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a b s t r a c t

This work deals with electric-acoustic stimulation (EAS), which keeps the low frequency acoustic infor-
mation and electrically codes the high frequencies of the signal. One of the goals of the coding strategies
is to limit the phenomenon of channel interaction, which can occur in CIs. The ‘‘N-of-M’’ strategy, where
only a subset of electrode channels is stimulated, may be of advantage. Generally, this processing is asso-
ciated with a pre-emphasis filter. Two important parameters for the N-of-M strategy are the number of
active channels (N) and the updating rate; the latter corresponds to the stimulation rate. M is the number
of electrical channels.

The goal of this study was to investigate the influence of these parameters on speech intelligibility in
EAS. The signal was presented, in simulation, to normal-hearing (NH) subjects in acoustic (A), electric (E)
and electric-acoustic conditions. Recognition performance was measured in quiet and in the presence of
background noise (cafeteria noise).

Signal-to-noise ratios (SNRs) ranged from 0 to +12 dB. Fifteen listeners participated in the experiment.
The N values ranged from 2 to 10 (out of 10); M was 10. The frame updating rate was
250 updates per second (ups) and 1000 ups.

Results showed that increasing N from 2 to 10 improved speech intelligibility, especially in the pres-
ence of the background noise, under E and EAS conditions. In noisy situations, 2/10 coupled with a
high-pass pre-emphasis filter led to results similar to the 10/10 condition. Changing the frame rate from
250 ups to 1000 ups did not modify the performance.

Future investigations on patients using EAS are now needed to validate the performance seen with NH
listeners. Above all, in the strategy 2 out of 10, the number of pulses per second can be divided by 20, and
when the pre-emphasis is used only a slight decrease in performance is expected; this is of interest when
interaction between the electrodes corrupts the performance.

� 2013 Elsevier Ltd. All rights reserved.

1. Introduction

Owing to advances in surgical techniques it is now possible, in
patients with partial deafness, to preserve residual hearing in the
low frequencies [1,2]. Preservation of hearing in these patients al-
lows hearing with two simultaneous stimulations: acoustical and
electrical. This bimodal hearing is called electric-acoustic stimula-
tion (EAS) [3–6]. Using this approach, a short electrode array is in-
serted into the basal region of the cochlea which normally
responds to high-frequency sounds, while attempting to preserve
the apical region which responds to lower frequencies. The latter
can be stimulated acoustically.

The development of EAS had led CI manufacturers to design
short electrode arrays. For example, the Iowa/Nucleus Hybrid CI
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System has a 6 or 10 mm electrode array [4]. MED-EL’s FLEX24 EAS
array features a 20.9 mm array—compared to 26.4 mm for the
standard (non-EAS) array [7,8]. The limitations of short electrode
arrays are that they either provide a small number of channels
compared to longer arrays or that the inter-electrode spacing is
shorter. For instance, the Iowa/Nucleus Hybrid 10-mm CI System
features six channels (compared to 12–22 for standard arrays)
and the maximum inter-electrode spacing is about 1.6 mm [9].
MED-EL’s FLEX24 provides 12 stimulation channels, with an inter-
electrode spacing of 1.9 mm (compared to 2.4 mm for MED-EL’s
standard array). A smaller inter-electrode spacing is likely to in-
crease interaction between the electrodes. This interaction is a fac-
tor limiting speech intelligibility in CI listeners (e.g., [10–18]). It
may explain why, in some patients, speech-recognition saturates,
and even decreases, as the number of active electrodes is increased
[19,20]. It is reminded that each frequency channel is connected to
an electrode.

An approach to limit channel interaction in CIs is to use non-
simultaneous pulses [21,22]. One of the earliest examples of
sound-coding strategies of this type is the ‘continuous interleaved
sampling’ (CIS) strategy [23]. In this strategy, electrodes are
sequentially stimulated, limiting the temporal overlap. Advances
in non-simultaneous stimulation have led to the development of
‘N-of-M’ strategies, such as the ‘spectral maxima sound processor’
(SMSP) [24], ‘spectral peak picking’ (SPEAK) [25,26], or ‘advanced
combination encoder’ (ACE) [27]. The principle behind the N-of-
M strategies is that only a subset (N out of M) of electrodes is stim-
ulated during a given time frame [28]. The N electrodes that are
stimulated correspond to the most-energetic spectral bands or
‘spectral maxima’. Several studies have suggested that use of N-
of-M strategies yields higher speech recognition than with CIS
[24,26,29–31]. In addition, previous simulation studies have indi-
cated that intelligibility with EAS is greater than when acoustic
or electric stimulation alone are used [32,33]. It was shown, at least
in quiet, that with EAS only a few active channels are needed to
provide good speech intelligibility when residual hearing in low
frequencies remains. Thus, N-of-M strategies may provide an effi-
cient way of limiting channel interaction without sacrificing intel-
ligibility. However, to our knowledge, the potential benefits of
using an N-of-M strategy with a relatively small number of avail-
able channels (e.g., M = 10), in the presence of unprocessed low-
frequency acoustic information (EAS), has not been thoroughly
investigated. Thus, it is interesting to investigate the influence of
the N-of-M strategy in the context of EAS, particularly in the pres-
ence of noise. The influence of the usual pre-emphasis filtering in
this situation is also worth considering. In future investigations,
when enough EAS implantees will be available, the results of the
present study can be validated.

