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Fast-acting amplitude compression is used extensively in the professional audio industry.
Such compression can impede perception of the independent sound sources within a com-
plex signal. However, listeners may partially compensate for this by using greater mental
effort. To test this idea, young, normal-hearing university students were required to report
the keywords from two simultaneously presented sentences, either with or without a second-
ary task. The sentences were uncompressed or were compressed by moderate or severe
amounts. When the secondary task was required, the time taken to perform the tasks in-
creased with increasing amount of compression, demonstrating that the listeners were near
the limit of the mental effort that they could expend. Measured effects disappeared gradually
with increased experience of the tasks.

0 INTRODUCTION

Amplitude compression is used in the audio industry to

keep a signal within the dynamic range of the equipment

that reproduces, transmits, or stores the signal. It is also

used to increase loudness. For a fixed root-mean-square

(rms) level, multichannel compression increases the per-

ceived loudness [1]. In addition compression reduces the

peak-to-mean ratio of the signal, allowing an increase in

mean level and therefore a further increase in loudness, for

the same peak level. This aspect of compression is causing

considerable public concern, especially in relation to the

loudness of commercials. Also, compression is used to in-

crease the “impact” of a recording. The mean digital level

used on CDs has increased dramatically from the time they

were first introduced [2]. This is illustrated in Fig. 1, which

shows the distribution of levels measured in 10-ms rectan-

gular windows from two CDs by the same artists, one

recorded in 1987 (dashed curve) and one recorded in 1995

(solid curve); all levels are expressed relative to full scale.

The distribution is moved toward higher levels for the later

recording and shows a more restricted distribution of levels

on the upper side. A comparison of different versions of the

same track released at different times by an artist shows a

more restricted dynamic range for the later release [3]. This

is illustrated in Fig. 2. The upper trace [Fig. 2(a)] is a

sample of the waveform from the left channel of a compi-

lation CD of greatest hits released in 1986. Fig. 2(b) shows

a corresponding extract from a remastered CD released in

1995, based on the original album from which the greatest

hits CD was compiled. Notice that in the 1995 release,

signal peaks that are minutes apart in the performance

have the same digital value, something that would be very

unlikely to occur with an uncompressed signal.

Multichannel compression is also used extensively in hear-

ing aids to overcome the reduced dynamic range associated

with a cochlear hearing loss [4]. For a person with such a

loss, weak sounds are inaudible but intense sounds have a

similar loudness to that perceived by normal-hearing listen-

ers: the loudness appears to “catch up” at high sound levels,
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a process known as recruitment [5]. To a first approxima-

tion, recruitment can be thought of as a form of fast-acting

signal expansion [6]. Partial compensation for this can be

achieved by the use of fast-acting compression, which can

restore the audibility of weak sounds while preventing in-

tense sounds from becoming uncomfortably loud [7].

Although compression can be used to achieve desired

effects, as discussed, it may also have deleterious side

effects. Information in an acoustic signal is conveyed by

changes in amplitude and frequency over time. Compres-

sion reduces temporal contrast, that is, amplitude variation

of the signal envelope over time, the amount of reduction

depending on the speed, compression ratio, and design of

the compressor [8], [9]. Multichannel compression also re-

duces spectral contrast, the amplitude variation across fre-

quency, the amount of reduction depending on number of

channels, compression speed, and compression ratio [10].

Loss of both temporal and spectral contrasts reduces the

information available to the auditory system [10], [11].

However, for speech in quiet, intelligibility remains high

even when fast-acting compression is applied in many

channels [12]. There appears to be an excess or redundancy

of information in the speech signal. This is less true when a

competing signal, such as noise, is present, but even so, fast

compression applied in many channels has only a moderate

deleterious effect on intelligibility [13].

Stone and Moore [14], [15] assessed the effect of com-

pression in a task that required identification of a target

talker in a background talker. The signals were passed

through a noise vocoder [16] which provided information

only about low-rate temporal envelope cues in a few fre-

quency bands. They showed that, for normal-hearing listen-

ers, intelligibility worsened as the speed and the number

of channels of compression were increased. They identified

a factor, which they quantified with a measure called

across-source modulation correlation (ASMC), that was

related to the intelligibility scores found in different com-

pression conditions [17]. During the process of compres-

sion, the signals derived from the target and background

talkers, which were previously independent, acquired a

common component of amplitude modulation, produced

by the time-varying gain of the compressor within each

compression channel (a form of cross modulation). When

assigning components to their appropriate sources, com-

mon modulation is one of the factors that the brain uses

to group components together [18]. Hence sound sources

that would usually be perceived as independent can be-

come perceptually fused after compression. So far the

potential deleterious effects of cross modulation have not

been investigated for normal-hearing people listening to

nonvocoded speech.

Informal discussions with UK studio managers indicate

that they believe a moderate amount of compression to be a

necessary part of signal control, helping to maintain audi-

bility in the user’s listening environment, which is not

always quiet. Subjectively, moderate compression does

not appear to degrade the extraction of information from a

complex signal. However, analysis of signals from off-air

FM transmissions, as well as of music recordings on CD,

shows that the amount of compression routinely employed

is severe, and is close to that found with fast-acting limit-

ers. Some listeners report that signals compressed in this

way are lifeless and muddy, and that prolonged listening,

even at levels below those that are damaging to the ear,

is fatiguing. Such effects are sometimes described and

measured in terms of subjective listening difficulty [19],

[20]. We hypothesize here that, although listeners may be

able to extract all the relevant information from a highly

compressed complex signal, this may require greater men-

tal (cognitive) effort [21] than for uncompressed signals.

Fig. 1. Distribution of levels measured in 10-ms rectangular
windows, expressed relative to full scale, for different CDs re-
leased by same artists in 1987 (- - -) and 1995 (—).

