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The extensive research and continuous improvements in sound processing strategies play a 

significant role in the advancement of cochlear implants and hearing aid technologies. 

Cochlear implants are characterized by different parameters such as electrode number, 

current level, pulse type, width, etc., in addition to a wide variety of signal processing 

strategies.  This variety of choices and parameters provide researchers numerous challenges 

to implement novel strategies or perform perceptual studies. Therefore, the need for effective 

research tools and interfaces in the research community is growing rapidly. The existing 

interfaces either have limited functionalities or are not suitable for conducting a broad range 

of experiments. Portability, wearability, and ease of programmability limits existing research 

interfaces to benchtop/laboratory use only. Real world, long-term subject evaluations are 

needed to assess the true potential of novel sound processing strategies. There exists the 

compelling scientific evidence to support benefits obtained by bimodal hearing (i.e., CI in 

one ear and HA in the contralateral ear) for improved speech recognition in quiet and in 
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noise, as well as for lateralization and localization issues. Studies support the speech 

performance improvement for high rate pulse stimulations. The work in this thesis extends 

the existing CCi-MOBILE platform’s bilateral electric only capability to support both 

electric plus acoustic stimulation as well as variable rate electric stimulation. This 

research platform aims to perform acute laboratory based and chronic field studies 

without compromising portability and wearability. 
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CHAPTER 1 

INTRODUCTION 
 

 

According to statistics reported by National Institute of Health, nearly 188,000 individuals 

worldwide have been fitted with a cochlear implant. In the United States, more than 

41,000 adults and nearly 26,000 children have one. A large population among them are 

fitted with combinations of hearing aid(s) (HA) and cochlear implant(s) (CI) devices. There 

exists compelling evidence to support benefits obtained by bimodal hearing -that is 

cochlear implant in one ear and hearing aid in the contra-lateral ear. Thereby providing 

improved speech recognition in quiet and in noise, as well as for lateralization and 

localization issues [1, 2]. Furthermore, individuals with residual hearing who use hybrid 

implants are able to receive a combined benefit of electric and acoustic stimulation (EAS) 

- that is CI and HA in the same ear with a partially inserted electrode array. Scientific 

studies support the preservation of acoustic hearing, as combined EAS aids speech 

understanding in complex listening environments as well as in identification of musical 

structure and content [3, 4]. The rate at which these electric pulses are delivered to 

electrodes, (i.e., the pulse rate), has also been found to affect speech intelligibility and 

recognition performance [6]. The studies reported in [7, 8] further supports the fact that a 

higher pulse rate yield; better performance than low pulse rate stimulation. This has 

created a unique opportunity to expand the capability of existing electric alone CCi-

MOBILE research platform (developed by CRSS-CI Lab from UT Dallas), to electric plus 

acoustic stimulation and variable pulse rate electric stimuli generation. 
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This thesis involves the FPGA design, hardware integration and enclosure 3D-CAD 

designs of CCi- MOBILE platform for (1) Combined bilateral Electric (biphasic) and 

Acoustic (EAS) stimulation and (2) Variable rate bilateral biphasic electric stimulus 

generation for CI24 implants. These advanced features will help and facilitate new 

opportunities for researchers to implement and evaluate their novel algorithms in real 

time. Grants and hardware support from NIH and Cochlear Corporation have helped 

supported this project. In this thesis, the operational working/ testing setup demonstrated 

in a MATLAB environment. A MATLAB application was developed for acoustic and 

electric stimuli generation. Electric stimuli are generated with an ACE cochlear implant 

strategy in MATLAB and later encoded on the FPGA interface board. This hardware 

interface board is connected to a PC running MATLAB via USB2.0 cable. The electric 

stimuli generated from the FPGA interface board are transmitted through RF coils to the 

implant-in-box for testing or CI users for human evaluation. In this design, we have used 

the CI24 cochlear implants developed by the Cochlear Corporation and the Xilinx Spartan 

6 FPGA. FPGA design is carried out in Verilog, one hardware description language 

employed today. The parameters of the electric stimuli include Inter Pulse Gap (IPD), 

Pulse Width (PW), and Inter Phase Gap (IPG) are measured using an external connected 

oscilloscope. The acoustic signals are analyzed using Audacity PC version. 
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1.1  Thesis Organization 

Chapter 2 discusses the need for the portable research platforms and the limitations of 

existing research platforms by industrial manufacturers. Chapter 3 briefly addresses 

characteristics of cochlear implants. Chapter 4 talks about the existing CCi-MOBILE 

research platform (electric only stimulation). Chapter 5 describes the designs for electric 

plus acoustic and variable rate stimulation at the module level. Finally, in Chapter 6, timing 

constraints and synchronization blocks are discussed. Chapter 7 shows the results for 

the combinations of cochlear implants and hearing aids using Audacity. Chapter 8 

discusses proposed platform in terms of being portable and wearable with the CAD 3-D 

designs. Finally, Chapter 9 summarizes the thesis work and draws conclusions of the 

work. 
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CHAPTER 2 

BACKGROUND 
 

 

The extensive research in the cochlear implant field is basis for the growth and progress 

in cochlear implant (CI) technology. Generally, various parameters such as current levels, 

electrode configuration, number of electrodes and type of stimulation, inter pulse duration 

and signal processing strategies characterizes Cochlear implants. These varieties of 

choices and parameters provides researchers numerous challenges in designing 

cochlear implants and speech processors. The aim of the researchers is to restore normal 

hearing capability in profoundly deaf people. 

