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This study examines optimal conversions of speech sounds to audible electric currents in
cochlear-implant listeners. The speech dynamic range was measured for 20 consonants and 12
vowels spoken by five female and five male talkers. Even when the maximal root-mean-square
(rms) level was normalized for all phoneme tokens, both broadband and narrow-band acoustic
analyses showed an approximately 50-dB distribution of speech envelope levels. Phoneme
recognition was also obtained in ten CLARION implant users as a function of the input dynamic
range from 10 to 80 dB in 10-dB steps. Acoustic amplitudes within a specified input dynamic range
were logarithmically mapped into the 10—20-dB range of electric stimulation typically found in
cochlear-implant users. Consistent with acoustic data, the perceptual data showed that a 50—60-dB
input dynamic range produced optimal speech recognition in these implant users. The present results
indicate that speech dynamic range is much greater than the commonly assumed 30-dB range. A
new amplitude mapping strategy, based on envelope distribution differences between consonants
and vowels, is proposed to optimize acoustic-to-electric mapping of speech sounds. This new
strategy will use a logarithmic map for low-frequency channels and a more compressive map for
high-frequency channels, and may improve overall speech recognition for cochlear-implant users.
© 2002 Acoustical Society of AmericdDOI: 10.1121/1.1423926

PACS numbers: 43.71.Es, 43.71.Ky, 43.66.Ts, 43.64.G\/T]