Fig. 2. Samples of waveforms from left channels of CDs of same track by same artist. (a) Released in 1986. (b) Released in 1995.
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The experiment described here assessed whether more

effort is required to interpret complex compressed signals

than to interpret uncompressed signals. Young university

students with normal hearing were asked to identify the

keywords from each of two simultaneously presented sen-

tences. The speech was processed with varying amounts

of compression. Compression was applied either after

mixing, so as to give rise to cross modulation, or before

mixing, so as to avoid cross modulation. On some of the

trials an additional, visual task was introduced to provide

a means of manipulating cognitive effort. Both the accu-

racy of performance in reporting keywords in the speech

and two measures of reaction time were recorded.

1 STATISTICAL DISTRIBUTION OF LEVELS IN
SPEECH BEFORE AND AFTER COMPRESSION

Compression is a highly nonlinear process, and hence is

very difficult to “reverse engineer.” We wanted to simu-

late the type of compression processing that is typically

applied to broadcast speech signals. We therefore aimed

to design a compression system that produced speech

signals with spectrotemporal characteristics similar to

those in FM broadcasts.

One characteristic of speech that is affected by com-

pression is its distribution of signal levels, as measured

over various time scales. These distributions have been

characterized in the literature by the analysis of passages

of continuous prose. Typically the speech has been band-

pass filtered and windowed into short time frames. The

level of each frame has been calculated, and histograms

were constructed of the levels of the frames, for each

center frequency of the bandpass filter [22]–[25]. Record-

ing, background, or breathing noises generally dominate

the lowest 5% of levels in the cumulative distributions. It

is therefore common to regard the dynamic range of

speech as the range between the lowest 5% and the top

1% of frames of the cumulative distributions. Typically

this range is about 40–50 dB. The time frame is reduced,

the dynamic range increases [25]–[27]. We analyzed such

distributions of levels to characterize the effects of com-

pression applied to speech signals.

Our analyses were performed using frequency channels

whose bandwidths were chosen based on a perceptually

relevant scale, the ERBN-number scale, where ERBN

denotes the equivalent rectangular bandwidth of the audi-

tory filter for young, normal-hearing listeners for signals

presented at a moderate level [28], [29]. Fig. 3 shows the

distribution of levels from a single male talker using band-

pass filters of 2-ERBN width, centered at 2-ERBN incre-

ments on the ERBN-number scale. The use of 2-ERBN

widths corresponds reasonably closely to one-third octave

analysis for midrange frequencies. The length of the time

frame over which the level was calculated was 125 ms,

with rectangular weighting, but each frame was overlapped

by two-thirds with its neighbor to obtain a smoother distri-

bution. A frame length of 125 ms has long been used for

measuring speech levels [22], and so has become a de facto

standard. The source material was 55 s of continuous

speech recorded with no reverberation, and was one of the

male speakers from the database described in Moore et al.

[25]. The results for this talker were typical of those for

male talkers from the corpus. The recording was hand

edited to remove pauses for breath and long pauses be-

tween sentences, until natural sounding gaps of between

100 and 300 ms were left. No dynamic range control was

employed anywhere in the signal path. The analysis shown

in Fig. 3 was performed off line using MATLAB.

The abscissa shows the center frequency of the 2-ERBN-

wide band. The ordinate is the relative level in dB. The

dashed line shows the relative rms level in each band,

scaled so that the level of the band with the highest level is

set to 0 dB. This line indicates the spectral shape of the

speech for that specific talker. We use the word “exceed-

ance” to refer to the percentage of time that the level in

a given band exceeds a certain level, relative to the rms

level in that band. The solid lines with circles are equal-

exceedance contours (EECs). For example, the line labeled

20 is the 20% EEC; it shows the level that was exceeded for

20% of the frames. For EECs between 1 and 20% the con-

tours are nearly parallel to each other. The dominance of

recording noise in the lowest 5% of the distribution for each

center frequency, which corresponds to the region below

the 95% EEC, is indicated by the close spacing of the con-

tours, especially at high frequencies. The dynamic range,

specified as the distance between the 1 and 95% EECs, is

40–48 dB, depending on the center frequency.

Fig. 4 shows EECs for 57 s of a male talker, recorded in

stereo from an FM BBC radio channel in England via a

Zoom H2 handy recorder using a sampling rate of 44.1

kHz and a resolution of 16 bit. Again, no known dynamic

range control was performed in the signal path after the

radio transmitter. The signal was centered in the stereo

mix, and so was converted to mono by the addition of the

left and right channels with equal weights. Notice that the

EECs are much closer together than for the unprocessed

speech in Fig. 3, especially for the contour range of

1–50%. The distance between the 1 and 95% EECs is

Fig. 3. Distribution of levels in 125-ms frames for male talker,
recorded with no compression in signal chain.
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about 30 dB, more at low frequencies and less at higher

frequencies, and is much less than in Fig. 3. The conver-

gence of contours above 10 kHz is due to background

noise, especially for the last center frequency (19 kHz)

where there is no information in the broadcast signal due

to the 15-kHz low-pass filter routinely employed in FM

transmissions.

These figures only give a snapshot of the level distribu-

tions measured using analysis frames with a duration of

125 ms. Besides altering the distribution of levels, multi-

channel compression also reduces the peak-to-mean ratio

of complex signals, as will be shown later.

2 DESIGN OF PROCESSING STAGES

In the audio industry multichannel compression is com-

monly performed using specialist black boxes, sometimes

called “loudness optimizers.” Although much of the detail

of loudness optimizers is proprietary, part of the pro-

cessing chain typically consists of an equalizer (used to

adjust timbre; see later for details), followed by a multi-

channel compressor and a fast limiter, as illustrated in

Fig. 5. The number of channels N is typically between

3 and 6, depending on the manufacturer. We used this as

the basis of our system design. The intention was that the

processing should produce good audio quality, with few

audible artifacts, combined with a similar reduction in

signal peak levels and distribution of levels as a function

of frequency to that found in professional broadcasts for

the same type of program material. The method for the

choice of system parameters, such as compression speeds,

ratios, and thresholds, is given in Section 2.4.

