are not

clear.

What is more clear is that soft masking typically pro-

vides better subjective sound quality of speech than does

hard masking. Madhu et al. (2013) conducted pairwise com-

parisons of preferred sound quality for NH subjects, and

found that the ideal Weiner filter was preferred over the IBM

in 88%–100% of trials.

The term “ideal” refers to the fact that the masks are

created using knowledge of the pre-mixed speech and noise

signals—they are oracle masks. The term also refers to the

fact that the IBM produces the optimal SNR gain of all

binary T-F masks under certain conditions (Li and Wang,

2009). Obviously, knowledge of the pre-mixed signals is not

present in real-world settings. But translational significance

for T-F masks comes from efforts to estimate them directly

from the speech-plus-noise mixture, and the IBM has for

many years been considered a goal of computational audi-

tory scene analysis (Wang, 2005). Recent advances in

machine learning, and particularly deep learning, have

allowed both the IBM and IRM to be estimated with accu-

racy sufficient to produce considerable intelligibility

improvements. This work has involved both NH listeners

(Kim et al., 2009; Healy et al., 2013; Healy et al., 2014;

Healy et al., 2015; Chen et al., 2016; Healy et al., 2017;

Monaghan et al., 2017; Bentsen et al., 2018) and HI listeners

(Healy et al., 2013; Healy et al., 2014; Healy et al., 2015;

Chen et al., 2016; Healy et al., 2017; Monaghan et al., 2017)

and has included a variety of background noises (speech-

shaped noise, multi-talker babble, recorded environmental

sounds, and single-talker interference). The intelligibility

improvements have often allowed HI subjects having access

to speech processed by the estimated T-F mask to equal the

performance of young NH subjects without processing.

In addition to their different perceptual ramifications,

the two main T-F masking schemes possess different charac-

teristics that may be relevant for their estimation by

machine-learning algorithms. Estimation of the IBM

involves classification of T-F units into two categories using

a single decision boundary, whereas estimation of the IRM

typically involves regression and approximation of the con-

tinuous function underlying attenuation versus SNR. These

represent very different learning regimes, with classification

into a small number of categories potentially representing a

more basic form of machine learning, underlying more ele-

mentary tasks such as object recognition (e.g., character rec-

ognition) and word/phoneme recognition. Accordingly, it

has been argued that computation of a binary mask may be

considerably simpler than computation of a soft mask

(Wang, 2008).

But it has also been argued (e.g., Wang et al., 2014) and

observed (Madhu et al., 2013; Koning et al., 2015; Bentsen

et al., 2018) that binary masks are less robust to estimation

errors relative to soft masks, meaning that the errors that

occur during machine estimation are likely larger in magni-

tude in binary than in soft masks. It is easy to see that every

estimation error in a binary mask is of maximum magnitude

(e.g., assigning 1 to a T-F unit that should have been 0, or

vice versa), and that in a soft mask, estimation errors can

take any value, with an upper bound corresponding to the

magnitude of the binary-mask error.

In the current study, a mask is proposed that is different

from the two main T-F masking schemes. In the ideal quan-

tized mask (IQM), the speech-noise mixture is divided into T-

F units and each is assigned an attenuation based on SNR.

However, this attenuation takes one of N values, where N rep-

resents a small integer value. The T-F masking conditions

employed in the current study form a continuum in terms of

attenuation steps, from two (IBM) to infinity (IRM). The three

intermediate steps involve an IQM having 3, 4, and 8 steps

(IQM3, IQM4, and IQM8). The goals of the current study are

to first clarify the relative intelligibilities produced by the

IBM versus the IRM. Then, the intelligibility and sound qual-

ity of the IQM are established in NH subjects and compared

to those resulting from the IBM and IRM. The goal is to cap-

ture the (potential) intelligibility and well-established sound-

quality advantages of the IRM, and the classification nature

and potential computational advantages of the IBM, in an

IQM having only a very small number of attenuation steps.

II. EXPERIMENT 1. INTELLIGIBILITY RESULTING
FROM VARIOUS T-F MASKS

In experiment 1, intelligibility was assessed in each of

the five conditions of T-F masking. The speech materials

selected were standard word lists because sentences tend to

produce ceiling intelligibility values when subjected to both

IBM and IRM processing. Experiment 1a involved broad-

band (unfiltered) word stimuli, and experiment 1b involved

the same stimuli subjected to bandpass filtering in order to

further avoid ceiling effects and better reveal differences

across conditions. The background noise employed involved

recordings from a busy cafeteria. It was selected for ecologi-

cal validity and to possess variety of sound sources and

types, including the babble of multiple talkers, the transient

impact sound of dishes, and other environmental sounds.

A. Method

1. Subjects

A total of 20 subjects participated: 10 in experiment 1a

and 10 in experiment 1b. The subjects were students at The
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Ohio State University and received course credit for partici-

pating. All were native speakers of American English and

had NH as defined by audiometric thresholds of 20 dB hear-

ing level (HL) or better at octave frequencies from 250 to

8000 Hz on the day of test (ANSI, 2004, 2010). The excep-

tion was one subject with a threshold of 25 dB HL at

8000 Hz in one ear. Ages ranged from 19 to 29 yr (mean-

¼ 20.9 yr) and all were female. Care was taken to ensure that

no subject had prior exposure to the speech materials

employed.

2. Stimuli

The speech materials for both experiments 1a and 1b

were from the Central Institute for the Deaf (CID) W-22 test

(Hirsh et al., 1952), drawn from an Auditec CD (St. Louis,

MO). The test includes 200 phonetically balanced words in

the carrier phrase, “Say the word ___.” Five words were

excluded (mew, two, dull, book, there), based on low fre-

quency of occurrence or poor articulation/recording quality,

to yield 195 words. The background cafeteria noise was also

from an Auditec CD. It was approximately 10 min in dura-

tion and consisted of three overdubbed recordings made in a

busy hospital-employee cafeteria. Noise segments having

random start points and durations equal to each word in its

carrier phrase were mixed with each speech utterance at an

overall SNR of �10 dB. This relatively low SNR was

selected to reduce ceiling intelligibility effects.

