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I. Introduction

The main objective of this project is to design, develop, and evaluate speech processors for implantable
auditory prostheses. Ideally, such processors will represent the information content of speech in a way
that can be perceived and utilized by implant patients. An additional objective is to record responses of
the auditory nerve to a variety of electrical stimuli in studies with patients. Results from such recordings
can provide important information on the physiological function of the nerve, on an electrode-by-
electrode basis, and can be used to evaluate the ability of speech processing strategies to produce desired
spatial or temporal patterns of neural activity.

Work and activities in this quarter included:

e Seven days of continuing studies with local subject ME-16, implanted bilaterally with Med-ElI
Tempo+ devices.

e Attendance by Blake Wilson at the 9" Symposium on Cochlear Implants in Children, Washington
DC, April 24-26.

e Avvisit by Jim Patrick, Senior Vice President of Research and Applications, Cochlear Ltd., Lane
Cove, NSW, Australia, April 30.

e Evaluation of new subject ME-22, implanted with bilateral Med-EI Tempo+ devices, May 9, June
6, and June 20.

e A visit by consultant Mariangeli Zerbi to verify software for modulated pulse train interaural
timing difference studies, May 17-19.

o Two weeks of studies with returning bilaterally implanted subject ME-18, May19 — May 30.

e A Vvisit by consultant Enrique Lopez-Poveda from Salamanca, Spain, May 19-23 coinciding with
the visit of subject ME-18

o Participation by Blake Wilson in the VII International Conference on Cochlear Implants and
Related Audiological Sciences and the opening of the Center for Hearing and Speech, Warsaw -
Kajetany, Poland, May 22-25.

e A rreturn visit by subject ME-14, June 16-17. This subject previously participated in our studies
of combined electric/acoustic hearing and now is bilaterally implanted with Med-EI Tempo+
devices.

o Participation by Blake Wilson in the celebration conference 25 Years of Cochlear Implants in
Vienna, Vienna, Austria, June 19.

e Arreturn visit by bilaterally implanted subject ME-12, June 25 and 26.

In addition to the above-mentioned activities, work continued on the analysis of previously collected data,
further development of the new dual resonance nonlinear (DRNL) filter processing strategy, and
development of new measures of sensitivities to interaural timing differences for studies with recipients of
bilateral cochlear implants.

In this report we provide a description of the hardware and software tools that have recently been
developed and implemented in our speech processor laboratory to facilitate a time-efficient and flexible
evaluation of novel and more complex speech processing schemes. With these new system tools (referred



to as “streaming mode” in this report), pre-processed pulsatile stimulation sequences are downloaded and
delivered to the subject’s implant(s). These stimulation sequences are generated off-line, according to a
given processing strategy implemented in the MATLAB programming environment, by processing
sentence or consonant tokens in digital audio file format and converting them into a stimulation pulse
sequence.

Results from other studies and activities indicated above will be presented in future reports.



I1. Recent enhancements of the speech laboratory system

The last several quarters saw a significant improvement of the capabilities of our speech laboratory
system. Real-time CIS speech processor designs, including bilateral capabilities, have been finalized for
Med-EI C40/C40+ and Nucleus CI24M and CI122 implant systems. Psychophysical test procedures for
the same bilateral implant systems have been extended. Most recently, the capability to stimulate implant
subjects with pulsatile sequences processed off-line from digitally stored speech tokens has been added.
This feature is now available with uni- or bilateral Med-El and Nucleus CI24M patients, as well as
subjects with direct access to their intracochlear electrodes through a percutaneous connector. A
description of this download-and-stimulate feature is presented in this report. For more information about
the bilateral tools, please see Appendix 2.

Streaming mode

Introduction

Our typical approach to designing speech processors for speech reception measurements with cochlear
implant subjects is to implement the processing algorithms in a real-time environment on a digital signal
processor (DSP). The advantage of this approach is that any speech test signal available in either analog
or digital format, including live voice sampled through a microphone, can be easily fed into the speech
processor. This provides the possibility for the subject to listen to familiar sounds and voices, including
his or her own voice, whenever being exposed to new processing strategies or variations thereof, therefore
making it much easier to adjust to or pick out potential differences. Also, it is very simple to mix speech
signals into different noise backgrounds and adjust the signal to noise ratio as desired.

However, a major drawback of a real-time approach for implementing speech processor designs is the
generally complex and time-consuming implementation task itself. For the sake of optimal code
execution time and memory management, our DSP programs are all written in assembly language. Also,
processing algorithms must be carefully designed to run on a platform with fixed-point data
representation (as is the case with the MOTOROLA DSP56301, which is the core of our lab system), in
order to avoid data under- or overflows or undesired propagation of quantization errors due to finite word
lengths.

A major point of investigation in the current contract period is to explore novel speech processing
strategies for cochlear implants that more closely mimic the functions of the auditory periphery in normal
hearing, like level-dependent tuning of the basilar membrane, or inner hair cell transduction processes.
The likely complexity of such novel processing structures and the high cost in terms of development time
to run them in real-time was the main motivation to look for alternative methods of implementing and
evaluating new speech processor designs in an efficient, flexible, and fast way. This was achieved by
integrating a new program mode (streaming mode) into the lab system, where pre-processed pulsatile
stimulation sequences are downloaded and delivered to the subject’s implant(s). These stimulation
sequences are generated off-line in the MATLAB programming environment by processing speech tokens
like sentences or consonants in digital audio file format and converting them into a stimulation pulse
sequence, according to a given processing strategy also implemented in MATLAB. The powerful and
highly flexible MATLAB environment supports a fast and relatively simple implementation of complex
processing schemes.



Design specification

The requirements for the design and implementation of the streaming mode can be summarized as:

Support for bilateral Med-El and Nucleus CI24M interfaces, as well as for the current source
interface for subjects with percutaneous access to their implanted electrodes.

MATLAB routines receive basic speech processor parameters directly from the same speech
processor specification (“spec™) files used by the monitor program during stimulus presentation
or in the speech processor control mode (see Figure 20 in Appendix 2 for an example). These
basic parameters are number of channels (left/right), stimulation rate per channel (left/right),
stimulation order of channels (left/right), and synchronization settings. They define in which
order and at what times the speech processor channel output waveforms are sampled into pulse
amplitudes.