I. INTRODUCTION 1999. However, less is known about how much speech in-
formation should be included in the input dynamic range for
A major goal in designing speech processors for cocochlear-implant speech process@s and Shannon, 1999;
chlear implants is to optimally convert speech signals ta_oizou, Dorman, and Fitzke, 20Q0Here, we present new
electric currents that fit within an implant user’s perceptualempirical data regarding the speech dynamic range and dem-
range. In order to make the softest speech sounds audible apgstrate its significance in cochlear-implant performance.
the loudest still comfortable, it is important to know the dy- Ideally, a speech processor’s input dynamic rafb®)
namic range for speech sounds, the dynamic range for elegyould be 120 dB, the typical dynamic range within which
tric stimulation, and the appropriate conversion from speeclormal-hearing listeners process acoustic intensity informa-
sounds to electric currents. In clinical fitting procedures, setion. This 120-dB acoustic dynamic range would then be
lection of acoustic and electric dynamic ranges and convereonverted into electric current values that evoke sensation
sion from acoustic amplitude to electric amplitude are part obetween minimal to maximal loudness. However, the acous-
the “mapping” process, which can play an important role in tic dynamic range must be greatly compressed to accommo-
determining the outcome of cochlear-implant performancelate the substantially reduced range of electric stimulation
and satisfaction. Psychophysical studies have measured tf@ cochlear-implant listener@bout 10—20 dB; see Skinner
dynamic range over a large electric parameter space and det al, 1997; Zeng and Galvin, 1999, and Table Il of this
termined the appropriate conversion from acoustic amplitudstudy). Practically, because speech is likely the most impor-
to electric amplitudge.g., Zeng and Shannon, 1992, 1994,tant sound and usually has a smaller dynamic range than the
1995; Zeng, Galvin, and Zhang, 1998; Zeng and Galvin,120-dB range, most implant devices have employed a much
narrower 30—60-dB input dynamic range to better match the
dynamic range of speech. In so doing, it is hoped that rela-
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are preserved perceptually for a cochlear-implant listener to
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Currently, there are more than 40000 cochlear implantecognition should be similar between 16- and 28-dB
users worldwide. Nearly three-quarters of the implant userspeech-to-noise ratios. However, Studebaheal. found sig-
use the Nucleus device by Cochlear Corporation. In thenificantly poorer speech recognition for the 16-dB than the
Nucleus device, a fixed 30-dB range is used for the inpu28-dB condition(by 5—25 rau units depending on the overall
dynamic rang€User Manual, The Nucleus 22 Channel Co- speech presentation levelsThese results led Studebaker
chlear Implant System, p. 4-8PIn the Med-El device, a et al.to conclude that the effective dynamic range of speech
fixed 60-dB input dynamic range is usd&tobich et al, must be at least 40—43 d@8 dB+ 15 or 12 dB.
1999. In the CLARION device, the input dynamic range can In the present study, the distribution of envelope levels
be varied between 20 and 80 dB for users of thewas measured for two widely used speech test materials: 12
simultaneous-analog-stimulati¢8AS) strategy and between vowels in /hvd/ format(Hillenbrand et al, 1995 and 20
10 and 60 dB for users of the continuous-interleaved<onsonants in /aCa/ forméfurner, Souza, and Forget, 1995;
sampling(CIS) strategy(CLARION Device Fitting Manual, Shannoret al, 1999. Using either a broadband analysis or a
C9055003-002 Rev. C, p. 22t present, the clinical fitting narrow-band analysis from eight frequency channels, the
practice regarding the input acoustic dynamic range relieffata showed that these speech materials have an approxi-
mostly on experience and lacks experimental validation. ~mately 50-dB envelope level distribution. Speech recognition
It has long been assumed that speech has a roughip cochlear-implant listeners was then measured as a function
30-dB dynamic range, based on classic acoustic analyses affl the input dynamic range. Consistent with acoustic data,
statistical measurements on conversational spé2ehn and  the perceptual data also showed that an input dynamic range
White, 1940; Beranek, 1947; Fletcher, 195Fhis 30-dB  of 50—60 dB produced optimal performance in cochlear im-
speech range has been used in many applications, includifjant users.
the Articulation Index(Kryter, 1962; ANSI, 1969, 1997
However, modern analyses using digital signal processing.- METHODS
have shown a much wider speech dynamic range. &@a@t. 5 Subjects
(1988 measured distributions of short-term rms levels for o ]
conversational speech produced by 30 male and 30 female 1en CLARION (Advanced Bionics ~Corporation
talkers. They found 40—-50-dB distributions of the short-termcOchlear-implant users participated in the experiment. The
rms speech levels in eight one-third octave bands covering 'Plant subjects’ ages ranged from 21 to 56 ye@nserage
frequency range between 250 and 6300 Hz. PavI(e93 of 42 yefars; Each sgbject. had at least 1. year of experience
noticed that speech dynamic range decreased from 50—60 \_Mth the |mplant device prior to the experiment. S(_aven of the
30 dB when the constant of an exponential time window wadMPlant listeners used the CIS speech processing strategy,
increased from 13 to 200 ms. In addition, he found that aVhile the other three used the SAS strategy. All subjects
increase in vocal effort did not simply shift the speech dy-"ere postlingually deafened, except for one subjeey. All
namic range towards high values. Boothrogtial. (1994 subjects were famllla.r'W|th spegch tgsts from previous chru-
performed a similar analysis of seven phonemes produced I evalua_nons. Addltlona_l subject_ information is listed in
five female and five male talkers. They found that the overall able . Five normal-hearingNH) I|stene_rs(age range of
dynamic range of these phonemes was 53 dB, and that tifer— S0 yearsalso served as a control in the experiment.
dynamic range was 37 dB even after adjustment in overaltoc@l IRB-approved informed consent was obtained and all
levels and high-frequency pre-emphasis. Stobiehal. subjects were paid for their participation.
(1999 calculated the distribution of envelope levels for 180
German sentences spoken by a male talker and found a dff: CLARION speech processors
namic range of 70 dB for these speech materials. Eddington In the experiment, cochlear-implant listeners used their
(1999 found a 40—60-dB range in the distribution of enve- preferred clinical programming parametéms map in the
lope levels calculated over six frequency channels for TIMITspeech processors. User maps were uploaded from each sub-
(Texas-Instruments-Massachusetts-Institute-of-Technology ject's speech processor, stored BODFTWARE-CLINICIAN
sentences presented at a conversational level. (SCLIN) for Windows environmen{CLARION Device Fit-
Perceptual studies also support the modern acoustic datmg Manua), and downloaded to a laboratory S-Series
that find the speech dynamic range to be greater than 30 dBpeech processor to minimize equipment-related variables.
Studebakeet al. (1999 measured NU-6 word recognition at Speech recognition was conducted as a function of input
speech presentation levels from 64 to 99 dB SPL and speechynamic rang€IDR). There were six possible IDR settings
to-noise ratios from 28 te-4 dB. They found a slight in- with the CIS processing strategfyom 10 to 60 dB in 10-dB
crease in speech recognition scofBsrau unit3 when the step$ and seven possible IDR settings with the SAS process-
speech level was increased from 64 to 79 dB SPL. Thisng strategy(from 20 to 80 dB in 10-dB stepsNo changes
suggests that, contrary to the commonly asserted 30-dBther than the IDR were made to an individual’'s map. Vol-
speech range, audibility continued to increase as the overalime and sensitivity controls were kept constant at their nor-
level increased. Moreover, if a 30-dB speech range were tmal settings within and between test sessions.
be assumed, the lowest amplitudes for speech sounds would Figure 1 illustrates the mapping relationship between in-
be 15 to 18 dB lower than the long-term rms level while theput dynamic range and electric dynamic range in CLARION
peak amplitudes would be 15 to 12 dB higher, according tacochlear implants. The axis (input dynamic range in dB
ANSI (1969, 1997 specifications. If this were the case, word determines the range of acoustic signals mapped into the
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TABLE I. Biographical and audiological information for cochlear implant participants.