The files were down-sampled to 16 kHz for processing

in MATLAB (MathWorks, Natick, MA). Preparation of the T-F

masks began by dividing each speech-plus-noise mixture

into a T-F representation. The cochleagram representation

(Wang and Brown, 2006) was employed, which is essentially

a spectrogram having attributes similar to the human

cochlea. This involved first filtering into 64 gammatone

bands having center frequencies ranging from 50 to 8000 Hz

evenly spaced on the equivalent rectangular bandwidth scale

(Glasberg and Moore, 1990). Each band was then divided

into 20-ms time segments having 10 ms overlap using a

Hanning window. This same T-F representation was used for

all of the masks.

a. Preparation of the IBM. The IBM consists of a two-

dimensional array of 1’s and 0’s, one value for each T-F

unit. Its processing followed that employed by us previously

(Healy et al., 2013; Healy et al., 2014). The SNR within

each T-F unit was calculated based on the pre-mixed signals.

If the SNR was greater than a fixed local criterion (LC)

value, the unit was concluded to be target-speech dominated

and it was assigned a value of 1. Inversely, if that SNR was

less than or equal to LC, the unit was concluded to be noise

dominated and it was assigned a value of 0. That is,

IBMðt; f Þ ¼ 1; if SNR ðt; f Þ > LC
0; otherwise;

�
(1)

where SNRðt; f Þ denotes the SNR within the T-F unit cen-

tered at time t and frequency f . LC was set to �15 dB in

order to be 5 dB below the overall SNR. This relationship

between LC and SNR has been considered near optimal

(e.g., Brungart et al., 2006; Kjems et al., 2009; Vasko et al.,
2018), and has also been employed by us previously (Healy

et al., 2013; Healy et al., 2014). To create the IBM-

processed signals, the mask was applied to the speech-plus-

noise mixture by multiplying each mixture T-F unit by the

value of the IBM for that unit.

b. Preparation of the IRM. The IRM also consists of a

two-dimensional array of values, one for each T-F unit, but

these values are continuous between 0 and 1. It was also

based on the relative energies of speech versus noise within

each T-F unit, as defined by

IRM t; fð Þ ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

S t; fð Þ
S t; fð Þ þN t; fð Þ

s
¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
SNR t; fð Þ

SNR t; fð Þþ 1

s
; (2)

where Sðt; f Þ is the speech energy contained within the T-F

unit centered at time t and frequency f , and Nðt; f Þ is the

noise energy contained within the same unit. Whereas Eq.

(1) is a conditional statement and so units are irrelevant so

long as they match for SNR and LC, SNR in Eq. (2) is an

untransformed ratio of energies. This square-root form of the

IRM has been found to be optimal (e.g., Wang et al., 2014)

and has been employed by us previously (Healy et al., 2015;

Healy et al., 2017; Chen et al., 2016). The mask was applied

to the speech-plus-noise, again by weighting each mixture

T-F unit by the value of the IRM for that unit.

c. Preparation of the IQM. IQMs were created having

three, four, and eight attenuation steps (IQM3, IQM4, IQM8).

The SNR boundaries defining each step of the IQM and the

attenuation assigned to each step of the IQM were based on

the IBM and IRM functions. The SNR boundaries were cen-

tered such that the IQM2 would equal the IBM (having an

LC value 5 dB below the overall mixture SNR) once scaled

for overall level. The center SNR boundaries of the IQM4

and IQM8 (between steps 2 and 3 in the IQM4 and between

steps 4 and 5 in the IQM8) were also set to equal the single

IBM division. The attenuation assigned to each step (the

IQM value) was equal to the attenuation assigned by the

IRM (the IRM value) at the lower SNR boundary for the

step. The exception was that the lowest step was always

assigned a value of 0, like in the IBM.

The process began with the selection of a series of

points on the IRM function, according to Eqs. (3) and (4),

p ¼ �log2

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
10 LC=10ð Þ

10 LC=10ð Þ þ 1

s
; (3)

xn t; fð Þ ¼ n� 1

N

� �p

; (4)

where the exponent p was selected based on the LC for the

IBM (�15 dB) to provide the desired relationship between

the IQM center SNR boundary and the IBM boundary.

xnðt; f Þ represents the mask gain within the T-F unit centered

at time t and frequency f , N represents the total number of
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steps in the IQM, and n¼ 1,…,N and represents the ordinal

position of each step. These points became the SNR bound-

aries and attenuation values for the IQM, as in Eq. (5),

IQMN ðt; f Þ¼

x1ðt; f Þ; if 0� IRMðt; f Þ� x2ðt; f Þ
x2ðt; f Þ; if x2ðt; f Þ< IRMðt; f Þ� x3ðt; f Þ

..

.

xNðt; f Þ; if xNðt; f Þ< IRMðt; f Þ� 1:

8>>><
>>>:

(5)

As with the other two masks, the IQM was applied by

multiplying the stepped mask with the speech-plus-noise

mixture units. Figure 1 displays the SNR boundaries for

each step of each IQM employed (top panel) and the attenua-

tions produced by each step of each IQM employed (bottom

panel). Every stimulus was scaled after processing to the

same overall root-mean-square level, eliminating differences

in overall level.

Whereas the IBM takes values of either 0 or 1, the IRM

takes on values bounded by 0 and 1. Although the IRM is

capable in theory of zeroing T-F units, it is potentially nota-

ble that this will generally not occur because the likelihood

of zero signal energy within a T-F unit is nil. But like the

IBM, the current IQM was designed to zero all T-F units at

the lowest step [ x1ðt; f Þ always ¼ 0]. This decision was

made to reduce the perception of low-level noise arising

from the T-F units having the least-favorable SNRs. It is also

noteworthy that the current implementation of the IQM is

based on existing T-F masks in order to facilitate direct com-

parison, and it is not yet known to what extent this particular

implementation produces optimal human intelligibility and

sound quality.

The broadband stimuli processed as just described were

used for experiment 1a. For experiment 1b, the same stimuli

were subjected to bandpass filtering from 750 to 3000 Hz.

The final processed stimuli were passed through a 2000-

order finite-duration impulse response filter, resulting in

steep filter slopes that exceeded 1000 dB/octave.