Input of additional speech processor parameters (filter characteristics, maplaw, etc.) through the
command line or function parameters in MATLAB.

Generation of “normalized” pulse amplitudes when sampling channel output signals in MATLAB
into an amplitude sequence (AMP) file, with 0 corresponding to the threshold (THR) on each
active electrode, and 1 corresponding to the most comfortable loudness level (MCL).

Optimization of AMP file format in terms of file size, by packing pulse amplitudes into a binary
byte sequence. Amplitude values are stored as 12-bit unsigned integers, so that two pulse
amplitudes fit into one 24-bit DRAM memory word. Given the native 24-bit signed fractional
data format of the MOTOROLA DSP56301 (MOTOROLA, DSP 56300 Family Manual, Rev.
3.0, 11/2000, section 3.3.1), 12-bit amplitude values are left aligned to bit #22 (after the decimal
point) in the DSP, which corresponds to a “type cast” into a signed positive 13-bit fractional
number in the range [0, 1 — 2™%4] = [0, 0.999755859375].

Mapping of normalized pulse amplitudes to actual dynamic ranges of active electrodes is done in
the DSP through the following linear transformation:

amp; = (MCL; — THR;) * normalized amp; + THR;, i...electrode index @

With the bilateral Med-EIl and CI124M interfaces, the stimulus pulse amplitudes are scaled by a
linear channel specific volume and a master volume factor, both ranging from 0 to 100%, before
being sent to the implant. All volume factors are independently adjustable for left and right sides.
With the current source interface, only the channel specific volume is applied in the DSP,
whereas the master volume is controlled through a potentiometer on the operator panel.

The monitor program prepares channel data tables in the DSP (including THR/MCL and pulse
duration values, stimulation order, and rate of channels) by scanning a speech processor spec file
and downloading parameters to DSP memory. Basic stimulation parameters (number of
channels, stimulation rate, stimulation order, and synchronization settings) must match between
the AMP file and the spec file and must be checked by the monitor program for each AMP file
downloaded and streamed to the subject’s implant(s). The operator controls AMP file downloads
and execution and stimulation volumes through the monitor program.

Stimuli executed from a downloaded AMP file sequence are “embedded” in a background pattern
of stimulation pulses at the specified rate and phase duration and at amplitudes

THR; * vol; * (100 + background balance)/100 vol;...channel specific volume  (2)



i ... electrode index
for the bilateral Med-El and CI124M interfaces, and
THR; * (100 + background balance)/100 i...electrode index 3

for the current source interface. In other words, for the time of the signal duration in the AMP
file, stimulation pulse amplitudes are taken from the downloaded amplitude sequence, whereas
outside of the stimulus, pulse amplitudes are constant and at the levels indicated above. The
background balance can be set from —100 to +20 for adjusting volume-scaled threshold pulse
amplitudes anywhere from —100% to +20%. In the case of the bilateral interfaces, a single
background balance control applies to both left and right sides.

e Support for unilaterally as well as bilaterally implanted subjects, i.e. ability to generate unilateral
and bilateral amplitude sequence files. Ability to play a unilateral AMP file sequence bilaterally
by reproducing the stimulus pulse sequence on both sides (normalized amplitudes in the stimulus
pulse sequence are scaled to the appropriate electrical dynamic ranges of each electrode on both
ipsilateral and contralateral sides).

e Option to synchronize and specify a delay of relative pulse onset timing between the two sides for
bilateral implants.

e Support for single-channel (monophonic) as well as dual-channel (stereophonic) wave file input
signals.

Figure 1 shows the flow of events from generating pulse amplitude sequence files (AMP files) out of
digital wave file recordings in MATLAB, through downloading them into the DSP, to transmitting them
as a stream of stimulation pulses to the subject’s implant(s) when executing the processed stimulus.



Program Tasks Stimulus Files/
Environment Pulse Sequence

Figure 1: Paradigm of the streaming mode implementation and operation



DSP program

The basic DSP program structure of the streaming mode, both for the bilateral Med-EI and CI124M
interfaces and for the parallel current source interface, is quite similar to the real-time processor DSP
program structure described in section “DSP programs for bilateral speech processors” of Appendix 2.
The essential difference is that in the streaming mode, pulse amplitudes are not derived through sampling
of the channel output envelopes that are processed from the ADC input signal in real-time, but rather are
taken from the AMP file pulse amplitude sequence downloaded into DSP memory.

In the streaming mode, the monitor program runs through the following sequence of steps to set up the
DSP memory and execute stimuli consisting of pulse sequences downloaded from pre-processed AMP
files:

1. Download DSP program code over the on-chip emulator (OnCE) port of the ADS56301 lab
processor module (see Figure 10 of Appendix 2). Start DSP program and command DSP into the
streaming program mode.

2. Open speech processor spec file containing patient-specific THR/MCL values and stimulation
parameters, such as active electrodes, phase duration, and pulse rate. Prepare tables (channel data
tables) in DSP memory with all relevant parameters.

3. Download binary amplitude sequence(s) contained in AMP file(s) into DSP external DRAM
memory. DRAM memory size is 1.5 Mbytes on the ADS56301.

4. Start background stimulation of volume scaled THR pulses on all active electrodes.

5. Execute stimulation sequences downloaded from AMP files in randomized order (for 16 or 24
medial consonant tests) or sequential order (sentence tests). Record results for consonant tests
(sentences are scored manually). If necessary, download AMP file for each new stimulus after
the execution of the previous one.

DSP memory organization and pulse data transfer to implant interfaces

During stimulation, the DSP retrieves biphasic pulse parameters such as electrode address, phase
duration, and pulse gap from the channel data tables initialized by the monitor program and transfers them
to the implant interface for execution. Pulse amplitudes are scaled to electrode THR and MCL levels
according to equation (1) and scaled by a volume factor that is adjustable through the monitor program,
before being sent to the interface. With the bilateral implant interfaces, the interface triggers an interrupt
in the DSP in order to request new pulse parameters, for either the left or right side. The frequency of the
interface requests is determined by the overall pulse rate on each side. With the current source interface,
the pulse output timing is controlled by a timer in the DSP. This timer triggers the events when current
pulse amplitudes (in 12-bit signed format) are being written to the interface.