Subject Age Surgery date Device Strategy Implant Etiology
C1 66 11/16/89 S-Series CIs Left Otosclerosis
c2 21 8/5/98 S-Series CIs Right Unknown
C3 39 7116/97 S-Series CIS Left Unknown
C4 56 11/20/96 1.2 CIS Left Maternal rubella
C5 55 1/17197 S-Series CIs Right Congenital
C6 56 4/25/96 1.2 CIS Left Meningitis
c7 35 12/5/96 12 CIS Right Ototoxicity
S1 46 1/29/98 S-Series SAS Left Unknown
S2 61 5/16/97 S-Series SAS Right Meniere’s
S3 76 7/9/98 S-Series SAS Right Unknown

electric range inuA between thresholdT level) and the mal rms level from a 50-ms running window. This maximal
most comfortable loudneg$/ level). Because thex axis is  level most likely measured the level of the steady-state por-
logarithmic while they axis is linear, a straight line on these tion of the vowel.
axes indicates a logarithmic mapping between acoustic am- These vowel and consonant stimuli were output via a PC
plitude and electric amplitude. This logarithmic transforma-soundcard Turtle Beach MultiSound Fiji boajd connected
tion has been verified psychophysically to restore normato one channel of a mixeiTucker-Davis Technologies, TDT
loudness growth in electric stimulatiofEddington et al, SM1). Continuous speech-spectrum-shaped noise was gener-
1978; Zeng and Shannon, 1992; Dorretral, 1993. ated by passing white noiggDT WG1) through a specially

For CLARION speech processors, conversions of acousdesigned low-pass filter with a cutoff frequency at 608 Hz
tic to electric amplitudes depend on interactions among thand a—12-dB/octave slopéByrne et al, 1994. The noise
sensitivity setting, the input dynamic rang®R), and the was delivered to another channel of the mixer where it was
electric dynamic range. The sensitivity setting determines theummed with the phonemic stimuli.
peak acoustic amplitude to be mapped to the maximal elec- The summed speech and noise stimuli were amplified
tric current that evokes the most comfortable loudn@ds (Crown D-75 and presented to the listener via a Tannoy
level). This peak acoustic amplitude is then used as the refReveal speaker mounted on a double-walled, sound-treated
erence levelO dB) for the input dynamic range, which can booth(IAC). Each subject was positioned in the center of the
vary from 10 to 80 dB. An IDR setting of X dB means that = sound-treated room, facing the speatasout 1 meter away,
only X dB of the acoustic range below the reference pealat 0° azimuth and at ear leyel calibration vowel /a/ was
amplitude will be mapped to an implant user’s electric dy-generated to have the same rms level as the average vowel
namic rangebetweenM andT levels. Acoustic amplitudes |evel in both tests and to produce a conversational level of 65
below the IDR setting stimulate at subthreshold level§  dBA. The noise was attenuated via a programmable attenu-
level).