B. Procedure

The procedures for experiments 1a and 1b were identi-

cal. The experiment was divided into three blocks, each

involving 13 words in each mask condition for a total of 39

words/condition. The order of mask conditions (IBM, IQM3,

IQM4, IQM8, IRM) was randomized for each block and sub-

ject, as was the word list-to-condition correspondence. The

stimuli were converted to analog form using Echo Digital

Audio (Santa Barbara, CA) Gina 3G digital-to-analog con-

verters and presented diotically over Sennheiser HD 280

headphones (Wedemark, Germany). The presentation level

was set to 65 dBA at each earphone at the start of each ses-

sion using a flat-plate coupler and sound level meter (Larson

Davis AEC 101 and 824, Depew, NY). Subjects were tested

individually in a double-walled audiometric booth seated

with the experimenter. The subjects were instructed to repeat

each word back as best they could after hearing each and

were encouraged to guess if unsure. No word was repeated

for any listener. The experimenter controlled the presenta-

tion of words and recorded responses. Testing began with a

brief practice in which subjects heard words from the conso-

nant-nucleus-consonant (CNC) corpus (Lehiste and

Peterson, 1959). These were also standard recordings pro-

duced by a male talker and in a carrier phrase (“Ready,

___.”). Subjects heard five CNC words in each mask condi-

tion in order of decreasing number of attenuation steps

(IRM, IQM8, IQM4, IQM3, IBM). Feedback was provided

during practice but not during formal testing.

C. Results and discussion

1. Human subjects results

The top panel of Fig. 2 displays group mean word-

recognition scores for each broadband T-F mask in experi-

ment 1a. Apparent in this panel is that all masks produced

high recognition scores (above 70% correct), but that scores

for the IBM were lower than those for the IQMs and the

IRM, where all values exceed 90% correct. The bottom

panel of Fig. 2 displays scores for the group hearing the

bandpass stimuli in experiment 1b. Apparent is that scores

were reduced below the ceiling and larger differences

between scores emerged across the different masks, both as

desired. A first notable finding is that speech recognition pro-

duced by the IBM is not equal to that produced by the IRM,

despite that both produce similar ceiling scores for sentence

intelligibility. Instead, mean recognition scores were better

for the IRM by 36 percentage points when ceiling values

were eliminated. A second primary finding is that scores

were highest in the IQM8 condition and scores for the IQM4

FIG. 1. The top panel displays the SNR boundaries for each step of each

IQM employed, and the bottom panel displays the attenuations assigned to

each step of each IQM employed.
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approximated that for the IRM. Thus, it appears that the

intelligibility benefit of the IRM can be captured with as few

as four attenuation steps. Finally, it is noted that the addition

of any number of attenuation steps above two produced

increased speech recognition.

The scores were transformed into rationalized-arcsine

units (RAUs; Studebaker, 1985) and subjected to a two-way

mixed analysis of variance (ANOVA; 2 filtering groups � 5

mask conditions). The interaction between filtering and

mask conditions was not significant [F(4,72)¼ 0.9,
p¼ 0.45], suggesting that the pattern of performance across

different mask conditions was generally consistent across

experiments. As anticipated, the main effect of filtering was

significant [F(1,18)¼ 359.6, p< 0.001], simply reflecting

the desired reduction in scores associated with filtering.

Most critically, the main effect of mask condition was signif-

icant [F(4,72)¼ 86.3, p< 0.001]. Performance across the

five pooled mask conditions was examined using Holm-

Sidak pairwise post hoc comparisons. Performance did not

differ significantly among the IQM4, IQM8, and IRM

(p� 0.15), where scores were within 4 percentage points.

All other comparisons were significant, suggesting that the

IBM and the IQM3 produced lower recognition scores

(p< 0.001). The patterns of significant main effects and pair-

wise comparisons were identical when the RAU data from

experiments 1a and 1b were subjected to separate one-way

repeated-measures ANOVAs, despite that the latter set of

scores were all free of ceiling effects and therefore differed

more widely across mask conditions.

2. Acoustic intelligibility estimates

Predicted intelligibility based on the acoustic stimuli

was also assessed using the standard metric, short-time

objective intelligibility (STOI; Taal et al., 2011). This metric

reflects the correlation between the temporal amplitude

envelopes of speech-plus-noise following processing and

that of clean unprocessed speech. The index therefore typi-

cally ranges from 0.0 to 1.0 (although negative correlations

are possible) and reflects the extent to which the envelope of

the processed noisy speech reflects that of the original noise-

free speech. It has been shown to be highly correlated with

human speech intelligibility and is often used as an objective

estimate of intelligibility.

For each mask condition, the STOI value was calculated

for each of the 195 W-22 words in its carrier separately, then

averaged to obtain means and variability estimates.

Accordingly, standard deviations were calculated rather than

standard errors because each entry in the population estimate

represents a single utterance, rather than a single human sub-

ject. Figure 3 displays these STOI values for the broadband

stimuli employed in experiment 1a (top panel) and the fil-

tered stimuli employed in experiment 1b (bottom panel).

Apparent is that the trend observed across conditions in Fig.

2 can also be seen in Fig. 3, except that the STOI values are

somewhat similar across conditions, suggesting that they

may underpredict the human speech-recognition differences

observed across the five mask conditions (see Taal et al.,
2011, for functions mapping STOI to intelligibility). Most

notable is the similarity across STOI scores observed for the

experiment 1b stimuli, where ceiling effects were absent and

large differences in human speech recognition were

observed.

III. EXPERIMENT 2A. SOUND-QUALITY RATINGS FOR
VARIOUS T-F MASKS

In this experiment, the focus was on subjective sound

quality. Subjects compared utterances processed by two dif-

ferent T-F masks and rated which sound quality was pre-

ferred and by how much. Everyday sentences were

employed in order to provide a longer duration sample to

judge and a more common communication unit. Further,

sentences are highly intelligible when processed by both the

IBM and IRM (and so presumably by the IQM as well),

removing the influence of differential intelligibility and

allowing subjects to focus on sound quality. Finally, the sen-

tence was the same across the two masks compared in each

trial in order to further focus the judgment on sound quality.

A. Method

1. Subjects

Ten subjects who had not participated in experiment 1

were recruited from courses at The Ohio State University

and received course credit for participating. All had normal

FIG. 2. Group mean W-22 word recognition (and standard errors) for NH

subjects hearing speech in cafeteria noise, processed by five different T-F

masks. The top panel displays scores for broadband signals and the bottom

panel displays scores for a different group of subjects who heard the same

signals filtered from 750 to 3000 Hz in order to avoid ceiling recognition

values.
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hearing on the day of test as defined in experiment 1, ages

ranged from 19 to 21 yr (average¼ 19.9 yr), and all were

female. Care was taken to ensure that none had been previ-

ously exposed to the sentence materials employed in this

experiment.