Channel data table format for parallel current source interface

The streaming mode for the current source interface supports both interleaved and simultaneous pulse
processors. Stimulation pulse data are arranged in two channel data tables in DSP memory: One for
stimulus pulses at address range Y:$0 - Y:$3FF and one for background pulses in address range Y:$400 -
Y:$7FF.



1. Tables for interleaved, simultaneous and virtual CIS processors

Bit #23
Y:$0 \Y
C # of simultaneous electrodes: 1...N .
I
S
0 MCL-THR for electrode 1 in cycle
THR for electrode 1 in cycle =
« 0:-/+ | Pointer to channel specific amplitude
17 pulse < 1:+/- | multiplier in table (X:$E0)
phase VCIS: Pointer to same multiplier for all N
simultaneous pulses
Electrode 1 address
Return electrode address
(| Timer 0 pulsewidth (PW) count (channel specific)
# of simultaneous electrodes: 1...N
2" Electrode 1 address
pulse <
phase
L Return electrode address
( # of simultaneous electrodes: 1...N
Electrode 1 address
Zero
outputs <
Return electrode address
Pulse -{ Timer 0 count for pulse delay (0 if no delay)
delay Next 1...N (simultaneous) pulses in stimulation

orde

Channel specific volume table:

0: simultaneous: N amplitude values from
DRAM for N simultaneous pulses

1: VCIS: one amplitude value from DRAM
for N simultaneous VCIS pulses. Amplitude
weight factors are MCL-THR values

Bit
#23

Bit

{O: pulse polarity negative phase first (-/+)
#23

1: pulse polarity positive phase first (+/-)

Repeat N times for N simultaneous
pulses on N electrodes (common
return electrode for N electrodes)

Repeat N times for N
simultaneous pulses

Repeat N times for N
simultaneous pulses

X:$E0 Volume factor channel 1
- Volume factor channel 2
X:BFF ax Volume factor channel (humber of channels)

10



One use of simultaneous pulses in in virtual CIS (VCIS) strategies, where two or more adjacent electrodes
are stimulated simultaneously to obtain a perceived pitch distinct from that of any electrode alone.

As an example of the relationship between the channel data table and the spec file, consider a VCIS
processor in which channel 1 stimulates electrodes 1 and 2 simultaneously with respect to return electrode
8, with electrode 2 receiving a stimulus that is one half the amplitude delivered to electrode 1 and of
opposite polarity. The corresponding spec file would reflect this situation in the first line of its >VCIS
section:

>VCIS
8,1:100,2:-50

Later in the spec file, the first two lines of the psychophysics section would contain the THR and MCL
values for electrodes 1 and 2, respectively:

>psycho
50 100
75 150

The corresponding channel data table would contain amplitude values calculated using the THR and MCL
data for each electrode along with the appropriate VCIS weight multipliers. Its first nine entries would
contain the following information (with appropriate settings of bit 23 where relevant):

Y:$0 2 [number of simultaneous electrodes for channel 1]
1.0 - (100-50) - DACunits/pA [electrode 1 MCL-THR]
1.0 - (50) - DACunits/pA [electrode 1 THR]
$EO [pointer to VCIS channel 1 amplitude multiplier]

address for electrode 1
-0.5 - (150-75) - DACunits/uA  [electrode 2 MCL-THR]

-0.5: (75) - DACunits/uA [electrode 2 THR]
$EO [pointer to VCIS channel 1 amplitude multiplier]
. address for electrode 2
Y:$9 address for return electrode 8

11



2. Tables for conditioner CIS and background stimulation

0: pulse polarity negative
phase 1% (-/+)

Bit #23 1: pulse polarity positive
phase 1% (+/-)

Bit #23
Y:$0...3FFmax (t:i?)?)Oehl: ( 0 # of simultaneous electrodes: 1...N
Y:$400...7FFmnax back- Pointer conditioner pulse amplitude for
ground 1 to conditioner THR pulse amplitude for
constant background
Dummy word $0
Pointer to conditioner pulses:
0:-/+ volume X:CMULTSCI=X:$4
1* pulse phase 1:4/- multiplier for background pulses:
X:BMULTSCI=X:$8
Electrode 1 address
\ Return electrode address
>

2" pulse phase

Zero outputs

Pulse delay

Timer 0 pulsewidth (PW) count (channel specific)

# of simultaneous electrodes: 1...N

Repeat N times for N simultaneous
pulses on N electrodes (common
return electrode for N electrodes)

Electrode 1 address

Return electrode address

# of simultaneous electrodes: 1...N

Repeat N times for N
simultaneous pulses

Electrode 1 address

Return electrode address

Timer 0 count for pulse delay (0 if no delay)

Next 1...N (simultaneous) pulses in stimulation
order

Conditioner amplitude table

Repeat N times for N
simultaneous pulses

X:$40

X:$5Fmax

Conditioner amplitude 1

Conditioner amplitude 2

Conditioner amplitude (number of electrodes)

Background stimulation amplitude table (THR amplitudes)*

X:$80

X:$DFmax

THR amplitude(s) channel 1

THR amplitude(s) channel 2

THR amplitude(s) channel (number of channels)

12



*Note: For virtual CIS, background data for one virtual channel consist of N subsequent electrode
amplitude values

Channel data table modulo values (values for My registers)

Stimulus channel data table modulo: X:TBL = X:$E
Background stimulus channel data table modulo: X:BKGTBLM = X:$B

3. NOTE: Channel data tables imply common return electrode for N simultaneous pulses on N
electrodes

Channel data table format for bilateral Med-El and CI24M interfaces

1. Channel data table format for Med-El interface:

X:$100 MCL; — THR; THR1 pVolThbl; MDIST; DRN; for Med-El
LEFT MCL,; — THR; . . - . THR, MCL
c values are in least
significant bits

X:$200
RIGHT

2. Channel data table format for C124M interface:

X:$100 | MCL; - THR; THR: pVolTbl; PulseWord, PulseWord, for Cl24M
LEFT MCL; - THR; . o cen o THR, MCL
- values are in least
significant bits