For example, an IDR setting 6f50 dB (dashed sloping
line) maps the 50-dB range below the 0-dB peak reference  ,
acoustic level into the audible electric dynamic range. Pre-
sumably, any acoustic level that is outside the input dynamic=
range will be mapped into either a subthreshold electric leve

M level

7,

(<T level) or a constant saturating levek M level). Note, — ’

however, an interchangeable relationship between the IDFS /%!A/ T3
and theT-level settings. For instance, the same acoustic-to-2 ‘ // s // /
electric amplitude map, as determined by thB0-dB IDR % ‘

and theT-level settinggthe dashed sloping lingcan also be

achieved by reducing the IDR setting 640, —30, and—20
dB, while increasing thd level toT1, T2, andT3, respec-
tively. [
-80 -70 60 -50 -40 -30 -20 -10 O
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/% , % ‘ /// / / T1
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C. Stimuli

Vowel stimuli consisted of 12 tokens from five male and FIG. 1. Conversion from input dynamic rangeaxis) to electric dynamic
five female talkers in /nVd/ formatillenbrandet al, 1995.  range(y axis) in CLARION devices. The reference acoustic lev@ldB)
. . . . represents the peak amplitude, as determined by the sensitivity control, to be
Consonant stimuli consisted of 20 tokens from five male ancrinapped to the most comfortable loudness level in electric stimuldkibn
five female talkers in /aCa/ form&Turner, Souza, and For- leve). Input dynamic range setting determine the range below the 0-dB
get, 1995; Shannoet al, 1999. The Hillenbrand vowels reference acoustic level to be mapped into audible electric range bebeen
were 16-bit. WAV files samples at 16 kHz. and the Tumer/andTIeveIs.TIeveI is electric threshold, representing 50% detection. Note
. . he interchangeable relationship between IDR and T level settings in deter-
Shannon consonants were 16-bit. WAV files sampled at 4A’-flnining the acoustic-to-electric amplitude méee the text in Sec. Il B for
kHz. All speech tokens were normalized based on the maxidetailed information

J. Acoust. Soc. Am., Vol. 111, No. 1, Pt. 1, Jan. 2002 Zeng et al.: Speech dynamic range for cochlear implants 379



8000

Distribution of envelope levels
(5 female and 5 male talkers)
6000 -
4000 -
20 /aCal tokens
2000 -
™~
o{ — 12 /hVd/ tokens =
8000 1 1 ] i 1 L 1
o 20 /aCal tokens
3
c 6000
o
3
8 FIG. 2. Speech dynamic ranges in
O 4000 A terms of envelope level distributions
st for the broadband condition(top
5 pane) and the eight-narrow-band con-
o 2000 - ditions (for consonants see the middle
£ panel and for vowels see the bottom
2 pane).
0 4
4000 - . . . . :
12 /hvd/ tokens ——— Ch1
3000 - — - Ch2
— — Ch3
——- Ch4
2000 4 e e Ch5
—-— Ché
—— Ch7
1000 Chs
0 4
-1000

60 50 40 30 -20 -10 0
Envelope Level (dB re: peak amplitude)

ator (TDT PA4) to achieve a+5-dB speech-to-noise ratio nemes(/h/ and /d/ for vowels and /a/ for consongntBe-
(i.e., the noise had a level of 60 dBA cause of the noise floor on the bottom of the distribution, the
speech dynamic range was conservatively defined as the dif-
ference in the envelope levels producing between 5% and
99% accumulative occurrences. In the narrow-band analysis,
Distribution of speech envelope levels was calculatedthe broadband signal was divided into eight narrow bands
for both broadband250-6800 Hx and narrow-band analy- (fourth-order Elliptical IIR filters with cutoff frequencies at
sis. In the broadband analysis, the envelope of the acoust®50, 500, 875, 1150, 1450, 2000, 2600, 3800, and 6800 Hz,
signal was extracted by full-wave rectification and low-pasgespectively. These filters approximately correspond to the
filtering (an Elliptical IR filter with 160-Hz cutoff frequency frequency analysis filters used in the CLARION cochlear
and—6 dB per octave slopeThe 160-Hz low-pass filter had implant. The band-specific envelope was extracted and its
an equivalent time window of roughly 6 ms, about half of theamplitude histogram was constructed in the same way as for
shortest integration valud.3 mg used in the Pavlovic study. the broadband analysis.
A histogram recorded the number of occurrences for enve- Closed-set vowel and consonant recognition was mea-
lope amplitude(re: peak amplitude Because coarticulation sured separately using custom softwéRebert, 1999 Dur-
cues are always present in the adjacent sounds, the histograng each test, listeners heard five presentations of each pho-
also included contribution from the initial and final pho- neme spoken by each of the ten talkers; presentation of each