2. Stimuli

The speech stimuli employed were CID everyday

American speech sentences (Silverman and Hirsch, 1955;

Davis and Silverman, 1978). These 100 sentences are con-

textually and grammatically plausible and range in length.

They were spoken by a professional male talker having a

standard American English dialect and digitized at 22 kHz

with 16-bit resolution. For the current experiment, sentence-

length variability was reduced by selecting the 81 sentences

containing 3–8 words. These were intended to provide a

sound sample that was long enough to generate a clear

sound-quality judgment but short enough to facilitate repeti-

tive back-and-forth comparison. The remaining 19 sentences

that were as long as 10 words or as short as 2 words were

saved for practice.

The speech was mixed with the same cafeteria noise

employed in experiment 1 at the same SNR of �10 dB. Each

sentence was mixed with a noise segment having a different

random start point in the 10-min file, two separate times, to

create 162 unique mixtures. The processing of the noisy

speech by the five T-F masks was identical to that employed

in experiment 1a (broadband speech).

3. Procedure

The sound-quality comparison procedure was modeled

after that of Madhu et al. (2013), Koning et al. (2015), and

Williamson et al. (2015). Subjects listened to pairs of stim-

uli, labeled A and B, and rated their preference for one over

the other based on sound quality. Each of the 5 T-F masks

was compared with each of the other masks and with itself,

resulting in 15 comparisons. Each comparison was made 6

times, resulting in 90 trials/subject. For each subject and

trial, a sentence-plus-noise was selected randomly without

replacement, and the same sentence-plus-noise was used for

both masks compared within each trial. The presentation

order of mask comparisons was randomized, and the assign-

ment to position A or B was counterbalanced so that each

pair appeared three times in one orientation and three times

in the other.

The subjects used custom presentation software that dis-

played two buttons labeled A and B and a seven-point

Likert-type scale (Likert, 1932) labeled from left to right,

“strongly prefer A; moderately prefer A; slightly prefer A;

no preference; slightly prefer B; moderately prefer B;

strongly prefer B.” Subjects were instructed to select how

much they preferred one sentence over the other in terms of

sound quality, and they were allowed to play each sentence

as many times as they wished. It was suggested that they

play each stimulus at least two or three times before rating.

The stimuli were presented by pressing buttons A and B, and

ratings were made by selecting one of the seven preferences

on the scale, both using the computer mouse.

Prior to the experimental task, each subject completed

practice in which each of the 15 comparisons was presented

twice and the assignment to A and B was random. The prac-

tice CID sentences not used for formal testing were used for

this stage. Subjects were tested while seated alone in a

double-walled sound booth. As in experiment 1, stimuli

were heard diotically at 65 dBA over Sennheiser HD 280

Pro headphones (Wedemark, Germany), and calibration was

performed at the start of each session.

B. Results

1. Human subjects results

To quantify the sound-quality ratings, points were

assigned as follows: no preference¼ 0; slightly prefer¼ 1;

moderately prefer¼ 2; and strongly prefer¼ 3. Figure 4 dis-

plays the scores corresponding to each comparison averaged

across subjects. Each panel corresponds to a single mask

(the reference), and the columns within that panel represent

the ratings for the various masks against that reference.

Positive values indicate the extent to which the comparison

mask was preferred over the reference, and negative values

indicate the extent to which the reference was preferred. A

value of 3.0 would indicate that the comparison was pre-

ferred over the reference in every trial by every subject, a

value of 0.0 would indicate that no preference existed on

average, and a value of �3.0 would indicate that the refer-

ence was preferred over the comparison in every trial by

every subject.

FIG. 3. STOI predictions based on the broadband acoustic stimuli employed

in experiment 1a (top panel) and the filtered stimuli employed in experiment

1b (bottom panel). For each condition, STOI values were calculated for

each W-22 utterance separately, and then averaged. Errors represent stan-

dard deviations.
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It is first notable that the comparison of each mask

against itself yielded a group mean rating of 0.0, correspond-

ing to “no preference” and suggesting that the subjects were

rating mask quality accurately. Second, the previously estab-

lished sound-quality advantage of the IRM over the IBM is

observed in these data, as the rightmost column in the top

panel and the leftmost column in the bottom panel. The mag-

nitude of this preference corresponded to “strongly prefer.”

With regard to the IQM, Fig. 4 indicates that subjects pre-

ferred its sound quality over that of the IBM. This is apparent

in the top panel where IQM preference values are all positive

(and also in each of the IQM reference panels where the value

for the IBM is negative). The magnitude of the preference

was between “moderately” and “strongly prefer” for IQM4

and IQM8. Figure 4 also indicates that the sound quality of

IQM4 and IQM8 matched or was slightly preferred over that

of the IRM. This is apparent in the bottom panel, where the

IQM4 and IQM8 ratings are slightly positive relative to the

IRM (it can also be seen in the IQM4 and IQM8 reference pan-

els where the IRM ratings are slightly negative).

Paired replicates Wilcoxon signed rank tests were con-

ducted to compare the mean sound-quality ratings for the ten

unique comparisons among T-F masks. The difference in rat-

ings was found to be statistically significant for eight of the

ten comparisons [jWj � 30.0, p� 0.04]. For each significant

difference, the mask with a greater number of attenuation

steps was rated as preferable over the mask having fewer

steps. The sound-quality ratings did not differ significantly

for the IQM4 versus IRM [W¼ 9.0, p¼ 0.55], and for the

IQM8 versus IRM [W¼ 26.0, p¼ 0.08]. Identical analyses

on medians yielded similar results (except that the intermedi-

ate comparisons between ratings for the IQM4 versus adja-

cent masks IQM3 and IQM8 no longer differed).

Figure 5 displays the percentage of trials that were pre-

ferred when masks were compared that were adjacent along

the number of attenuation steps continuum. For this analysis,

50% indicates a rating of no preference. Figure 5 shows that

an increase in attenuation steps from two (IBM) to three

(IQM3) caused the sound quality of the latter to be preferred

in over 95% of the comparisons. The preference proportion

is reduced as comparisons involve larger numbers of attenu-

ation steps, with IQM4 preferred more often than IQM3 and

IQM8 preferred slightly more often than IQM4. But that

FIG. 4. Sound-quality ratings for the various T-F masks. Masks were pre-

sented in pairs and subjects rated which was preferred and by how much on

a seven-point scale. “0” indicates “no preference,” “1” indicates “slight pref-

erence,” “2” indicates “moderate preference,” and “3” indicates “strong

preference.” Each panel displays group mean (and standard error) ratings for

each mask when compared against a given reference mask. Positive values

indicate a preference for the comparison mask, and negative values indicate

a preference for the reference.