2.1 Equalization to Adjust Timbre

Compared to the long-term average spectrum of unpro-

cessed speech [24], [25], the spectra of off-air recorded

speech signals showed more low- and high-frequency en-

ergy and less midfrequency energy, although the equaliza-

tion used in the off-air recordings showed large variations

both for a given broadcaster and across different broad-

casters. Typical examples of long-term spectra of unpro-

cessed and off-air speech signals are shown by the dashed

lines in Fig. 3 and 4. A finite-impulse-response (FIR) filter

was used to produce this difference in overall spectral

shape. The filter was applied before the compression, but

is was designed so that, following compression, the aver-

age spectra of the processed signals resembled those typi-

cal of FM broadcasts. The gain increased smoothly from

9 dB at the lowest frequencies (50 Hz) to reach a local

maximum of 13 dB around 141 Hz. The gain then de-

creased smoothly to 0 dB at 450 Hz. The gain was 0 dB

between 450 and 700 Hz. The gain increased smoothly

between 700 and 8000 Hz, and remained at 18 dB for

frequencies of 8000 Hz and above. At first sight the effec-

tive midfrequency dip produced by this filter seems large.

However, after multichannel compression the effect on the

long-term average spectral shape was smaller.

2.2 Multichannel Compression

Initially the signal was filtered into five channels using

FIR bandpass filters of variable length. The length was

chosen so that the transition region of the response of each

filter was similar when plotted on a logarithmic frequency

scale. The channel center frequencies were spaced by 7.5

ERBN. Edge frequencies between the channels were 505,

1420, 3429, and 7937 Hz. The filters were designed as the

convolution of a high-pass stage with a low-pass stage.

The high-pass stage of channel N +1 was the complement

of the low-pass stage of channel N, so their responses

intercepted at –6 dB. This ensured channel recombina-

tion with very little deviation from a flat passband. The

stopband responses did not exceed –65 dB relative to the

passband response. The variable-length FIRs introduced a

variation in delay across channels, which was removed

before further processing.

Fig. 5. Block diagram of dynamic range compression processing typically used in broadcasting.

Fig. 4. Distribution of levels in 125-ms frames for male talker,
recorded from FM radio station.
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The method of estimating signal levels was identical

for each channel. The channel signal was full-wave recti-

fied and smoothed by a two-pole Bessel-derived low-pass

filter with a corner frequency of 8 Hz. This filter had

minimal overshoot, similar to that found in the loop filter

used by Stikvoort [30], and had near-symmetric attack

and release times of about 32 ms each. The envelope filter

introduced a delay of 19 ms; hence the audio was delayed

by this amount in order to time align the gain signal and

the audio signal. This is effectively a form of look ahead

[31]. The compensating delay helped to reduce overshoot

and undershoot effects. The compressor had almost no

effect on envelope modulation for modulation rates above

30 Hz, and it introduced little harmonic or intermodula-

tion distortion [32].

The compression ratio (CR) was the same for each

channel, and was either 1 (no compression), 1.82 (moder-

ate compression), or 10 (severe compression). Following

Moore et al. [1], the compression threshold in each chan-

nel was set to 3 dB below the rms level in that channel,

which avoided excessive pumping and gave a subjective

impression similar to that for off-air broadcasts. After

compression the channel signals were combined.

2.3 Look-Ahead Wide-Band
Compression Limiting

Although the channel compressors reduced the peak

levels within each channel markedly, the reduction in the

peak levels of the wide-band signal produced by com-

bining the channel outputs was not so marked. The pur-

pose of the single-channel fast-acting compression limiter

was to reduce instantaneous peaks whose level was more

than a certain amount above the long-term rms level of

the wide-band signal. For the moderate compression sys-

tem the CR was set to 1.82 (the same as for the multi-

channel compressor), and the compression threshold was

set 12 dB above the rms level at the output of the multi-

channel compressor. For the severe compression system

the CR was set to 10 and the compression threshold was

set 10 dB above the rms level at the output of the multi-

channel compressor. Consequently the compressor was

activated infrequently, between 4 and 8% of the time.

The level estimate was implemented with a simple ex-

ponential attack and release of the full-wave rectified

signal. The attack time was 0.15 ms, and the release time

was 5 ms. A compensating delay of 0.125 ms was added

to the audio before application of the gain, to prevent

overshoot (the look ahead). The level estimator used in

the compressor included a peak-hold feature. When the

compression threshold was exceeded and the level estima-

tor was in attack mode, a counter was incremented as the

gain decreased. When the instantaneous level fell back

below that of the level estimator, the estimator went into

release mode. In release mode the counter was decrement-

ed until it reached zero. While the counter was greater

than zero, the estimator peak value was not allowed to

recover. The maximum hold time was 2 ms; the exact

length depended on the length of time that the estimator

has been in the attack mode.

Although this compressor was very fast, and therefore

introduced some intermodulation distortion, the gain

changes introduced by the compressor were small, maxi-

mally 3–4 dB. Hence the distortion was unlikely to be

subjectively disturbing [33].

2.4 Comparison of Compressed and
Off-Air Signals

The parameters of the processing system described

were chosen so as to provide a reasonable spectral and

dynamic match to off-air signals. Fig. 6 shows the EECs,

calculated using 125-ms overlapping time frames, for the

same recording as used to produced Fig. 3, after severe

compression using the processing described before. Com-

paring this to Fig. 4, the contour levels are similar for

EECs down to 80%.

