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P. SELIGMAN, PHD; H. MCDERMOTI, PHD 
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INTRODUCTION 

The Spectra 22 is a logical extension in the development of 
the speech processing for the Cochlear Mini 22 system. It can 
implement the new coding strategy (Speak) that has provided 
significant improvement in patient benefit. 

Cochlear Pty Limited's earliest speech processors relied 
heavily on formant extraction and presented the formant 
information on a small number of electrodes. In background 
noise, however, this is a disadvantage because there is no 
redundancy built in. In the presence of competing noise, for
mantextractors cannot provide alternative information. Partly 
as a result of this, more parallel information was provided in 
the form ofamplitude data from fixed filters to supplement the 
formant extraction data. This was implemented in Multipeak 
(Mpeak) by using three fixed filters at frequencies around the 
top of the second formant frequency band. 

To continue the development along these lines, the Spectra 
22 includes an analog signal-processing module that can 
provide up to 20 filters with center frequencies between 250 
Hz and 10 kHz. The design of the Spectra 22 builds on its 
predecessor, the Mini Speech Processor (MSP). The MSP, 
although essentially a feature extraction-based processor, 
contains all of the necessary hardware required to control the 
Nucleus 22-channel receiver-stimulator. This hardware in
cludes the microphone, preamplifier, automatic gain control, 
analog-to-digital converter, patient map, data encoder, coil 
driver, patient coil, and regulated battery power supply. It 
also includes a patient-operated sensitivity control and func
tion switch. All of these elements were retained in the Spectra 
22. 

The MSP, in implementing the Mpeak strategy, included a 
digital signal processor. This processor extracted the first two 
formants of the speech signal, along with the voice pitch. In 

Fig I. Block diagram of Spectra 22. MIC - micro
phone. pre-amp - preamplifier. AGC - automatic 
gain control, FI - first formant, Al - amplitude of 
first formant. F2 - second formant. A2 -amplitude of 
second formant. FO - fundamental frequency. MUX
multiplexer. Prog. - programmable. 

addition to the feature extractor, three analog band-pass filters 
were provided to present the high-frequency energy in the 
speech signal. In the Spectra 22, this filter chip has been 
replaced by a 20-channel band-pass filter bank. The structure 
of the speech processor is shown in Fig 1. Since the Spectra 
22 still incorporates the feature extractor elements of the MSP 
and has access to the enhanced filter bank, it is able to 
implement the speech processing strategies available in the 
MSP. 

SPEAK SPEECH-CODING STRATEGY 

The Spectra 22 implements a speech-coding strategy simi
lar to the Spectral Maxima Sound Processor (SMSp),1.2 
developed at the University of Melbourne. In that strategy, 
the six largest outputs of a 16-channel filter bank were 
presented to the patient in descending amplitude order. Stimu
lation was at a constant rate of 250 Hz. This strategy imple
mented in the Spectra 22 has been called Speak. It differs from 
the SMSP in the order of presentation of the stimuli, which is 
now in tonotopic order. The stimulation rate is not constant 
but jitters around an average of 250 Hz. 

FILTER BANK 

The filter bank of the Spectra 22 consists of20 fourth-order 
band-pilss filters. These filters are implemented in low-power 
switched capacitor technology. They can be programmed in 
two ways. First, the scaling of the entire bank can be shifted 
in frequency up or down in 15 steps. Figure 2 shows the two 
extremes. The band-pass gain of the filters can also be in
dividually programmed in 15 one-dB steps in graphic equal
izer fashion. 

The frequency spacing of the filter channels in the nominal 
case is linear in 200-Hz steps from 250-Hz center frequency 
to 1,650 Hz, and then exponential (ie,linear on a log scale) up 
to 10-kHz center frequency. In this section, the spacing is by 

PATIENT 
COIL 

ENCODER 

A2 

F1 

A1 

F2 
SPEECH 
FEATURE 
EXTRACTOR 
(DIGITAL) 

CONTROL -==FO=R=A=ND=O=M=S=T=AR=T==~ 
.... 

--"~-~ 

I
I 

r---~-
MAXIMA 

BANDWIDTH DIGITAL
 
-12kHz
 

SPEAK 
MUX DATACHIP 

20 PROG 
BANDPASS 
FILTERS 

FILTER 
250·10,000HZ ANALOG
 

NEW
 MUX AMPLITUDES
BOARD 



140 Clark & Cowan. International Cochlear Implant. Speech and Hearing Symposium 

100 1009 198ee 

Frequency (Hz) Frequency (Hz! 

BA 
Fig 2. Frequency response of filters. A) At maximum frequency scaling. B) At minimum frequency scaling. 
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a factor of 1.149 between 1,650 and 3,300 Hz, and then by a 
factor of 1.172 between 3,300 Hz and 10kHz. 