FIG. 5. Percentage of trials in which sound quality was preferred for one

mask over another. The comparisons shown are for masks that are adjacent

along the attenuation-step continuum. 50% reflects no preference.
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trend reverses once eight attenuation steps are reached, as

the sound quality of the IQM8 was preferred slightly more

often than that of the IRM.

2. Acoustic sound-quality estimates

Sound-quality estimates corresponding to the five masks

were also assessed using the perceptual evaluation of speech

quality (PESQ; Rix et al., 2001). PESQ is a standard mea-

sure of speech sound quality based on acoustic measurement

and has a scale ranging from �0.5 to 4.5. Like STOI, it

reflects a comparison between speech-plus-noise following

processing and clean unprocessed speech. Values were cal-

culated for each of the CID sentence sound mixtures

employed (two noises/sentence), in each of the mask condi-

tions. Mean (and standard deviation) PESQ values are dis-

played in Fig. 6. Apparent is that the PESQ value increases

as the number of attenuation steps exceeds two (IBM versus

all IQMs), and values are highly similar for the IQM4 and

IRM. Comparisons across the scales corresponding to STOI

and PESQ are difficult to make, but unlike the STOI values

in Fig. 3, the PESQ values appear to display a pattern across

the five mask conditions that reflects the pattern of human-

subject ratings (also see the human-subject pattern in Fig. 7).

IV. EXPERIMENT 2b. CONFIRMING SIMILAR
SENTENCE INTELLIGIBILITY ACROSS MASK
CONDITIONS

Several steps were taken in experiment 2a to focus the

judgment on subjective sound quality and control the poten-

tially interfering influence of differential intelligibility.

Those subjects participated in no intelligibility experiments,

the experimenter remained outside of the sound booth to

avoid exposure to another voice that could potentially influ-

ence relative sound-quality judgments, and the stimuli

employed were simple sentences, which were assumed to

have similar (ceiling) intelligibility across T-F mask condi-

tions. Experiment 2b was undertaken to confirm this similar-

ity in stimulus intelligibility.

A. Method

Ten subjects were recruited from the same population as

for experiments 1a, 1b, and 2a. Nine completed the current

experiment after completing experiment 4 involving differ-

ent speech materials. All were NH as defined in experiment

1, ages ranged from 19 to 24 yr (average¼ 22.0 yr), and five

were female. Again, care was taken to ensure that none had

been exposed to the sentence materials employed in this

experiment. The stimuli were the CID sentences employed

in experiment 2a, each mixed with two cafeteria-noise seg-

ments and subjected to the five T-F masks. No sentences

were excluded for length in this experiment, as the inclusion

of very long and very short sentences would likely only

FIG. 6. PESQ estimates of sound quality based on the acoustic stimuli

employed in experiment 2a. Shown are means and standard deviations for

CID sentences mixed with cafeteria noise and processed by the five T-F

masks.

FIG. 7. Group mean subjective sound-quality rankings (and standard errors)

for the five T-F masks. A ranking of “1” indicates that the sound quality was

least preferred and a ranking of “5” indicates that the sound quality was

most preferred. (A), (B), and (C) represent rankings produced by subjects

involved in experiments 1a, 1b, and 2a, respectively. (D) displays the mean

across these subgroups.
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serve to reduce intelligibility. Subjects 1–5 heard one set of

mixtures (each sentence mixed with one noise segment) and

subjects 6–10 heard the other set (the same sentences mixed

with the other noise segment). Each subject heard 20 senten-

ces in each of the 5 T-F mask conditions. The order of condi-

tions was balanced such that each appeared in each serial

position an equal number of times across subjects. The pre-

sentation of stimuli and collection of responses involved the

same apparatus and procedures as in experiment 1. Subjects

were instructed to report back each sentence after hearing it

and to guess if unsure.

B. Results

The CID sentences each contain a number of scoring

keywords, which generally correspond to all the content

words and exclude the articles. For the current experiment,

intelligibility corresponded to percentage of keywords cor-

rectly reported, with only exact matches accepted. Group-

mean intelligibility was 99% for the sentences processed by

the IBM and 100% for the remaining T-F masks (IQM3,

IQM4, IQM8, and IRM). This result confirms the high and

uniform intelligibility of the stimuli employed for sound-

quality judgments in experiment 2a.

V. EXPERIMENT 3. SOUND-QUALITY RANKING OF
VARIOUS T-F MASKS

In this experiment, subjects ranked the T-F mask condi-

tions in order of subjective sound quality. The same highly

intelligible everyday sentence was used for each of the five

masks in order to focus the judgment on quality across

masks. The use of number or letter labels for the masks was

avoided because they carry inherent order characteristics

and, instead, each mask was assigned an arbitrary shape.

Further, these shapes were arranged in a circle on the subject

interface to further diminish any implication of linear

ordering.

A. Method

1. Subjects

The subjects were those employed for experiments 1a,

1b, and 2a, with the exception of one subject each from

experiments 1a and 1b. There were then 28 subjects, all

female, aged 19 to 29 yr (average¼ 20.6 yr).

2. Stimuli and procedure

This experiment was completed following the other

experiment that each subject participated in at the end of that

same session. The stimuli were drawn from experiment 2a

and so involved the CID everyday speech sentences in cafe-

teria noise. The first 28 sentences used for formal testing

were used in order to have a different sentence for each sub-

ject. Subjects heard that one sentence mixed with a single

noise sample processed by each of the five T-F masks. The

labels assigned to the masks were circle, triangle, star, dia-

mond, and square. The correspondence between shape and

mask condition was randomized for each subject, but the

shapes always appeared in the same position on the screen,

allowing the mask position on the screen to also be random-

ized for each subject. Subjects played the single sentence

processed by each mask by using the computer mouse to

press each of five shape-labeled buttons arranged in a circle

on a computer monitor. The presentation of stimuli involved

the same apparatus, presentation levels, and calibration as in

experiments 1 and 2. Subjects ranked the shapes in order

according to the preferred sound quality of the correspond-

ing stimulus. They did so by ordering five paper cards, each

displaying one shape, on a table in front of the computer

monitor labeled “best” at one end and “worst” at the other.