Figs. 4 and 6 were derived using relatively long 125-ms

time frames. Fast-acting compressors also reduce the

dynamic range over much shorter time scales. Figs. 7

and 8 show EECs derived using 10-ms frames, compara-

ble in duration to the temporal window of the auditory

system as determined by using nonsimultaneous masking

[34], [35]. Fig. 7 shows the EECs for the same recording

as was used to produce Fig. 3, after severe compression.

Fig. 8 shows EECs for the same FM broadcast as was

used to produce Fig. 4. Again, there is a reasonably good

match, but this time only for EECs down to 50%. We

conclude that our processing produced a distribution of

short-term levels similar to that occurring in (compressed)

FM broadcasts.

For the broad-band signal, reductions in peak level rel-

ative to the rms level were achieved mainly by the com-

pression limiter. The effect of this can be examined by

considering the levels that were exceeded for only a small

percentage of the time. Fig. 9 shows the 1% exceedance

values for wide-band signals for a variety of analysis

frame lengths, ranging from 0.1 to 10 ms, in steps of a

factor of 3.16 (10½), based on examples of single-talker

speech. The dashed lines show values as a function of CR

Fig. 6. Distribution of levels in 125-ms frames for same male
talker as for Fig. 3, but processed with severe compression.
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for the processing system used in this study. The exceed-

ance values represent an average of data from five single

talkers with recordings of a mean length of 128 s (range:

55–177 s). The recordings were taken from the database

described in Moore et al. [25]. On the right-hand side

are five solid vertical lines with circle markers labeled

A to E. These show 1% exceedance values for the various

frame lengths for five different off-air recordings of

single-talker speech with an average length of 64 s (range:

30–150 s). The solid vertical line labeled X shows the

means for these five off-air signals for the five different

frame lengths (circles).

For the severe compression system used here (CR = 10)

there is an approximate match of the 1% exceedance

values to those for the mean of the off-air recordings, and

quite a close match to recording C, but there is also a wide

spread across the different broadcasters (a wide spread

was sometimes found even for different talkers within the

same program). Compared to the off-air recordings, the

processing used did not reduce the peak levels enough for

the short frame durations, but possibly produced slightly

too much reduction for the longest frame durations. The

moderate compression system used here (CR = 1.82) pro-

duced a smaller reduction in peak levels than found for the

off-air recordings.

Overall we conclude that we were reasonably success-

ful in implementing processing that matched the effects

of the compression processing used in FM broadcasts,

as measured by the distribution of short-term levels in

the speech, both within frequency bands and for the

broad-band signal. The closest match was obtained for

the severe compression system, whereas the moderate

compression system produced an intermediate amount of

compression between that found in off-air signals and

unprocessed high-quality recordings.

3 EXPERIMENTAL DESIGN

As mentioned in the Introduction, speech intelligibility

in quiet is remarkably unaffected by compression. In

practice multiple sound sources are often present. For

example, speech may be heard in the presence of back-

ground talker(s) or music. This is a common situation for

radio broadcasts and also for movie sound tracks [20].

Often listeners attend to just one source while ignoring

the remainder. The process of auditory analysis of a com-

plex mixture of sounds so as to derive percepts of the

individual sound sources is called auditory scene analysis

[18], [29], [36]. Here we simulated in a laboratory setting a

repeatable scene-analysis task that had real-world applica-

bility. Listeners were required to attend to two simulta-

neously presented sentences, each containing keywords

embedded in a carrier phrase. Their task was to report back

the keywords from both sentences, which required consid-

erable cognitive effort. It should be noted that the two

sentences were presented diotically (same sound to each

ear), and were not spatially separated. This is commonly

Fig. 7. Distribution of levels in 10-ms frames for male talker
recorded from FM radio station.

Fig. 8. Distribution of levels in 10-ms frames for same male
talker as for Fig. 3, but processed with severe compression.

Fig. 9. Dashed lines with circles—1% exceedance values for
broad-band signal as a function of compression ratio, with
measurement frame length in ms as a parameter. Vertical bars
A to E—1% exceedance values for different off-air signals for
various frame lengths, X—means.
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the case for movie sound, where dialogue is usually pre-

sented via the center channel [20].

Apart from manipulating the processing applied to the

speech, cognitive effort was modulated by an additional

task which prevented listeners from making immediate

responses to the speech. This “distraction” task was design-

ed to stimulate another sense (vision) with information that

did not compete with the linguistic, numeric, or color infor-

mation in the main task. It was used on half the trials.

The rationale behind the use of the distraction task was

as follows. Fast-acting compression may make it harder to

perform scene analysis on a mixture of sounds, the segre-

gation of the two voices in the present case. However,

listeners may compensate for this by applying more ef-

fort, so any effect of the compression will not necessarily

show up in identification scores. Cognitive capacity is

believed to be a finite resource; there is a limit to the

amount of effort that can be expended [21]. Hence a

distraction task may use up some of the effort that would

otherwise be employed on the speech-identification task.

This may make it easier to reveal deleterious effects of the

fast-acting compression. The effects may show up either as

poorer performance on aspects of the main speech-identifi-

cation task, as poorer performance on the distraction task,

or both. A similar rationale has been used in studies of the

effectiveness of signal processing in hearing aids [37], [38].

3.1 Speech Stimuli and Presentation

The stimuli were based on the CRM corpus [39], which

comprises four male and four female speakers, each pro-

ducing 256 utterances of a carrier sentence “Ready

<CALLSIGN> go to <COLOR> <NUMBER> now.”