X:$200
RIGHT

Channel data table modulo values: LEFT  X:$58
RIGHT X:$59

3. Channel data tables for background stimulation with Med-ElI

LEFT X:$400 $0 THR, pVolTbly MDIST; DRN;
RIGHT X:$500 $0 THR2 : : :

4. Channel data tables for background stimulation with C124M

LEFT X:$400 $0 THR: pVolTbly PulseWord; PulseWord,
RIGHT X:$500 $0 THR2 : : :

13



5. Background channel data table modulo: LEFT  X:$56

RIGHT X:$57
Channel specific volume tables: X:$340 - X:$35F LEFT for Med-El and CI24M
(same as previous) X:$360 - X:$37F RIGHT
6. Overall volume: Stimulus: X:$32 LEFT, X:33 RIGHT

Background:  X:$34 LEFT, X:35RIGHT

Stimulus execution

Stimuli that are executed from amplitude sequences downloaded into DRAM memory are embedded in
background stimulation running at the stimulus pulse rate. Background stimulation can be started and
stopped at any time through dedicated byte commands given by the monitor program on the host PC and
sent to the DSP over the serial COM port connection (see Figure 10 in Appendix 2). The embedding of
stimuli is realized in the DSP by dynamically redirecting the channel data table read pointer(s) at the end
of the background stimulation table(s) to the beginning of the stimulus channel data table, if a dedicated
stimulus execute serial command had been received from the monitor. At the end of the stimulus, the
channel data table pointer(s) automatically fall back from the stimulus table(s) into the background
channel data table(s). For the bilateral Med-El and C124M interfaces, a stimulus can be executed either
on one side only or bilaterally.

Pulse amplitude sequences are stored in AMP files sequentially in the order in which they are sampled
from the channel output signals. Thus, it is necessary that the following parameters match between the
amplitude sequence in an AMP file and the carrier pulses generated in the implant(s), so that the
waveforms modulated onto the carrier pulses are a true representation of the channel output signals
sampled into the AMP file in MATLAB:

e Number of channels
e Stimulation order of channels

e Stimulation rate per channel (sampling rate of channel envelopes). For bilateral stimuli, the onset
of the carrier pulses (samples) must be synchronized between the two sides.

e Synchronization setting and delay between sides (for bilateral stimuli)

Figure 2 shows oscilloscope traces of the pulse trains on channels 1 and 8 of an 8-channel standard CIS
processor on a Med-El C40+ implant, right at the transition from background stimulation at —-30% of THR
to an overall stimulus volume of 100%. The stimulus amplitude sequence (file M0510.amp) has been
processed from a wave file recording of the medial consonant *‘ASA’ (file M0510.wav). Figure 3 shows
the same consonant’s channel output waveforms over the whole duration of the stimulus, embedded in
background stimulation pulses, this time at THR + 0% background balance (and still 1200% overall
stimulus volume).

14
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Figure 2: Oscilloscope traces of pulse trains on channels 1 (top) and 8 (bottom) of an 8-channel standard
CIS processor with medial consonant ASA at the transition from background stimulation to stimulus
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Figure 3: Oscilloscope traces of pulse train envelopes on channels 1 (top) and 8 (bottom) of an 8-channel
standard CIS processor for a medial consonant ASA (M0510.amp). Overall stimulus duration is 860 ms,
including 140 ms of leading “silence.” See Figure 9 for the corresponding channel envelope signals as

processed and displayed in MATLAB.
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In order to maximize the download speed for high data volume AMP files from the host PC that runs the
monitor program to the DSP, a parallel interface connection has been implemented (see Figure 10 in
Appendix 2). A high download speed is particularly important for smooth test administration using pre-
processed AMP files, where the amount of data that needs to be downloaded can be on the order of 1
Mbyte or more. Before the parallel interface was available, data downloads at runtime from the host PC
into the DSP memory were realized through a standard serial COM port connection. Because of the
limited transfer rate of a serial connection (the maximum baud rate is 115200 bits per sec), only small
data transfers were practical. The parallel connection interface allows a much higher data throughput. It
connects the PC LPT1 port, operated in ECP mode to the HI32 host port on the DSP56301, which is
operated in general-purpose 1/0 (GPI1O) mode and serviced in the DSP code through polling. The parallel
interface DSP code has been implemented as described in the MOTOROLA Application Note AN2085,
“ECP Standard Parallel Interface for DSP56300 Devices”, Rev.0, 11/2000.

User interface

In the streaming mode, the monitor is responsible for downloading the DSP data, including the
stimulation pulse sequence and the DSP channel data tables. It also provides an interface for the
administration of speech reception tests with consonants, sentences, and other materials.

Downloading patient specific information

A speech processor specification file, similar to the ones used to load real-time speech processors (see
section “Setup and control of unilateral and bilateral speech processors in the monitor” in Appendix 2), is
used to read patient specific data. Spec files for the real-time mode can also be used in the streaming
mode, though the streaming mode will not use all the information in the spec file. The streaming mode
requires:

e Implant type

Channel information including electrode, threshold, MCL, and pulse width

Rate of stimulation

Synchronization mode for bilateral processors

Channel order table

In addition to the channel data tables, patient thresholds, and MCL information, the streaming mode also
loads a background stimulation data table. This is to simulate the constant stimulation that the subject
receives in a real time processor even though (s)he is receiving no audio input. A dedicated background
balance user interface controls the volume of the background pulses. Background volume for both left
and right side is scaled according to the balance setting and the stimulus volume for the respective side
(see the discussion of the streaming mode design for details). Once a test is started, the background
pulses continue to be presented, even when loading a new AMP file, as long as the spec file is not
changed.