The subjects were instructed to play each sentence as many

times as desired and they were allowed to place and move

the cards as they wished. The final ordering of the cards was

documented by the experimenter.

B. Results and discussion

Figure 7 displays the average rank assigned to each T-F

mask by each subject subgroup, with 1 being the least pre-

ferred and 5 being the most preferred. Figures 7(A), 7(B),

and 7(C) correspond to the three subject groups who per-

formed the task at the end of experiments 1a, 1b, and 2a,

respectively. Figure 7(D) displays the mean across panels.

Apparent is the difference in sound-quality preference rank-

ing for the IBM versus the IRM. The IBM value equaling

1.0 in Figs. 7(B) and 7(C) indicates that it was the least pre-

ferred of the five masks for every subject, and the value just

exceeding 1.0 in Fig. 7(A) reflects that it was the least pre-

ferred by all but one subject. Also apparent is the increase in

sound-quality ranking as more than two attenuation steps are

introduced. On average across groups, the IQM4 ranking

approximated that for the IRM. And for each subject group,

the IQM8 ranking matched or exceeded that for the IRM.

It is not simple to predict the influence that a prior task

can have on judgments of subjective sound quality. This is

why the current experiment was repeated with each of the

subjects in experiments 1a, 1b, and 2a. In these prior experi-

ments, subjects heard speech that was similarly (experiment

1a), differently (experiment 1b), or equally intelligible

(experiment 2a) in each condition, and they focused on intel-

ligibility (experiments 1a and 1b) or sound quality (experi-

ment 2a). Perhaps as a result of these differing prior

experimental experiences, the patterns across Figs.

7(A)–7(C) differ somewhat. Obviously, if one had to choose

which pattern was most representative of the population

based on statistical variability and sampling theory, the

mean would be selected [Fig. 7(D)]. But it is also likely that

immediately prior conditions involving intelligibility (as is

often done in research of this type) can influence subsequent

judgments of subjective sound quality. It is reasonable to

assume that a more understandable stimulus will become

“preferred” after many intelligibility trials, potentially mak-

ing it difficult to assess sound quality free of this preference

bias in subsequent trials. Accordingly, it is possible to specu-

late that the subjects from experiment 2a whose immediate

prior experience with the same processing involved only

judgments of sound quality of equal-intelligibility stimuli
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best represent “pure” or uninfluenced subjective sound-

quality judgments [Fig. 7(C)].

VI. EXPERIMENT 4. INTELLIGIBILITY PRODUCED BY
VARIOUS T-F MASKS IN A HIGHLY MODULATED
BACKGROUND

In this experiment, the intelligibility resulting from each

of the five T-F masks was assessed for speech in a different

background noise: interference consisting of a single com-

peting talker. The rationale is twofold. First, it was of gen-

eral interest to assess the ideal quantized masking of speech

in a very different background type. Whereas cafeteria noise

represents a most ecologically valid masker, single-talker

interference represents a masker that is one of the most

acoustically different—one that is characterized by far

greater spectro-temporal modulation. More specific motiva-

tion involves the possibility that the different background

type may influence the IRM � IBM intelligibility difference

that the IQM is attempting to bridge (see Madhu et al., 2013;

Koning et al., 2015). The stimuli in this experiment were fil-

tered as in experiment 1b in order to eliminate ceiling effects

and maximize the ability to observe intelligibility differences

across the T-F masks.

A. Method

1. Subjects

A total of ten NH subjects were recruited from the

population employed for experiments 1–3. Ages ranged

from 19 to 24 yr (mean¼ 22.0 yr), and six were female.

Normal hearing was defined as in experiment 1, compen-

sation again consisted of extra course credit, and these

subjects were all entirely naive to the speech materials

employed.

2. Stimuli and procedure

The stimuli were highly similar to those employed in

experiment 1b in order to facilitate direct comparison. The

same 195 CID W-22 word recordings were employed as tar-

get stimuli. The background consisted of standard male-

talker sentence recordings from the AzBio test (Spahr et al.,
2012). These sentences were concatenated, and a back-

ground was selected for each target utterance by selecting a

segment having a random start point and the same duration

as the target speech (including carrier phrase). Each of the

target utterances was mixed with background interference at

both �10 and �20 dB SNR to create two sets of stimuli. The

motivation for the more highly negative SNR comes in part

from Madhu et al. (2013) and Koning et al. (2015), who

found that the IRM� IBM intelligibility difference can be

larger at more negative SNRs in modulated backgrounds.

The same target speech-plus-interference pairs were

employed for both SNRs in order to isolate the effect of

SNR. This speech-plus-noise was subjected to the five T-F

masking conditions using the same processing employed in

experiment 1b, including 750–3000 Hz filtering. Also as in

experiment 1, the LC was 5 dB below the input SNR.

3. Procedure

The presentation of signals and testing of subjects was

accomplished using the apparatus and procedures of experi-

ment 1. Subjects were randomly assigned to one of two

groups, each hearing a different overall SNR. As in experi-

ment 1, subjects heard 13 words in each T-F mask condition

in each of 3 blocks, and condition order and word list-to-

condition correspondence was randomized for each subject

and block. Also as in experiment 1, practice using the same

25 CNC words preceded formal testing. In the current exper-

iment, the first five practice words were heard unfiltered, one

in each T-F mask condition, followed by four words in each

filtered mask condition in order of decreasing number of

attenuation steps. The SNR employed for practice was the

same as that employed for formal testing.

B. Results and discussion

Figure 8 displays group mean intelligibility in each T-F

mask condition. Scores for the group hearing the SNR of

�10 dB are displayed in the top panel and scores for the

group hearing �20 dB are in the bottom panel. The pattern

of scores across T-F mask conditions is highly similar to that

observed in the lower panel of Fig. 2 where the background

was cafeteria noise. The IRM produced higher scores than

the IBM at both SNRs, the IQM3 showed improvements

over the IBM, and scores for the IQM4 and IQM8 matched

or exceeded those observed for the IRM. It is potentially

interesting to note that scores for the IQM8 are all highly

similar (�70% correct) across the different noise types and

SNRs employed across experiments involving filtering,

whereas scores for the IBM and IRM appear to depend more

on noise type and SNR.