The keywords of callsign, color, and number varied

between sentences. There were eight variants of the call-

sign, four of the color, and eight of the number. The

British-English recordings were made in a carpeted,

sound-attenuated room using a Sennheiser K3N/ME40

microphone whose output was digitized at a sample rate

of 44.1 kHz with 16-bit amplitude quantization using a

LynxONE soundcard. The recording of each sentence was

edited to remove leading and trailing silences and subse-

quently normalized to the same total rms power. These

recordings were not band-limited other than by the sam-

pling rate, and so contained audible energy up to about 16

kHz, which is typical for speech [25]. The speech produc-

tion style meant that the British-English recording

contained more modulation than the original American-

English recording. Only the recordings from the male

speakers were used. Sentence lengths varied between 1.9

and 3.1 s.

Pairs of sentences were chosen with no speaker, call-

sign, color, or number in common. For each pair the

durations of the sentences differed by less than 7%, so

that they had a similar rhythm. The start of the second

sentence was offset randomly in time from the start of the

first, with a uniform distribution between �150 ms. The

mixing of the sentences was performed at equal rms

levels. The listener’s task was to identify all six keywords,

three from each talker.

In one condition the compression processing was per-

formed after mixing of the sentences, as would usually be

the case in broadcasting. This introduced cross modula-

tion between the two voices, as described earlier, so

this condition is called XMOD. In a second condition

the sentences were compressed independently and then

mixed. For this condition, called INDEP, there was no

cross modulation. A comparison of results for these two

conditions was intended to clarify the extent to which any

deleterious effect of the compression could be attributed

to cross modulation, as opposed to other effects (such as

reduction of modulation depth, or reduction of spectral

contrast), which would occur for both the XMOD and

INDEP conditions.

The stimuli were gated on and off with 20-ms half-

cosine ramps. All processing was performed off line, and

processed stimuli were played from 16-bit wav-format

files using a LynxONE soundcard hosted in a PC. Signal-

level buffering and adjustment was provided by a Mackie

1202 VLZ-pro mixing desk. Signals were presented dioti-

cally (same signal to each ear) via Sennheiser HD580

headphones, at a level of 68 dB SPL. Each listener was

seated in a double-walled, sound-isolated booth.

3.2 Listeners

Twenty-four normal-hearing university students (12 male,

12 female), with ages ranging between 20 and 32 years,

were selected for testing. All listeners had audiometric

thresholds less than 20 dB HL at octave frequencies in the

range 125 to 8000 Hz, as well as at 3000 and 6000 Hz, in

both ears. Listeners attended three sessions, held on different

days, and were paid for their participation.

3.3 Procedure

There were three sessions, one training session (two

blocks of 90 trials, taking about 1.5 h to complete) and two

testing sessions (each comprising one block of 18 trials, to

act as a “warm up,” and two blocks of 120 trials, taking in

total about 2 h to complete). Each block consisted of trials

of either INDEP or XMOD processing. Within each block

multiple examples of linear processing and moderate or

severe compression were presented randomly. The order of

presentation of blocks with INDEP and XMOD processing

was counterbalanced within and across sessions as well as

within and across the gender of the listeners.

Before the experiment started, the listeners were

briefed that data entry would be by mouse clicking on a

scorecard, as shown in Fig. 10, comprising buttons form-

ing columns adjacent to names for the callsign, color, and

number options for each of the two sentences heard. They

were told to enter the keywords spoken by one talker in

one column (chosen arbitrarily) and to enter the keywords

spoken by the other talker in the remaining column. They

were informed of the uniqueness of the talker, callsign,

color, and number in each sentence, but no mention was

made of any other strategy that they might employ to

complete the data entry. They were encouraged to find a

method during the training session with which they were

content, and to stick to that method during the testing
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sessions. They were asked to guess if they were uncertain

of any keyword.

During the presentation of the processed sentences the

scorecard was inactive, so no data entry could be per-

formed. After the signal had finished, two things could

happen:

1) In one half of the trials the scorecard became active

and data entry could begin. Once data entry was complete,

the listener clicked the Accept button and the keyword

responses for the trial were recorded. The time between

when the scorecard became active and the time when the

Accept button was clicked also recorded.

2) In the other half of the trials the scorecard remained

inactive while a square orange patch appeared at a ran-

dom angle, but fixed distance, from the Accept button.

This orange patch, the visual distractor, was clicked on to

make it disappear. The time between the appearance of

the visual distractor and its cancellation was recorded.

Once this was done, the scorecard became active and

entry of the keywords could begin. Once complete, the

listener clicked the Accept button and the responses as

well as the time between when the scorecard became

active and the Accept button being clicked was recorded.

The distractor appeared pseudorandomly, with the con-

straint that it appeared on exactly half of the trials within

a block.

After pressing the Accept button there was a short

delay during which the correct results were displayed,

and then the next trial started automatically. During this

delay it was also possible for the listener to press the

Pause button to permit a rest between trials, if desired.

Listeners made only occasional use of this, at most once

per block.

4 RESULTS

For each trial up to four measures were generated.

1) Tvisdis Time taken to clear the visual distractor,

processed statistically as log10(Tvisdis) to normalize the

variance of an otherwise skewed distribution. Tvisdis was
only available for half the trials, those when the distractor

was presented.

2) Tcard Defined as the time taken to fill the score-

card. This was also processed as log10(Tcard) to normal-

ize variance of an otherwise skewed distribution.