16



The streaming mode can run in two ways — in the debug mode or using a streamplan file. In the debug
mode, several AMP files to be downloaded into the DSP are added at the end of the speech processor spec
file. When this is the case, the AMP files are loaded one at a time in sequence and the operator can repeat
the currently loaded one as needed, or instruct the monitor to load and execute the next one. More
frequently, the operator opens a “streamplan” text file, which has been prepared ahead of time. The
streaming mode form displays the streamplan file and the patient specification file in separate memo
pages as shown in Figure 4. The red highlighted line in the streaming plan page indicates the present
condition that the monitor is loading or that is being tested. Each line in the streamplan file contains all
the information needed to run one test. Each line includes:

Patient identification
Speech processor specification filename and path
Directory where AMP files are stored
Test information:

o Noise condition: quiet, front, left, or right

0 Male or female talker

0 Type of test:

= Medial consonant identification test: 16 English, 24 English, or 16 German

= CUNY or HINT English sentences or OLSA German sentences [Oldenburger
Satztest]

Once the streamplan file is open, the monitor will open the speech processor spec file and attempt to load
the stimulation pulse sequence files. The monitor needs to verify that each AMP file loaded is compatible
with the speech processor specifications. It verifies that both have the same specifications for:

Synchronization settings for bilateral condition
Number of channels

Order of stimulation

Rate of stimulation

Implant interface

17
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MZ, D:\depBE3hci2dmitestt S treamh Cl24bldentLR Spnc_2 tat, D:\dspBB3Lci24mitestt Stream’Cl24m_stdCIS_EL1000_ER1000, 0, 0, 16=

MZ, D:hdspBEci2dmbitesthStreamh Cl2 4k dentLR Syne_ 2 tet, D \dspBEcizdmitestiStreamtCl24m_stdCIS_BL1000_ER1000, 0, 0, 24=
MZ, D:hdzphE Fhci2dmbtesthStreamh CI 24k dentLR Syne._ 2 tat, D \dspBEhcizdmitesthStreamtCl 24m_stdCIS_BL1000_ER1000, 0, 0, 16g

MZ, D:\Patienttk HYWWH27 3z, D0 \S peechiats\woyi\StreamiUnilatySHE+5WMNewCS_MoHP_cpClSEspc_833ppe_intplinZ 9, 0, 0, 24e _ILI
4 3

Mz |24 5/12/2003 %:06:16 |Status: Background stim on |

Figure 4: The streaming mode user interface: The line shown in red in the stream plan memo page
identifies the currently loaded test

Consonant tests

When running a consonant test, the monitor will verify whether all the token AMP files fit into the DSP’s
memory at once. There are 3 exemplars for each consonant, so for a bilateral speech processor in a 24
consonant test, it will try to download 144 files into DSP memory. If all the tokens do not fit into
memory, it will load one at a time during the patient testing procedure. If all tokens fit into memory, the
monitor keeps a record of the memory address where each token starts, together with its length. It will
need this information to instruct the DSP to properly play each token individually. For a bilateral
processor, the monitor instructs the DSP to play either the same or two different stimulation pulse
sequences on the two sides, depending on whether a single- or dual-sequence AMP file is encountered
(see specification of AMP file format on p. 23).
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Figure 5: Subject practice display for a 24 consonant test
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The subject can use the practice form to listen to consonants in order to familiarize her/himself with the
task or to allow the volume to be set at a comfortable level. That form appears on a second monitor,
leaving the control window available to the operator for changes in volume, if necessary. This is
essentially the same form the subject will encounter during the test (see Figure 5), but here (s)he has
command of what is played. The subject clicks on a button in the form and the consonant corresponding
to that button is played. When the subject is finished practicing, the form is closed and the test can be

For the consonant test another form is opened, almost identical to the one used for practice. The monitor
uses the same randomization files used for consonant tests with real-time processors, randomizing among
tokens and exemplars with the tokens presented in sets to facilitate statistical analysis. The test is
completed when each token has been played 5 times. The control window has a Test Stats memo page in
which the operator can monitor the subject’s performance. It displays the token presented, the subject’s




answer, total number of tokens presented, and percent correct thus far. The monitor logs all the subject’s
answers into a result text file, which will later be used by other programs to run analysis on the data.

Once the test is completed, the monitor will write the test information and date into a text file named
“streamdone”, which maintains a complete history of all the streaming mode tests that were run. The
current line in the streaming plan form is then erased and the monitor analyzes the next line, checking
whether new information or new AMP files need to be loaded. The monitor is then ready to run a new
test.

Sentence tests

The streamplan file defines the type of sentence test that will be run and the list number to use. Each list
has 10-12 sentences (depending on the material used), which are loaded and played sequentially. Practice
sentences are used for volume set-up. For this test the subject does not need a display. The operator
scores the test by hand and has control of the progression of the test. The sentence AMP file downloaded
is displayed in the status window. The test is finished when the monitor has loaded all the sentences in
the list. It will write the test information and date into the streamdone text file, and proceed to the next
line in the streamplan file.

Processing of digitized speech recordings in MATLAB

MATLAB program MakeAMP.m

Speech recordings in digital wave file format are processed in MATLAB using the script MakeAMP.m.
This program converts monophonic or stereophonic wave file recordings into single- or dual-sequence
amplitude sequence files (AMP files) for unilateral or bilateral presentation in the streaming mode.
Digitized speech signals retrieved from a wave file are processed according to one of several different
speech processing strategies. The resulting multi-channel output signals are sampled into a linear
sequence of pulse amplitudes at the specified stimulation rate by sampling the parallel output channels in
an interleaved fashion across channels in the specified stimulation order. MakeAMP scans basic
stimulation parameters (such as unilateral or bilateral condition, number of channels, pulse rate, and
stimulation order) from a speech processor spec file, like those used in the monitor program to set-up and
run speech processors in real-time. The type of speech processing strategy and related parameters are
read from the command line, if not provided as input arguments to MakeAMP. In the case of bilateral
processing, independent sets of strategy parameters, including different speech processing strategies, are
supported on the left and right side.

An important feature of MakeAMP is the ease with which it can be extended to integrate new processing
strategies or implement variations of existing ones. Adding a new processing strategy merely requires
adding a new strategy function call to MakeAMP. A strategy function is a MATLAB program that takes
a signal vector and its sampling rate as input arguments and returns the channel output signals as output
arguments. Strategy parameters are usually entered from the command line, if not provided as optional
input arguments to the strategy function.