Scores were subjected to RAU transform and a two-way

mixed ANOVA (2 SNR groups � 5 mask conditions). Both

main effects {SNR: [F(1,8)¼ 29.9, p< 0.001], mask:

[F(4,32)¼ 44.9, p< 0.001]} and the interaction [F(4,32)¼ 3.8,
p< 0.05] were significant. Post hoc Holm-Sidak pairwise com-

parisons among the five T-F mask conditions at �10 dB SNR

indicated that the IQM and IRM scores were higher than the

IBM score (p� 0.02), but that they did not differ from one

another (p� 0.10). Comparisons at �20 dB SNR revealed the

same pattern with the addition that scores for the IQM8 were

significantly higher than those for both the IQM3 (p< 0.001)

and IRM (p< 0.05).

VII. GENERAL DISCUSSION

It is first important to note that all of the T-F masks

tested currently produced vast intelligibility improvements

over unprocessed speech in noise. As part of another study,

12 NH subjects heard the same W-22 word recordings in the

same cafeteria noise recording at an SNR of �8 dB, but oth-

erwise unprocessed. This formal testing employing highly

similar procedures revealed a group-mean word-recognition

score of 6.0% (standard error¼ 1.3%). Accordingly, the

SNR of �10 dB employed currently should be expected to

yield an unprocessed score at or near zero. The upper panel

of Fig. 2 therefore shows improvements relative to that zero
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baseline. But of primary interest in the current study were

the relative intelligibilities and sound qualities produced by

the different masks. More specifically, it was examined

whether an IQM having only a very small number of attenu-

ation steps could match the performance of a mask having

an infinite number of steps.

Speech stimuli were employed that help alleviate ceiling

effects, while still possessing phonetic diversity, coarticula-

tion, and other aspects of normal human communication.

(What the W-22 word lists lack are semantic content and its

associated top-down processing, which may tend to increase

reliance on the bottom-up acoustic nature of the acoustic sig-

nal.) Further measures to mitigate ceiling effects included

band-limiting the signal to a two-octave band in the

information-rich center of the speech spectrum. Whereas

sentence materials tend to produce similar scores at or near

100% correct when subjected to both IBM and IRM process-

ing, the current study revealed substantial differences

between speech-recognition accuracy resulting from these

two existing techniques. The top panel of Fig. 2 shows a

25%-point advantage for the IRM over the IBM, despite that

the broadband IRM score is limited by a ceiling value. In the

bottom panel of Fig. 2, where ceiling effects are absent, the

advantage is 36% points.

Figure 2 also shows that the IQM is capable of matching

or numerically exceeding the speech-recognition perfor-

mance of the IRM with as few as 4–8 steps. This is apparent

in both broadband (top panel) and filtered conditions (bottom

panel). These data in the ecologically valid cafeteria noise

are replicated for a single interfering talker in Fig. 8. This

latter background represents a more special case, and in

many ways a limiting case, because it represents one of our

most highly modulated naturally occurring backgrounds.

The same pattern of results was found, with the IQM8 signif-

icantly outperforming the IRM at the less favorable SNR

employed.

Sound quality was also assessed in the current study

because it is an important consideration for a variety of

applications. Most notably, HI listeners are highly sensitive

to speech sound quality, and unnatural quality would serve

to exacerbate the already low satisfaction and compliance

with hearing-aid use (see Knudsen et al., 2010). The sound-

quality advantage of the ideal soft mask over the ideal hard

mask is well established (see Madhu et al., 2013, for com-

parison of ideal masks and Wang et al., 2014, for compari-

son of algorithm-estimated masks). In the current study,

subjects performed numerical ratings of sound quality and

also ranked the various masks according to sound quality. It

was confirmed that the sound-quality advantage of the IRM

is considerable (it was “strongly preferred” over the IBM).

And it was found that this advantage can be entirely captured

by an IQM having as few as 4–8 steps. In fact, the numerical

ratings, the proportion of preferences, the objective PESQ

measure, and the rankings were all better for the IQM8 than

the IRM.

One question that may arise is how a quantized mask

can numerically or significantly outperform a mask with infi-

nite resolution. One possible explanation involves the deci-

sion to zero units at the lowest SNR step in the current IQM

implementation. This makes the current IQM like the IBM

in which units are zeroed and replaced with silence (noise

floor of the system), but unlike the IRM in which units are

attenuated but rarely zeroed. The decision may have served

to improve the sound quality, and possibly even the intelligi-

bility, of the IQM so that it could exceed that of the IRM.

This implementation represents one example of how manip-

ulation of attenuation scalars may serve to improve sound

quality and/or intelligibility. Another example is provided

by the work of Anzalone et al. (2006), who employed an

IBM having scalars of 0.2 and 1 (corresponding to an attenu-

ation difference of less than 20 dB), rather than the tradi-

tional 0 and 1, in order to avoid “musical noise.”

The current work is also reminiscent of that from

Loizou et al. (2000), who quantized the temporal amplitude

envelopes of speech into 2–32 steps. It was found that speech

recognition asymptoted at roughly eight steps for cochlear-

implant users and for NH listeners hearing a vocoder simula-

tion, suggesting that high amplitude resolution is not

necessary. But the apparent similarity is only on the surface.

Loizou et al. (2000) examined the amount of amplitude-

envelope resolution required to understand speech in quiet

when that speech was restricted to a small number of spectral

channels. Although the number-of-steps results are consis-

tent with those found currently, there is little reason to

believe that results involving envelope detail for low spectral

resolution speech in quiet would apply to the current investi-

gation of T-F unit attenuation resolution required to most

FIG. 8. Group mean W-22 word recognition (and standard errors) for NH

subjects hearing speech in a single-talker background at SNRs of �10 dB

(top panel) and �20 dB (bottom panel) after processing by five different T-F

masks. As in the bottom panel of Fig. 2, stimuli were filtered from 750 to

3000 Hz in order to avoid ceiling recognition values.
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effectively improve the intelligibility and quality of normal

spectral-resolution speech in background noise.

Factors remaining to be considered include the particu-

lar mapping of IQM attenuation to SNR and the number of

steps in the IQM. As indicated earlier, the current IQM map-

ping was based on current masks for comparison.