3) Score Number of keywords correct per trial, tak-

ing into account the allocation of keywords to the indi-

vidual talkers. To be completely correct, all keywords

spoken by a given talker should be entered in one col-

umn, and all keywords spoken by the other talker should

be entered in the other column. However, the allocation

of talkers to columns was chosen arbitrarily by the lis-

tener. The first stage in determining Score was to esti-

mate how the listener allocated talkers to columns on a

given trial. We denote the keywords presented on a

given trial by (N1, C1, and X1) and (N2, C2, and X2),

where N, C, and X denote callsign, color, and number,

respectively, and 1 and 2 denote talker 1 and talker 2,

respectively. We denote the responses on that trial by

(n1, c1, and x1) and (n2, c2, and x2), where 1 and

2 denote column 1 and column 2. We compared the

number of matches between presented and reported key-

words for two pairings:

a) (N1, C1, and X1) versus (n1, c1, and x1) and (N2,

C2, and X2) versus (n2, c2, and x2).

b) (N1, C1, and X1) versus (n2, c2, and x2) and (N2,

C2, and X2) versus (n1, c1, and x1).

Since there were fewer colors than callsigns or numbers,

which made colors easier to guess, matches for color were

assigned a weight of 2, whereas matches for callsign and

number were assigned a weight of 3. Whichever of a) and

b) gave the highest number of weighted matches was taken

as indicating the allocation of talkers to columns used by

the listener. For example, if the number of weighted

matches was higher for b), this meant that talker 2 was

allocated to column 1. Rarely the weighted matches were

equal for a) and b). When this happened, then the alloca-

tion of talkers to columns was based on whichever alloca-

tion gave the lowest number of Reversals; these are defined
in 4). Once the allocation of talkers to columns had been

determined, the number of keywords correct was deter-

mined. A keyword entered in a given column was only

counted as correct if it had been spoken by the speaker

allocated to that column. Each keyword contributed one

point to the Score, so the maximum value of Score was 6.
4) Proportion of Reversals When a listener identified

both keywords in a given category correctly (callsign,

color, or number), but entered them in the “wrong”

columns, as defined before, it was deemed that a Reversal
had occurred. The maximum number of Reversals per trial
was 1, given the method for deciding which talker was

allocated to which sentence. The proportion of ReversalsFig. 10. Screen shot of scorecard used for data collection.
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provides a measure of the extent to which words were

heard correctly but were assigned to the wrong talker.

During the data analysis it became apparent that perfor-

mance improved over time, especially during the training

session. Fig. 11 shows the across-session variation in the

four measures, collapsed across processing conditions.

Performance on all measures, except Reversals, improved

significantly across sessions. Table 1 shows the statisti-

cally significant effects of across-session changes.

Apart from the across-session changes, mean measures

showed large changes during the first block of the training

session. During the second block of the training session the

measures changed much less. Even though the presentation

order of conditions was counterbalanced, such large train-

ing effects may obscure more subtle effects of the pro-

cessing. The data for all measures were therefore adjusted

to allow for the variation in scores over time. The mean

data across listeners as a function of time within each block

were fitted with a cubic polynomial. This was done sepa-

rately for each measure. The fitted function was used to

apply an adjustment to each score within that block so as to

remove the change in mean scores across time. In addition,

adjustments were applied so that the mean scores for the

first and second blocks within a session were the same.

An analysis of variance (ANOVA) was performed on the

values for each of the four measures, with factors listener

gender, session number, amount of compression (linear,

moderate, severe), position of compression (INDEP,

XMOD), and visual distractor (VD) present or absent.

There was a significant main effect of listener gender on

Tvisdis, F(1, 33) = 10.32, p = 0.003. The mean response

time was slightly larger for females (1.24 s) than for males

(1.15 s). However, since there was no significant interac-

tion of gender with any of the other main factors, all further

results will be presented collapsed across gender. It turned

out that most of the effects related to the amount of com-

pression and the position of the compression occurred dur-

ing the training session. The effects became smaller or

disappeared in the test sessions. Hence in what follows,

we focus mainly on the results for the training session.

A separate ANOVA was conducted for each measure

for each session, with factors amount of compression,

position of compression, and VD (the latter was not a

factor for the measure Tvisdis). When an interaction was

found, additional ANOVAs were conducted to clarify the

nature of the interaction. For example, when there was an

interaction with VD, separate ANOVAs were conducted

for trials with VD and trials without VD. Fig. 12 shows

the principal statistically significant effects related to the

amount of compression, as observed during the training

session. For all measures an effect of the amount of com-

pression was only apparent when the VD was used: per-

formance always worsened with increasing amounts of

compression. Although the effect for Score was small,

the other effects were highly significant, as given in the

legend boxes. Details of the statistical analyses for the

data shown in Fig. 12 are given in Table 2.

Fig. 13 shows the principal statistically significant

effects related to the position of compression, again as

observed during the training session. Fig. 13(a) shows that

only in condition XMOD did Score decline as the amount

of compression increased. Fig. 13(b) shows that condition

XMOD produced more Reversals than condition INDEP,

but only during VD trials. Details of the statistical analy-

ses for the data shown in Fig. 13 are given in Table 3.

This pattern of results indicates that there were deleterious

effects due to the cross modulation that occurred for con-

dition XMOD but not for condition INDEP.

Although most of the effects related to the amount

and position of compression occurred during the training

session, there were some significant effects during the

first test session, and these are shown in Fig. 14. Fig. 14

(a) shows that Tcard was higher for condition XMOD
Fig. 11. Means for each of four measures, plotted as a function
of session. Only Reversals shows nonsignificant (NS) change.

Table 1. Statistically significant effects of session on various measures, and session means for those effects.

Session Mean

Measure df F Value Probability Training Test 1 Test 2

Score (2, 69) 9.40 p < 0.001 4.12 4.47 4.64

log10(Tcard) (2, 69) 22.60 p < 0.001 0.975 0.873 0.842

log10(Tvisdis) (2, 69) 24.03 p < 0.001 0.140 0.058 0.049
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than for condition INDEP, confirming the deleterious ef-

fect of the cross modulation that was present for condition

XMOD. Fig. 14(b) shows that Tcard increased with in-

creasing amount of compression (solid line). For compar-

ison, the nonsignificant effect in test session 2 is also

shown (dashed line). Fig. 14(c) shows an interaction of

the amount of compression and the position of compres-

sion. Post hoc tests showed that, for severe compression

only, Tvisdis was smaller for condition INDEP than for

condition XMOD. Details of the statistical analyses for

the data shown in Fig. 14 are given in Table 4.