During processing, MakeAMP logs all parameters, such as signal processing strategy and strategy
parameters, stimulation parameters scanned from a spec file, the spec file name, and input wave files
processed to a log-file. For each AMP file being generated, the log-file also records signal duration in
ms, maximum normalized channel output amplitude and rms-amplitude, number of pulses, and number of
24-bit DSP words of the resulting binary pulse amplitude sequence on each side.
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Figure 6: Flowchart of the processing steps in MakeAMP.m. A program listing is provided in
Appendix 3.
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For a unilateral condition (unilateral speech processor spec file), a single pulse amplitude sequence is
generated from each wave file input and stored to an AMP file (if stereo information is included, either
the left or right signal channel must be selected). Generally AMP files bear the same file name as the
wave files from which they are derived, except that file extensions .WAYV are replaced with . AMP.

For a bilateral condition (bilateral speech processor spec file), either single or dual pulse amplitude
sequences can result, depending on wave file inputs and processing parameters. True stereo wave files
with different signals on left and right channel (dichotic input conditions) always result in two linear
amplitude sequences, the first one for the left implant and the second one for the right implant. For
monophonic wave file signals or stereo wave files with identical signals on the left and right channel
(diotic input conditions), the resulting two pulse amplitude sequences for the left and right implants are
identical if the following conditions are satisfied:

1. Same processing strategy and identical strategy parameters on the left and right side
2. Same number of channels on the left and right side

3. Same stimulation order on the left and right side

4. Same pulse rate per channel on the left and right side

5. Synchronized stimulation pulses, with no relative offset between the two sides

Conditions 1 and 2 are sufficient for channel output signals to be identical on the left and right side and
conditions 2-4 guarantee that the carrier pulses, which are modulated in amplitude with the channel output
signals, occur simultaneously on the two sides for the whole stimulus duration. An essential requirement
is also that pulse amplitudes as sampled in MakeAMP are normalized and that the linear scaling to the
electrode specific THR and MCL levels occurs in the DSP.

When the pulse amplitude sequences for left and right implants are identical, MakeAMP stores only one
sequence in the AMP file. This saves download time and memory space in the DSP. When executed
bilaterally, the sequence of normalized pulse amplitudes is retrieved twice in the DSP, for dynamic range
scaling on left and right side.

Table 1 summarizes the cases for unilateral and bilateral processing conditions and the resulting single-
sequence or dual-sequence AMP files.

Implant Speech processor A AMP file generated b
inteprface P speFtJ: file Wave file input MakegAMP.m ’
(Ii/l:g;eg[l ,SCO:JZrZT\jI’ Unilateral Mono Single-sequence
Stereo. Channel signal to
Current Sources, Unilateral be processed has to be Single-sequence
Med-El, CI24M .
specified.
Med-El, CI24M Bilateral True stereo Dual-sequence
Single-sequence, if strategy
Mono or stereo with parameters and stimulation
Med-El, CI24M Bilateral identical signals on the left | parameters (number of channels,
and right channels rate, order, rdelay = 0 us) on the
left and right side are identical
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Dual-sequence, if strategy

Mono or stereo with parameters or stimulation
Med-El, CI24M Bilateral identical signals on the left | parameters (number of channels,
and right channels rate, order, rdelay = 0 us) on the

left and right side are different

Table 1: AMP files resulting from different speech processor spec files and wave file inputs

Specification of AMP file format

AMP files, as generated in MakeAMP, are mixed ASCII text and binary files. They consist of a leading
ASCII header section, followed by a single or dual binary amplitude sequence section.

The ASCII header section consists of a sequence of tags. Tags start with a ">' character, followed by a tag
identifier. One or more lines containing the tag data for that tag follow a tag line. Vector data are
specified one element per line. Data lines are delimited by the next tag line or by the end of the file.
Comment lines can be inserted anywhere in the header by starting the line with an asterisk.

The ASCII header section terminates with the tag ">start bin", which designates the starting point of the
binary amplitude sequence. The ">start bin" tag includes a CR (0x0D) and LF (0x0A) character, i.e. the
binary amplitude sequence does not start earlier than two bytes after the tag string.

AMP files containing a single or dual pulse amplitude sequence have a different format, which is
specified below.

Single-sequence AMP files

>system

(Implant interface string. Can be either “new_currents”, “medel”, or “ci24m”)

>length

(Stimulus length in ms, rounded to an integer)

>pulsecount

(Number of pulses. Applies to both left and right sides in case of bilateral presentation)
>implrate

(Implemented stimulation rate in pulses per second, per channel, rounded to an integer. Applies
to both sides in case of bilateral presentation)

>order

(Stimulation order of channels. Applies to both sides in case of bilateral presentation)
>cyctim

(Pulse onset times in us for each pulse in stimulation cycle, relative to cycle start. Numbers are
floats, rounded to 2 decimals. Applies to both sides in case of bilateral presentation)

>start bin

(Single pulse amplitude sequence in binary format. Binary sequence contains unsigned 12-bit
amplitudes in packed, high bit first format, i.e. 2 amplitude values fill up 3 bytes. For an odd
pulsecount, 12 zero-bits are added to make a 24-bit DSP DRAM word full)
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Dual-sequence AMP files

>system

(Implant interface string. Can be either “medel” or “ci24m”)

>length

(Stimulus length in ms, rounded to integer number)

>lpulsecount

(Number of pulses on left side)

>rpulsecount

(Number of pulses on right side)

>limplrate

(Implemented stimulation rate per channel on left side, rounded to integer number)
>rimplrate

(Implemented stimulation rate per channel on right side, rounded to integer number)

>lorder

(Stimulation order of channels on left side)

>rorder

(Stimulation order of channels on right side)

>lcyctim

(Pulse onset times in us for each pulse in stimulation cycle on left side, relative to cycle start.
Numbers are floats, rounded to 2 decimals)

>rcyctim

(Pulse onset times in us for each pulse in stimulation cycle on right side, relative to cycle start.
Numbers are floats, rounded to 2 decimals)

>rdelay

(Delay of stimulation cycle start on right side in us, relative to cycle start on left side. Delay is
positive (right delayed versus left) or negative (left delayed versus right) float, rounded to 2
decimals)

>start bin

[Binary pulse amplitude sequence for left side. Byte sequence is zero-filled to make last 24-bit
DSP DRAM word full]

[Binary pulse amplitude sequence for right side. Byte sequence is zero-filled to make last 24-bit
DSP DRAM word full]