D. Procedures
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phoneme was randomized within the test. Listeners’ rewhich shows a strong distribution at low levels for the high-
sponses to the stimuli were stored in a confusion matrix. Ndrequency channel&dotted lines in the middle and bottom
trial-by-trial feedback was given regarding the correctness opanels.

the response. Normal-hearing listeners listened to the origi- The broadband analysisop panel shows the acoustic
nal phoneme sounds in quiet and in naise&-dB S/N with dynamic range to be 47 dBrom —51 to —4 dB) for con-
speech presented at 65 dBA. Implant listeners were testesbnants and 46 dBrom —50 to —4 dB) for vowels. For the
first in quiet and then in noise. The test order of differenteight-channel condition, the consonant dynamic range is 41,
input dynamic ranges was pseudorandomized. Each listenéR, 51, 50, 47, 46, 47, and 45 dB for channel 1, 2, 3, 4, 5, 6,
was given 15 min to acclimate to the experimental processor, and 8, respectively. On the other hand, the vowel dynamic
and was allowed to preview all stimuli before formal testrange is 51, 51, 53, 49, 47, 47, 42, and 36 dB for channel 1,
sessions. Due to time limitation, some conditions were not

tested. TABLE IlI. Electric dynamic range in dB for five CIS useiG2, C3, C4, C6,
and C7 and three SAS use($1, S2, and S3 Note that S1 had six usable
electrodes while S2 and S3 and seven usable electrodes.

Ill. RESULTS

A. Speech dynamic range Electrode Cc2 C3 C4 C6 C7 S1 S2 S3

131 128 119 101 136 6.1 233
128 134 148 119 139 387 75 248
128 131 142 122 11.3 413 6.9 3.7
128 131 145 125 136 416 75 2.9
131 125 171 128 139 451 64 3.2
128 131 168 119 145 506 6.6 2.9
128 136 148 113 151 503 52 4.9

Figure 2 shows distribution of envelope levels for the
/aCa/ and /hVvd/ tokens in the broadband analfsip pane)
and for the /aCa/ toker(sniddle panel and the /hVd/ tokens
(bottom panelin the eight-channel analysis. First, note the
dominant envelope level distribution at high levels for the
broadband analysis. A small “bump” in the distribution at 8 195 125 157 102 1oa
low levels(more opwqus in the vowel envelope!ost likely Average 128 130 150 116 139 446 66 94
reflects the contribution from the lower-amplitude conso- giygev. 02 05 16 10 12 50 08 100
nants. This is clearly illustrated in the narrow-band analysis

~NOoO O WN PP
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2,3, 4,5, 6, 7, and 8, respectively. Given these acousticange averaged across electrodes was 12.8, 13.0, 15.0, 11.6,
dynamic ranges, we shall see whether an input dynamiend 15.0 dB for the CIS users, C2, C3, C4, C6, and C7,
range setting of roughly 50 dB would produce optimalrespectively. On the other hand, the averaged electric dy-
speech recognition in cochlear-implant users. namic range was 44.6, 6.6, and 9.4 dB for the SAS users, S1,
S2, and S3, respectively. The unusually large dynamic range
for S1 may actually be much lower and could be calculated
by accessing the subject’s internal device. Similarly, the vari-
Figure 3 shows the most comfortable loudn@gslev-  ability in dynamic range across each subject’s electrodes is
els, top paneland thresholdT levels, bottom panglas a much smallel(standard deviation ranges from 0.2 to 1.6)dB
function of electrode position in 5 of the 7 CIS users and allfor the CIS users than the SAS usdstandard deviation
3 SAS users. Theskl andT levels are presented in micro- ranges from 0.8 to 10.0 dBThe reasons for the differences
amps. Note the greater intersubject variability in bbttand  between the CIS and SAS user results are not clear, but may
T levels for the SAS users compared to the CIS users. Alsbe related to the difference in electrode configurations and
note the greater intrasubject variability across electrodes fastimulating waveforms between the two strategies.
the SAS users than the CIS users. The highevels for
subject S1 may actually be much lower as they approach the
saturation portion of the current source in the CLARION
S-series device@CLARION Device Fitting Manual, p. 20
Table Il shows the calculated electric dynamic ranges, Figure 4 shows both the group averagiee) and indi-
defined as the dB difference betwddrandT levels. Table Il  vidual data(symbo). The top panel shows consonant recog-
confirms the visual impression in Fig. 3 that the SAS usersiition (y axis) as a function of input dynamic rangr axis),
have both greater intersubject and intrasubject variability inwhile the bottom panel shows vowel recognitigraxis) as a
dynamic range than the CIS users. The electric dynamifunction of input dynamic rangdx axis). For the five