5 DISCUSSION

As expected, performance improved on nearly all

aspects of the task with increasing experience of the task.

During the training session, effects of the amount and

position of the compression were found. In the presence

of the VD, with increasing amount of compression Score
declined, the number of Reversals increased, and Tcard
increased. These findings indicate that the compression

had deleterious effects. Also, the number of Reversals
was greater for condition XMOD than for condition

INDEP, indicating that at least part of the deleterious

effect of the compression was caused by cross modula-

tion, which would make it harder to segregate the two

talkers perceptually. However, the effects of compression

were reduced for the first test session, and for the second

test session no significant effect of compression was

found for any of the measures.

The most likely explanation for the failure to find

effects of compression for the second test session is that

performance on one or both aspects of the task (canceling

the VD and filling in the scorecard) became more auto-

matic with experience, requiring less cognitive effort [21].

Thus the cognitive capacity of the listeners was no longer

used up by the tasks, and listeners could compensate for

the deleterious effects of the compression by expending

more effort. The task component that probably became

most automatic was canceling of the VD. There was a

large decrease in Tvisdis, from 1.38 to 1.14 s, between

the training session and test session 1, and only a small

further decrease to 1.12 s in test session 2. Probably per-

formance of the distraction task had become largely auto-

matic by the end of test session 1.

As mentioned in the Introduction, cross modulation, as

quantified by the ASMC measure [17], is produced when

compression is applied after mixing of previously inde-

pendent sources (as in condition XMOD here). Previously

the effects of cross modulation have been demonstrated

Fig. 12. Statistically significant effects of amount of compres-
sion observed during training session when visual distractor
(VD) was present (—) and nonsignificant effects when distractor
was absent (- - -).

Table 2. Effects related to compression for training session, as shown in Fig. 12.*

Linear Moderate Severe

A. Interaction of Compression � Visual Distractor for Score: F(2, 46) = 3.72, p = 0.032

Score, Distractor OFF 4.15 4.22 4.20 NS

Score, Distractor ON 4.13 4.09 3.95 F(2, 46) = 3.95, p = 0.026

B. Interaction of Compression � Visual Distractor for Reversals: F(2, 46) = 4.07, p = 0.024

Reversals, Distractor OFF 0.373 0.381 0.362 NS

Reversals, Distractor ON 0.326 0.354 0.401 F(2, 46) = 6.37, p = 0.004

C. Interaction of Compression � Visual Distractor for log10(Tcard): F(2, 46) = 4.41, p = 0.018

log10(Tcard), Distractor OFF 0.987 0.989 0.985 NS

log10(Tcard), Distractor ON 0.953 0.963 0.975 F(2, 46) = 8.40, p < 0.001

D. Effect of Compression for log10(Tvisdis): F(2, 46) = 7.26, p = 0.002

log10(Tvisdis) 0.134 0.133 0.154

*NS—not significant.
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for normal-hearing listeners only using speech signals

with reduced spectral and temporal information [15],

[17]. One might expect it to be difficult to demonstrate

effects of cross modulation for speech that is more nearly

intact (apart from the effects of compression processing).

However, the use of a cognitively demanding task, identi-

fication of speech from both of two simultaneous talkers,

together with a distraction task, did allow us to demon-

strate effects of cross modulation, at least for the training

session. This was shown by the different scores for condi-

tions XMOD and INDEP. When severe compression was

used, condition XMOD led to lower identification scores

than condition INDEP [Fig. 13(a)]. Also the number of

Reversals was greater for condition XMOD than for con-

dition INDEP [Fig. 13(b)]. The increased number of

Reversals is consistent with the idea that cross modulation

impairs the formation of perceptual streams, making it more

difficult to know which words came from one talker and

which came from the other talker. Effects of the position of

compression were also found for test session 1. Here condi-

tion XMOD led to higher values of Tcard (longer reaction

times) than condition INDEP [Fig. 14(a)]. Also when severe

compression was used, condition XMOD led to higher

values of Tvisdis than condition INDEP [Fig. 14(c)].

The use of compression before mixing (INDEP) also

produced degraded performance for some but not all of

the measures as the amount of compression increased.

For example, during the training session when the visual

distractor was present, Tvisdis, Tcard, and the number

of Reversals all increased significantly with increas-

ing amount of compression [see Fig. 12(b)–(d)], but

there was no significant interaction between position

of compression (XMOD versus INDEP) and amount of

compression for any of these measures. These findings

presumably reflect deleterious effects of compression

other than cross modulation, such as reduction of modu-

lation depth, reduction of spectral contrast, and distortion

of envelope shape. Fig. 15 shows values of the three

measures of envelope fidelity described by Stone and

Moore [17], plotted as a function of amount of compres-

sion. The source materials for these analyses were contin-

uous running speech mixed with an unrelated sample of

continuous running speech from a different talker, but

with the same overall level. The measures are based on

an average from three different analyses, with speech

samples ranging in length from 55 to 120 s. The method

for these analyses differs slightly from that described by

Stone and Moore [17] in that each analysis channel was 1

ERBN wide. Thirty-three channels with center frequen-

cies between 0.1 and 10.2 kHz were used.

Fig. 15(b) shows ASMC. As expected, this was close to

zero for condition INDEP. The ASMC showed a decline

to negative values with increasing amount of compression

for condition XMOD. The negative correlation reflects

the fact that a high level in a given channel produced by

the voice of a specific talker leads to a reduction of gain,

and therefore a lower level of the voice of the other talker

in that channel.