Note: Due to implant pulse timing constraints, the pulse rate per channel that can actually be
implemented in a given implant system might differ slightly from the rate specified in the speech
processor spec file that is scanned in MakeAMP. Thus, the implant interface system and the implemented
(as opposed to the specified) pulse rate are inserted into the AMP file header by MakeAMP. When the
monitor program downloads an AMP file, it accepts only files in which the implemented rate, the number
of channels, and the stimulation order match the rate, number of channels, and stimulation order set up by
the monitor when starting the background stimulation for embedding stimuli whose pulse amplitudes are
retrieved from downloaded AMP files. This crosscheck in the monitor program is an important safety
feature. It ensures that an AMP file can never be streamed out to the subject implant(s) at an
incompatible rate or stimulation order, or on a wrong number of electrodes (this would result in a
potentially hazardous distortion of the stimulus).
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Example of a single-sequence AMP file and its log-file

The following example shows the ASCII header of a single-sequence AMP file for the medial consonant
utterance ‘ASA’ in quiet (file M0510.amp), as generated by MakeAMP from a monophonic wave file
input from file M0510.wav. The input spec file is for a bilateral 8-channel Med-EI processor. Strategy
and stimulation parameters are identical on the left and right sides, thus the same amplitude sequence
results on both sides (case 4 in Table 1). Figure 3 shows oscilloscope traces of the pulse train envelope
signals on channels 1 and 8 of AMP file M0510.amp, as streamed to a Med-El C40+ implant detector.

Amplitude sequence file for streaming mode on ADS56301 Lab System.
File contains unilateral amplitude sequence and was generated
by MakeAMP.m version 2.4.
Input wave file name:
E:\AudioData\vcv\hrtf\Mixed_ramp_+5dB\M0510.wav
Input wave file mode:
Stereo with identical signals on left and right channel -> Mono
Signal processing strategy:
stdCIS
ADSMonitor speech processor spec file scanned for processor parameters:
C:\rtisys\SpecFiles\DS2\DS2_1
Spec file parameters:
Number of channels: 8 left
8 right
Stimulation rate per channel: 1515 pps left
1515 pps right
1 5 2 6 3 7 4 8 left
1 5 2 6 3 7 4 8 right
Synchronization mode: sync, no delay between sides
Spec file results in identical nchn, order, implRate and cyctim
(with rdelay = 0) on both left and right side. Thus, this AMP file,
generated from a wave file in mono input mode, is unilateral.

Stimulation order:

ook ok R ok ok ok % % ok % % ok % % ok % % F % X

*

>system

MedEl

* Stimulus duration in msecs

>length

863

* Number of deterministic pulse amplitudes in stimulus
>pulsecount

10464

* Implemented rate in pps per channel
>implrate

1515

>order

1

Oh~NWONO

* Onset times of pulses within stimulation cycle in us, relative to cycle start
>cyctim

0.00

81.67

163.33

245.00

326.67

410.00

493.33

576.67

* Pulse amplitude sequence in binary format
>start bin
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The contents of the log-file pertaining to the AMP file header shown above (from file M0510.amp) are
shown below (only the line logged for processing of AMP file M0510.amp is shown at the end):

Log file of amplitude sequence files generated for streaming mode
on ADS56301 Lab System.
Files were generated by MakeAMP.m version 2.4.

Input directory for wave files:
E:\AudioData\vcv\hrtf\Mixed_ramp_+5dB\

Output directory for amp files:
E:\AudioData\vcv\hrtf\Mixed_ramp_+5dB\MedEl_stdCI1S_8L1515_8R1515 s\

ADSMonitor speech processor spec file scanned for processor parameters:
C:\rtisys\SpecFiles\DS2\DS2_1

Implant interface specification in spec file:
MedEI

Spec file parameters:

Number of channels: 8 left

8 right

Stimulation rate per channel: 1515 pps left

1515 pps right
6 3 7 4 8 left
6 3 7 4 8 right
o delay between sides

Stimulation order: 1 5 2
1 5 2
Synchronization mode: sync, n

Signal processing strategy:
stdCIS left and right side

Strategy parameters for left and right side:

ook ok ok b b 3 b b X b R R X b b b X X b b % X b b b X % b b X 3 ok X X 3 b % X X o F

inputGain : 1.35869
LeqgRef : -9

nchn -8
eqcutoff : 1200
eqord o1

fl : 350

fu : 5500
bpord : 6
gainBPout o1
Ipcutoff : 200
Ipord : 4

rect : “full*®
gainMAPIn : 4

pwr : -0.0001
thr : 0

mcl o1

Nmap law : 1024
intp > “on”

Wave file -> Amp Ffile (duration, max chnl output amp/rms, no. of pulses, no. of DSP words)

;-étereo wave file M0510.wav has identical signals on left and right channel and will be processed in
mono mode.
MO510.wav -> MO510.amp (863 ms, 0.924/0.557, 10464 = Ox28EO pulses, 5232 = 0x1470 DSP words)
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Streaming of AMP files in the monitor program with a speech processor spec file

Table 2 shows possible combinations of speech processor spec files and AMP files. Generally, a given
AMP file can be used on all implant interfaces where number of channels (unilateral or bilateral),
implemented pulse rate, stimulation order, and synchronization settings (for bilateral interfaces only)
match between the AMP file and the speech processor spec file through which background stimulation for
embedding the stimulus pulse sequence was set up in the monitor program.

Implant Speech processor . . .
. P P P . AMP file Safety check in monitor program
interface spec file
. Execute unilateral stimulus from pulse amplitude
Current Sources, . Single- . -
Unilateral sequence, if number of channels, implemented
Med-El, CI24M sequence . .
rate, and stimulation order match
Execute unilateral stimulus from pulse amplitude
_ Dual- . e . o
Med-El. C124M Unilateral ua sequence on side spec_:lfled in unilateral spec file, if
sequence | number of channels, implemented rate, and
stimulation order match
Execute bilateral stimulus by playing same pulse
amplitude sequence on both left and right side, if
Sinale- number of channels, implemented rate, and
Med-El, CI24M Bilateral g stimulation order match and if pulses occur
sequence | . . N
simultaneously on left and right side (i.e. same
pulse onset times on both sides and no relative
delay).
Execute bilateral stimulus from pulse amplitude
. Dual- nces if number of channels, implemen
Med-El, C124M Bilateral ual- sequences if number of channels, implemented
sequence | rate, relative delay (i.e. pulse onset times), and

stimulation order match on left and right side

Table 2: Possible combinations of speech processor spec files and AMP files in the streaming mode

Signal processing strategy implementations in MATLAB

A number of signal processing strategies, including a standard CIS strategy, have been implemented in
MATLAB. Table 3 shows the currently available strategy functions and their basic design features. All
of these strategy functions can be called from within MakeAMP.