AMPLITUDE DETECTION 

Each filter is followed by an amplitude detector. This can 
be programmed to operate in three different modes: envelope 
tracking, sample and hold, and peak detector. Envelope 
tracking mode operates by updating its output each time the 
filter output is at a peak. In this way it tracks from one positive 
peak to the next, responding as fast as the filter output can 
change. Sample and hold mode operates by sampling the 
highest output in each cycle of the stimulation. The peak 
detector mode is one that follows the filter output when this 
exceeds the detector output, but then exponentially decays 
from this value. The envelope tracking and sample and hold 
modes are exploratory and not usually used clinically. The 
output ofthe peak detector mode is shown in Fig 3 for channel 
16 with a center frequency of 1,050 Hz. In Fig 3, the time 
constant of the exponential decay has been set to be equal to 
the inherent response time of the filter. Each peak detector is 
tailored to its own filter channel. A feature of the peak 
detectors is that the response time of all detectors can be 
scaled to be longer or shorter than the response time of the 
filter output. An example, at the nominal response time, to a 
gated 10 milliseconds on, 10 milliseconds off sinusoidal input 
is shown in Fig 3. 
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MAXIMA DETECTION 

The output of the ampli tude detectors is constantly scanned 
by a descending ramp that increments a counter when the 
amplitude of each detector is passed. The channels that have 
been passed arc flagged as maxima until a programmable 
specified count is reached. At this point counting stops and 
after 0.8 millisecond the process is repeated. In this way new 
estimates of the maxima are continuously being obtained. 
When the processor outputs its stimuli in tonotopic order, it 
checks after each stimulus output whether the next channel 
has been flagged as a maximum. If it has, the processor reads 
the current amplitude value and uses it to generate the next 
stimulus pulse. An example of the maxima detection process 
is shown in Fig 4. Because of power supply and size con
straints, the maxima detector is of necessity a fairly simple 
circuit. As such, it has some idiosyncrasies. Two points 
should be noted about the operation. First, if a number of 
channels have the same amplitude, they will be passed by the 
descending ramp simultaneously. When this happens, the 
counter will count all such channels once only. Thus, the 
specified number of channels may be exceeded. On the other 
hand, when the signal level is low, there are fewer channels 
than the specified number exceeding the so-called "base 
level," the level below which no stimulation is produced. In 
this case, fewer than the specified number of maxima are 
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Fig 3. Peak detector response to filter output. maxima. Active electrodes are 7. 8,12-15. 
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Fig 5. Examples wilh word "choice," div - division. A) Spectrogram. B) Spectra 22 output. C) Mini Speech Processor output. 

outputted.	 the constant rate percept noted by some patients. The constant 
rate sometimes manifests itself as a "buzz" or "hum." TheSTIMULATION RATE 
variability of an adaptive rate is effective at eliminating this. Stimulation occurs with a round-robin sequence running 

from base to apex in the cochlea. When a channel is flagged
 
PROCESSOR OUTPUT
as a maximum, time must be allowed for the analog-to-digital 

converter to read this amplitude, and then further time is An example of the Spectra 22 output is shown in Fig 5B for 
required to map this amplitude into stimulation parameters. the word "choice." This is displayed next to a spectrogram 
Finally, the digital code required to operate the receiver (Fig SA) of the same utterance and the MSP output (Fig SC). 
stimulator must be outputted. Since some of these operations The most noteworthy point is that the formant transitions are 
require a variable time, and the number of maxima itself much better represented in the Spectra 22, with many stimu
varies, the total time to complete a stimulation cycle varies. lation pulses on each electrode, in contrast to sometimes one 
However, ifthe system were to be arranged to run at a constant pulseon each electrode with the fonnantextraction used in the 
rate, it would have to be designed for the worst case. This MSP. 
would of necessity require the worst-case stimulation rate, REFERENCES 
which would mostly be much slower than the maximum rate. 

I. McDennott ill, McKay CM, Vandali AE. A new portable sound 
For this reason, the strategy adopted has been to run at an processor for Ihe University of MelboumelNucleus muttielectrode cochlear 
"adaptive" rate, ie, as fast as the process will allow. This has implant. J Acoust Soc Am 1992;91:3367-71. 
the advantage that not only does stimulation occur at a much 2. McKay CM, McDermott ill. Perceptual performance of subjects
higher average rate than the strict constant rate approach, but wilh cochlear implants using Ihe spectral maxima sound processor (SMSP) 
also that the rate jitters. The jitter is instrumental in avoiding and Ihe mini speech processor (MSP). Ear Hear 1993;14:350-67. 

IMPEDANCE MEASUREMENT OF THE NUCLEUS 22-ELECTRODE ARRAY 
IN PATIENTS 

B. SWANSON, BE; P. SELIGMAN, PHD; P. CARTER, PHD 

From Cochlear Ply Limiled. Sydney (Swanson, Carter), and the Cooperative Research Centre for Cochlear Implant, Spee<:h and Hearing Research, Melbourne (Seligman), Australia. 

INTRODUCTION	 SYSTEM OVERVIEW 

By means of a prototype 22-electrode cochlear implant The telemetry system is shown in Fig 1. It consists of an 
with a telemetry ability, electrode voltage and impedances IBM PC with an interface card, which communicates over a 
have been measured in three patients over a 2-month period. transcutaneous radio frequency link: with a prototype 22
A simple electrical model of the electrode-tissue interface is electrode implant. The interface card generates a signal con
described to explain the results. taining stimulus and telemetry commands for the implant. 
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