Fig. 15(a) shows within-source modulation correlation

(WSMC). This is a measure of the extent to which the

envelope in different frequency bands is correlated. In the

speech of a single talker, the envelopes tend to be highly

correlated for bands that are spectrally adjacent, and to be

less correlated for bands that are spectrally remote [40].

Correlated envelope fluctuations in different frequency

bands may be used by the auditory system to group to-

gether frequency components emanating from a single

talker. It is clear that WSMC decreases with increasing

amount of compression, and the decrease is actually

greater for condition INDEP than for condition XMOD.

Thus part of the deleterious effect of compression in con-

dition INDEP may have been due to the reduction in

WSMC.
Fig. 13. Effects involving position of compression observed
during training session.

Table 3. Effects related to compression for training session, as shown in Fig. 13.*

A. Interaction of Compression � Position of Compression for Score: F(2, 46) = 3.40, p = 0.042

Linear Moderate Severe

Score when INDEP 4.10 4.16 4.12 NS

Score when XMOD 4.18 4.15 4.03 F(2, 46) = 3.55, p = 0.037

B. Effect of Position of Compression for Reversals: F(1, 23) = 7.65, p = 0.011

INDEP XMOD

Reversals 0.347 0.385

*NS—not significant.
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Fig. 15(c) shows the measure, fidelity of envelope

shape (FES). This is a measure of the extent to which the

envelope shape in a given frequency channel of the pro-

cessed signal resembles the envelope shape for the same

channel of the original signal. A value below 1 indicates

some distortion of the envelope shape. With increasing

amount of compression the value of FES decreased, more

so for condition INDEP than for condition XMOD. This

decrease in FES may contribute to the deleterious effect

of compression in condition INDEP.

In summary the deleterious effects of compression ap-

plied to a mixture of the speech from two talkers partly

depend on cross modulation, but other factors, including

reduction of modulation depth, reduction of spectral con-

trast, reduction of WSMC, and reduction of FES, may

also play a role.

It should be noted that fast-acting dynamic range com-

pression may have beneficial effects under some condi-

tions. For example, when listening to broadcast or recorded

sound in a noisy environment (such as in a car or aircraft),

the compression may improve the audibility of weaker

parts of the signal by amplifying their level relative to the

background noise. However, as shown here, the excessive

use of compression may lead to a reduced ability to dis-

criminate sounds and/or increased listening effort.

6 SUMMARY AND CONCLUSIONS

Young, normal-hearing listeners were required to iden-

tify the keywords produced by two simultaneous talkers

while, on some trials, performing a distracting visual task.

The effect of multichannel fast-acting compression on

performance in this cognitively taxing situation was

assessed. The compression varied in amount, and the

severe amount was chosen to create processed speech with

Table 4. Effects related to compression for first testing session, as shown in Fig. 14.*

A. Effect of Position of Compression for log10(Tcard) during VD trials: F(1, 23) = 6.97, p = 0.015

INDEP XMOD

log10(Tcard) 0.864 0.875

B. Effect of Compression for log10(Tcard): F(2, 6) = 4.96, p = 0.011

Linear Moderate Severe

log10(Tcard) 0.866 0.877 0.876

C. Interaction of Compression � Position of Compression for log10(Tvisdis): F(2, 46) = 3.22, p = 0.049

Linear Moderate Severe

log10(Tvisdis), when INDEP 0.065 0.060 0.051 NS

log10(Tvisdis), when XMOD 0.056 0.056 0.062 NS

*NS—not significant.

Fig. 14. Effects observed in first testing session. Panel (b) also
shows a comparison with equivalent data for test session 2.

Fig. 15. Measures according to Stone and Moore [17] on envelopes from 1-ERBN-wide channels of signals processed in the same way as
for conditions used in this experiment. (a) Within-source modulation correlation (WSMC). (b) Across-source modulation correlation
(ASMC). (c) Fidelity of envelope shape (FES). - - - Values of same measures for unprocessed signal; linear condition (labeled reference).
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spectrotemporal characteristics similar to those of speech

in FM broadcasts in the UK.

During the training session, performance on several

measures worsened with increasing amount of compres-

sion for trials when the listeners had to perform the dis-

tracting visual task. These measures included the number

of words identified correctly and assigned to the correct

talker (Score), the number of words assigned to the wrong

talker (Reversals), the time taken to enter responses

for the main task (Tcard), and the time taken to perform

the distracting task (Tvisdis). For severe compression the

mean value of Score was lower when the speech of

the two talkers was compressed after mixing (condition

XMOD) than when compression was applied to the

speech of each talker prior to mixing (condition INDEP).

Also the proportion of Reversals was greater for condition
XMOD than for condition INDEP. These latter results

suggest that part of the deleterious effect of compression

in condition XMOD was produced by cross modulation of

the speech of the two talkers, which makes it harder to

segregate the two voices perceptually.

The overall pattern of results is consistent with the

idea that high amounts of compression require increased

cognitive effort to understand speech when there are two

talkers. The amount of effort in this situation is nearly

at the limit of the effort that listeners can expend. The

distracting visual task requires some cognitive effort, and

therefore takes away from the resources available to per-

form the main (speech-identification) task.

The deleterious effects of compression decreased with

experience at the tasks, and were absent after 3–4 hours of

experience, that is, during the final testing session. This

probably happened because the distracting visual task

could be performed automatically after extended training

and required less cognitive effort.

It seems reasonable to assume that large sections of the

population, having less cognitive ability and less normal

hearing than the listeners used here, will have to expend

more effort to attend to and interpret severely compressed

mixtures of sounds. This may contribute to the sense of

fatigue that has been reported anecdotally when listening

to severely compressed sounds.
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