With N-of-M strategies, CI manufacturers apply a pre-emphasis
filter (1200-Hz high-pass filter) to preserve the high frequency
components. It is well known that in the long term average spec-
trum of speech most of the energy is located below 800 Hz; conse-
quently channels up to 800 Hz are essentially used if no pre-
emphasis filter is applied. With EAS, the electric stimulation starts
near 500 or 700 Hz and the presence of a pre-emphasis filter for N-
of-M coding can be discussed.

Another important parameter which is likely to influence chan-
nel interaction is the stimulation rate. High stimulation rates pro-
vide more information, but also increase channel interaction [34–
37]. High stimulation rates better represent the temporal fine
structure and fast amplitude fluctuations in the speech signal tem-
poral envelope [21,38,39]. Nowadays, there is a tendency toward
the use of high stimulation rates. However, the effect of high stim-
ulation rates on speech recognition performance is not clear. In
some cases increasing the rate of stimulation had a positive effect
[29,40–45] and sometimes it had no effect on speech recognition

[39,46–49]. With EAS techniques in cochlear implant systems a re-
cent patent suggests that a low stimulation rate for the high fre-
quency components would be better [50].

Numerous studies have examined how speech-recognition per-
formance is influenced by the stimulation rate in CI patients and in
normal hearing (NH) subjects listening to vocoded stimuli (simu-
lated CI processing) [29,39,42,44–49]. Few studies have investi-
gated how the frame rate and the choice of N, in N-of-M
strategies, affect speech intelligibility [47,51–55]. Usually, these
parameters are not manipulated independently.

The present study aims to investigate the effects of N, the influ-
ence of the pre-emphasis filter and the updating rate on speech
intelligibility, with electric-only, acoustic-only and electric-acous-
tic stimulation combined.

CI processing was simulated for NH listeners using a vocoder
and a residual low-frequency hearing simulated by a low-pass fil-
tering as described previously in several studies [4,32,33,56–63]. In
the current study, channels were dynamically updated to simulate
the N-of-M strategy [64–66]. Strategies were evaluated in quiet
and in the presence of background noise (cafeteria noise).

2. Methods

2.1. Listeners

Fifteen NH subjects (7 females,8 males) aged 19–29 years
(mean = 23.9 years) took part in this study. NH was defined by
hearing thresholds below 20 dB HL at octave frequencies ranging
from 250 to 8000 Hz.

Testing took place in a double-walled sound-attenuated booth
at the Department of Otorhinolaryngology, Edouard Herriot Hospi-
tal, Lyon, France.

In accordance with the Declaration of Helsinki, written in-
formed consent was obtained from the subjects prior to their inclu-
sion in this study. The study was approved by the local Ethics
Committee (CPP Sud-Est IV, Leon Berard Centre of Lyon, France.
Number ID RCB: 2008-A01479-46).

2.2. Stimuli

Stimuli were dissyllabic French words uttered by a single male
speaker [67]. Recordings of ‘‘cafeteria noise’’ contained a mixture of
chatter with background noises produced by cutlery, plates, and
glasses, typical of a crowded restaurant or cafeteria. Fournier’s dis-
syllabic words were chosen because they are similar, in the French
language, to the American Spondaic lists [67]. In France, this test is
widely used for the evaluation of speech understanding in CI pa-
tients [68].

With the exception of the ‘‘quiet’’ condition in which the words
were presented without any background noise, the word and noise
signals were mixed prior to processing. SNRs were: 0, +6, and
+12 dB. The ‘‘quiet’’ condition, included for comparison purposes,
was treated as one of the SNR conditions. Stimuli were presented
in such a way that the intensity of the speech signal in condition
‘‘acoustic +10 activated channels in quiet’’ would be at 65 dB SPL.
Consequently, the signal was less energetic with an N-of-M strat-
egy (N < M) than when using all the electric channels (M-of-M).
Also, the signal was more energetic when noise was added.

2.3. Signal processing

All signal processing was implemented in Matlab� (MathWorks,
Natick, MA). The signals (recorded at 44.1 kHz) were down-sam-
pled to 16.7 kHz, yielding a Nyquist frequency of 8.3 kHz. This fre-
quency corresponds, approximately, to the upper limit of the
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