B. Electric dynamic range

C. Phoneme recognition in quiet
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normal-hearing listeners, the average score for consonaperformance for the remaining narrower IDR conditiops (
recognition was 97% and the score for vowel recognition<0.01). For vowel recognition, there was no significant dif-
was 93%. For the implant listeners, the best average scofference between-40-, —50-, and—60-dB IDR conditions
was about 40 percentage points lower than the normalfp>0.05); however, all produced better performance than
hearing controls; even the best individual score was stilthe —10-, —20-, and—30-dB IDR conditions. No statistical
about 15 percentage points lower than the controls. test was conducted between the medium and th&0/
Average phoneme identification performance can be de--80-dB IDR conditions because of the small number of sub-
scribed by a nonmonotonic function, with best performancgects. The present data suggest that the input dynamic range
occurring at IDRs of—40 to —60 dB and decreased perfor- should be set to 50 dB or greater in order to achieve optimal
mance at lower and higher IDRs. Individual data showed &peech performance in quiet.
similar trend, but the range of performance varied greatly.
Individual performance variability ranged between 30 and 4
percentage points for all except the70- and—80-dB IDR
conditions(data were collected in two of the three SAS users  Figure 5 shows consonant and vowel recognition as a
but could not be obtained in the CIS users at these )DRs function of input dynamic range for the 5-dB speech-to-noise
A one-way analysis of varianceANOVA) confirmed ratio condition. For comparison, the dashed line shows the
that the input dynamic range is a significant factor affectingaveraged data for the previous quiet condition. Because not
speech recognition in CLARION cochlear-implant usersall subjects were tested for every condition, the averaged
[consonants: F(7,36)=6.19, p<0.01; vowels: F(7,33) data for the quiet condition is shown for only those condi-
=2.79,p<0.05]. A paired t-test indicated no significant dif- tions where corresponding, noise data were available. A
ference in consonant recognition between thHg0- and the paired t-test revealed that noise significantly lowered both
—60-dB IDR conditions p>0.05), but significantly poorer consonant (<<0.001) and vowel recognition score® (

5D. Phoneme recognition in noise
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<0.01). The presence of noise seemed to “flatten” the condV. DISCUSSION
sonant and vowel recognition functions observed in quiet.

This trend is particularly apparent in vowel recognition per-  The present results have both theoretical and practical
formance. Average consonant recognition in noise was moregignificance. Theoretically, the acoustic analysis results
degraded by wide IDR settinga decrease of 20 percentage showed that multitalker phonemes have an approximately
points for IDRs betweer-50 and—80 dB) than by narrow 50-dB distribution of envelope levels, which is much wider
IDR settings(merely a decrease of 4 percentage points fothan the commonly assumed 30-dB speech dynamic range
the —20-dB IDR setting. CLARION fitting procedures rec- In the broadban@250—-6800 Hx analysis, the distribution of
ommend reducing the IDR to aid in noise suppression and toonsonant and vowel envelope levels, particularly the vowel
a limited extent, the present results support that recommerenvelope levels, showed a bimodal pattéop panel in Fig.
dation. More detailed assessment of the effect of IDR set2). This bimodal distribution disappeared in the narrow-band

tings on phoneme recognition in noise is difficult due to theanalysis(middle and bottom panels in Fig),2approximating
large individual variability as well as the limited data collec- a normal distribution with different means for different fre-

tion in the present study.