Strategy
function name

Properties

stdCIS

Standard CIS strategy, consisting of the following processing blocks:
Pre-emphasis high-pass filter
Bank of Butterworth band-pass filters
Full- or half-wave rectifier and low-pass filter as envelope extractor
Instantaneous power maplaw compression
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stdihcCIS

CIS strategy, where envelope extraction stage is replaced by processing stage that
implements the inner hair cell (IHC) model (Meddis, 1986; Meddis, 1988):
Pre-emphasis high-pass filter
Bank of Butterworth band-pass filters
Meddis IHC model stage as envelope extractor
Instantaneous power maplaw compression (typically reduced compression)

stdihclpCIS

CIS strategy, where envelope extraction stage is replaced by the Meddis IHC model
and a subsequent low-pass filter stage:
Pre-emphasis high-pass filter
Bank of Butterworth band-pass filters
Meddis IHC model stage, followed by low-pass filter, as envelope extractor
Instantaneous power maplaw compression (typically reduced compression)

stdenvihcCIS

CIS strategy, where envelope extraction stage is composed of rectifier and low-pass
filter, followed by Meddis IHC model:
Pre-emphasis high-pass filter
Bank of Butterworth band-pass filters
Full- or half-wave rectifier, low-pass filter and Meddis IHC model stage as
envelope extractor
Instantaneous power maplaw compression (typically no or reduced
compression)

stdhpCIS

CIS strategy, where envelope extraction stage is composed of a rectifier and low-pass
filter, followed by a high-pass stage designed to enhance signal onsets and simulate
auditory nerve-like adaptation properties:

Pre-emphasis high-pass filter

Bank of Butterworth band-pass filters

Full- or half-wave rectifier, low-pass filter, and high-pass adaptation stage

Instantaneous power maplaw compression

cpCIS

CIS strategy, where Butterworth band-pass filter bank is replaced by a bank of
nonlinear DRNL filters (Meddis, O’Mard, Lopez-Poveda, 2001; Lopez-Poveda,
Meddis, 2001):

Pre-emphasis high-pass filter

Bank of nonlinear DRNL band-pass filters

Full- or half-wave rectifier and low-pass filter as envelope extractor

Instantaneous power maplaw compression (typically reduced compression)

cpihcCIS

CIS strategy with bank of nonlinear DRNL filters and Meddis IHC model as
envelope extraction stage:

Pre-emphasis high-pass filter

Bank of nonlinear DRNL band-pass filters

Meddis IHC model stage as envelope extractor

Instantaneous power maplaw compression (typically reduced compression)

cpihclpCIS

CIS strategy with bank of nonlinear DRNL filters and Meddis IHC model/low-pass
filter as envelope extraction stage:
Pre-emphasis high-pass filter
Bank of nonlinear DRNL band-pass filters
Meddis IHC model stage, followed by low-pass filter, as envelope extractor
Instantaneous power maplaw compression (typically reduced compression)

28




CIS strategy with bank of nonlinear DRNL filters and envelope extraction stage,
composed of rectifier and low-pass filter, followed by Meddis IHC model:
Pre-emphasis high-pass filter
Bank of nonlinear DRNL band-pass filters
Full- or half-wave rectifier, low-pass filter and Meddis IHC model stage as
envelope extractor
Instantaneous power maplaw compression (typically linear, applying only
output gain)

cpenvihcCIS

Table 3: Strategy functions implemented in MATLAB

All strategy implementations in Table 3 can be called as functions in MakeAMP. A signal vector,
sampling rate, and strategy parameters are provided as input arguments and a matrix of channel output
signals is returned as the output argument.

Strategy functions can also be run as standalone programs, by simply executing the function directly
within the MATLAB command environment. In this case, an input wave file and strategy parameters are
requested interactively and all signals from the input signal through the various processing stages to the
final channel output signals are plotted in a sequence of graphs. Also, signal rms-amplitudes and [min,
max] amplitude ranges are displayed in the MATLAB command window throughout the processing
stages. As an additional tool for signal analysis, all plot windows have the capability of zooming into
signal segments and plotting and analyzing signal spectrograms.

Plot windows generated by strategy functions executed in standalone mode also provide buttons for
displaying spectrograms and for playing signals at the output of all processing stages as sound.  Another
feature of the standalone execution mode of strategy functions is the ability to play signals. In the case of
channel output envelope signals, a paradigm of acoustically simulating speech reception with cochlear
implants is applied. Bands of noise, amplitude-modulated by the respective channel envelope signals, are
added together and played as sound. Noise bands are derived by filtering white noise, through the same
band-pass filter that is used in the signal processing strategy, to derive the channel output envelope signal
of that particular channel.

The following figures show the plots generated in stdCIS when run in the standalone mode for the medial
consonant input ‘ASA’ from wave file M0510.wav. Signal rms-amplitudes and [min, max] amplitude
ranges as displayed in the MATLAB command window throughout all processing stages are also shown.
Processing parameters are 8 channels, with a 1¥-order high-pass at cutoff frequency of 1200 Hz, 8
equally-spaced band-pass filters of 6™ order on a logarithmic scale from 350 to 5500 Hz, full-wave
rectification, a 4™-order low-pass filter at cutoff frequency 200 Hz for envelope extraction, and a maplaw
compression power of —0.0001. Note the match between the compressed channel output signals for
channels 1 and 8 in Figure 9 (black) and the stimulus pulse train envelopes on channels 1 and 8 in Figure
3. The AMP file used to generate the stimulation waveforms in Figure 3 has been derived from the same
input wave file M0510.wav, using the strategy and parameters indicated above.
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MO0510.w av - Left In