Performance improvements may be possible with different

mappings. With regard to the number of steps, the lower

range was investigated in the current study. Because compu-

tational simplicity is a goal, maximum performance at a min-

imum number of steps is desirable. It is possible that an IQM

having more than eight steps might yield even better perfor-

mance, but the improvement ceiling may be limited given

that the IQM4 and IQM8 can match or exceed the perfor-

mance of the IRM. On the other hand, increasing the IQM

step number above 4–8 might possibly yield better perfor-

mance if the IQM is estimated, rather than calculated in ideal

fashion.

The masks tested currently were all ideal. But their esti-

mation based on only the speech-plus-noise mixture is possi-

ble using techniques of deep learning, as described in Sec. I.

Two main considerations for the estimation of the masks

involved in the current study include the fundamental learn-

ing scheme involved and the impact of estimation errors. As

described in Sec. I, IBM estimation involves classification in

which the machine learns to divide T-F units into N catego-

ries, where N¼ 2. The machine is essentially learning the

single boundary. The scheme is fundamentally different dur-

ing IRM estimation in which the machine learns to assign

attenuation to each T-F unit. This latter scheme involves

learning of the regression function underlying the continuous

relationship between attenuation and SNR characteristics

(based on features delivered to the algorithm). The algorith-

mic advantages of IQM estimation are yet to be established.

But the nature of the IQM dictates that its estimation

involves classification, and so corresponding advantages

may be anticipated. This is especially true because the num-

ber of classification boundary values can be very low

(IQM4¼ 3 boundaries and IQM8¼ 7 boundaries).

Another issue surrounding the machine estimation of

these masks involves estimation errors. Healy et al. (2014)

examined the perceptual consequences of estimated versus

ideal hard masks and found that estimation by a trained deep

neural network (DNN) resulted in a mask that was not defi-

cient in any one category of speech cues but instead deliv-

ered each cue with a similar degree of imperfect accuracy.

As described in Sec. I, Madhu et al. (2013), Wang et al.
(2014), Koning et al. (2015), and Bentsen et al. (2018) all

suggested or found that soft masks are more robust to esti-

mation errors relative to binary masks. The explanation was

that errors in the IBM are necessarily vast in magnitude (i.e.,

discard units that should be retained or retain units that

should be discarded). But in the soft mask, errors can be

large or very slight in attenuation magnitude, and so are

smaller on average. The IQM likely captures this advantage

as well. IQM error magnitude necessarily has a lower bound

determined by the magnitude of the attenuation difference

across adjacent steps. But an error of one classification step

will always be smaller in the IQM (having> 2 steps) than in

the IBM.

The comparisons described in the current study between

the performance of the IBM versus that of the IRM largely

involve ideal versions of the masks. These comparisons

allow inherent properties of the masks to be assessed. But

comparisons have also been made between machine-

estimated versions of these masks. Wang et al. (2014) and

Bentsen et al. (2018) estimated both masks using the same

DNN. Wang et al. (2014) found that the IRM outperformed

the IBM on objective measures of sound quality, and

Bentsen et al. (2018) found that the IRM outperformed the

IBM in terms of human speech intelligibility. These results

are important, but multifaceted. At least two main factors are

involved in the estimated IBM versus IRM comparison—

those associated with inherent properties of the masks and

those associated with their estimation via machine learning.

The current results suggest that at least some of the IRM

advantage is attributable to fundamental aspects of the mask

itself. But it is also possible that some of the observed differ-

ences between estimated masks reflect different estimation-

error magnitudes or other factors associated with machine

estimation. Additional work is required to establish the

extent to which fundamental attributes of these masks inter-

act with estimation aspects.

VIII. CONCLUSIONS

A. Intelligibility

(1) When ceiling effects are removed, the IBM and IRM

produce different intelligibilities of speech in noise, with

the IRM being superior.

(2) Intelligibility benefit is observed when more than two

attenuation steps are introduced to the T-F mask.

Accordingly, all IQMs displayed higher intelligibility

than the IBM.

(3) The intelligibility benefit of the IRM can be entirely cap-

tured with an IQM having as few as 4–8 attenuation

steps (IQM4, IQM8). The IQM8 numerically or signifi-

cantly exceeded the intelligibility of the IRM in every

condition.

(4) Conclusions (1)–(3) hold for the ecologically valid cafe-

teria noise (experiments 1a, 1b) and the far more highly

modulated single-talker interference (experiment 4), and

also across different SNRs, suggesting that the results

are not restricted to a single set of conditions.

(5) The acoustic analysis STOI did not predict the magni-

tude of intelligibility differences observed currently

across the T-F masks tested.

B. Sound quality

(1) Sound-quality ratings improve when more than two

attenuation steps are applied to the T-F mask.

Accordingly, all of the IQMs were rated more favorably

than the IBM. The IQM3 was preferred in over 95% of

the comparisons to the IBM, and the IQM4 and IQM8

were “moderately” to “strongly” preferred over the IBM.
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(2) The sound-quality advantage of the IRM over the IBM

can be entirely captured by an IQM having as few as 4–8

attenuation steps (IQM4, IQM8). The numerical sound-

quality ratings for the IQM4 and IQM8 were slightly

above that for the IRM.

(3) The ranking of T-F masks from least to most preferred

based on subjective sound quality also revealed that the

sound-quality advantage of the IRM over the IBM can

be entirely captured with as few as 4–8 attenuation steps.

On average, the sound-quality rankings for the IQM4 and

IQM8 approximated or exceeded that for the IRM.

(4) The acoustic analysis PESQ predicted the pattern of

sound-quality ratings and rankings across T-F masks

observed currently.

(5) It is suggested that prior exposure to conditions involv-

ing an intelligibility task can influence subsequent judg-

ments of subjective sound quality for stimuli processed

in a similar fashion. But one can speculate that this influ-

ence is diminished if the prior task involves (i) the intel-

ligibility of stimuli all having highly similar or the same

intelligibilities, or (ii) only sound-quality judgments of

speech stimuli having highly similar or the same

intelligibilities.

C. Computational aspects

(1) Estimation of typical T-F masks using deep learning or

other means involves either classification into a small

number of categories or regression, with the former

potentially representing a more basic form of machine

learning. IQM estimation involves classification into a

small number of categories, making it like the IBM and

unlike the regression-based IRM. This characteristic

may allow the IQM to possess computational advantages

over the IRM.

(2) Soft masks (e.g., IRM) are typically more robust to esti-

mation errors relative to hard masks (e.g., IBM), because

errors are smaller in average magnitude. The IQM may

also possess this advantage over the IBM.
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