quency bands. The high-frequency channels had a shifted
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FIG. 7. Effects of envelope level dis-
tribution. Il. Logarithmic mapping for
vowels and more compressive map-
ping for consonants. The right-bottom
guadrant shows idealized acoustic en-
velope level distribution for conso-
nants (dotted ling and vowels(solid
line). The right-top quadrant shows the
logarithmic acoustic-to-electric con-
version (straight ling for vowels and
the more compressive conversion
(curved ling for consonants. The left-
top quadrant shows electric envelope
level distribution. Note the improved

use of electric dynamic range for con-
sonants.
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distribution towards lower envelope levels than the low-Van Tasell and Trine, 1996indicated that this distortion
frequency channels. Presumably, the high-frequency charshould produce little, if any, decrease in consonant recogni-
nels carry mostly consonant information such as fricativegion.
and stops, while the low-frequency channels carry mostly — Theoretically, under laboratory conditions in which the
vowel information. In practical clinical fittings, this differ- envelope level distribution for test materials is known, one
ence in envelope level distribution may significantly affectcan optimally set each channel’s mapping function based on
how consonants and vowels should be mapped into an inthe mean and standard deviation of the envelope level distri-
plant user’s audible electric range. bution of that channel. Under realistic listening situations in

Acoustic-to-electric amplitude mapping has been studieavhich speech materials cannot be controlled and real-time
extensively in users of auditory brainstem implaf®han- processing is required, more compressive mapping for high-
non, Zeng, and Wygonski, 1992the Med-El/CIS-Link In-  frequency channels relative to low-frequency channels will
eraid devicegBoexet al, 1995; Wilsonet al,, 1999; Loizou, help map the consonant envelope levels into the full electric
Poroy, and Dorman, 2000and the Nucleus devices using dynamic range. In other words, cochlear-implant users may
either four-channel CIS-type processifigu and Shannon, achieve better overall speech recognition with a logarithmic
1998 or the SPEAK strategyZeng and Galvin, 1999 A  map for low-frequency channels and a more compressive
general trend noted in these studies was that a more conwap for high-frequency channels. Such implementation is
pressive map would produce better consonant recognitioRot feasible with the present clinical fitting systems. A future
than a less compressive map, while the degree of comprestudy using a research interface to the cochlear implant is
sion appears to have a small opposite effect, if at all, orffequired to implement the different mapping functions for
vowel recognition(Boex et al, 1995; Zeng and Galvin, different frequency channels and to evaluate its predicted
1999. The present acoustic analysis can account for theséprovement in speech recognition.
observations.

Figure 6 shows a case where the acoustic envelope anfr CONCLUSIONS

plitude of both consonant&otted ling and vowels(solid )
line) is mapped into the electric level using the same loga- _ 1Ne present study measured the speech dynamic range

rithmic function(assuming input dynamic range is in dB and USing 20 consonants and 12 vowels spoken by five female
electric level is in microamps The two horizontal dashed @nd five male talkers. The present study also measured
lines represent the electric threshdlb level) and the most SP?eCh recogn.mon n C_LARION implant users as a function

comfortable loudneséV level). Because the consonant en- of input acoustic dynamic range. The acoustic and perceptual

velope distribution was about 20 dB lower than the voweldat@ support the following conclusions:

envelope distributioriFig. 2 middle and bottom pang/she (1) The speech dynamic range is about 50 dB, much wider
consonants are likely to be mapped into a less-than-optimal  than the commonly assumed 30-dB dynamic range.
electric range. First, some low envelope levels may bg2) An input dynamic range of 50—60 dB is required to sup-

mapped into electric levels below threshdtbe lower hori- port optimal speech recognition in cochlear implants.
zontal dotted line, top-left quadrantSecond, some of the (3) Current cochlear-implant users may benefit from a new
upper portion of the electric dynamic ran@edicated by the amplitude mapping strategy that uses a logarithmic map
line with the double arrowheaanay not be utilized because for low-frequency channels and a more compressive map
few amplitude envelope levels<1%) are present. Third, for high-frequency channels.

most envelope levels are likely mapped into the lower por-

tlon_ of the electric Qynamm range where intensity d'scr'm"ACKNOWLEDGMENTS
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