The main challenge in developing efficient cochlear implant is that the hearing and 

speech intelligibility behavior depends on the duration for which implants are in use. This 

emphasizes continuous evaluation of the sound strategies and development of new 

strategies. The learned fact about the CI users is that their performance depends on 

environmental conditions and vary while in constant usage, which necessitates 

evaluation. . A portable research platform that facilitates the continuous study of cochlear 

implant can undoubtedly advance this research. Thus, a portable, flexible and easy to 

use research processor is a need of the hour. 

One of the vital factors, which upsets Industrial processors use for speech 

processing research, is that a skilled software developer is required to implement the 

algorithms in high level or assembly level language [16]. The first-generation research 

interfaces designed to do simple tasks such as experimental control of pulse amplitude, 

duration and electrode number in subjects implanted with specific category. BTNI 
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research interface [14] was one that was developed to experiment on subjects implanted 

with Nucleus device from Cochlear Corporation. However, it had limitations with the   

framework and the types of stimulations. Hence, it was unsuitable for channel interaction 

studies. 

A software suite with set of library files supporting two Nucleus (CI22 and CI24) 

implants, named Nucleus Cochlear Implant Communicator (NIC), was developed [18]. 

The breakthrough with this suite is that stimuli can be created in any software on an IBM-

compatible personal computer. NIC interface helps to encode these stimuli to sequences 

of frames and send commands to the Sprint processor, which acts as a hardware 

interface between the Personal Computer and the implants. This processor controls 

transmission of radio frequency pulses to implanted receiver/stimulator unit. This greatly 

helped the researchers in designing stimuli of their choice without having to worry about 

communication protocols.  

Cochlear Corporation developed another software toolbox, Nucleus MATLAB 

Toolbox (NMT), provides sample speech processing codes, such as ACE speech 

processing strategy, to help researchers write/modify speech-processing strategies in 

MATLAB environment on the top of NIC. Although, NIC is useful for experiments involving 

speech, it is confined to the laboratory use because it involves a lab based static 

computing platform in order to create stimuli [15]. This combined suite from cochlear 

corporation has the operating limitations in terms of pulse rate and pulse modes. 
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A portable and wearable research processor by Hearworks Pty Ltd, SPEAR3 

sound processor, developed for electrical and acoustic research. This processor is 

compatible with Cochlear Corporation’s Nucleus CI22 and CI24 implants [15]. Also known 

as SHARP/SPEAR programming system (SPS), it allows programming by connecting 

either a SHARP or SPEAR3 sound processor to a personal computer  [17]. The 

SPS/SPEAR3 package had greater advantages over previous research interfaces:  

It provided developers to implement their new sound processing algorithms by 

providing access to the Digital Signal Processor (DSP) program file, and the ability to 

upload modified assembly code. This platform supported chronic field studies by 

providing the ability to upload new strategies and conduct take home experiments. These 

take-home experiments provided the researchers a unique opportunity to evaluate new 

strategies in familiar environments thereby studying the possible effects of adaptation. In 

addition to access to DSP files, this drives bilateral stimulation and could also be used in 

a multi-modal fashion, where an acoustic stimulus is also presented to take advantage of 

some remaining residual hearing. SPS/SPEAR3 software package includes a 

configurable program file for the SPEAR3 and a graphical user interface (GUI) called 

Seed-Speak that enables researchers to control the parameters of the SPEAK speech-

processing strategy. Thus, it permitted augmentation of the software and implementation 

of more complex psychophysics tests. 

  

The main downside of SPS/SPEAR3 system was it required assembly language 

programming, which is a cumbersome task even for experienced programmers. In 
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addition to this, this platform cannot update the parameters in run – time. Therefore, even 

with interesting features like ability to implement your own strategies/experiments in 

bilateral and/bimodal mode, SPS/SPEAR3 lacked the flexibility and features which 

researchers would want in an ideal research interface to develop variety of experiments 

easily and quickly. 

House Ear Institute and Advanced Bionics jointly developed a research interface 

device, Clarion Research Interface (CRI), had high – level programming in C- language, 

and desired to work with Clarion cochlear implant subjects [13]. The hardware consists 

of a Personal Computer, which acts as a host and capable of running Clarion SCLIN 

software, a Clarion Speech Processor (SP)/Headpiece , an Implantable Cochlear 

Stimulator (ICS) and a DSP Development Board (EVM). The software on the CRI consists 

of RSP software running on the Speech Processor and DSP software running on the 

EVM. The Clarion Research Interface provided the introduction of preprocessed stimuli, 

configuring the speech file from a host PC and off-line implementation of speech 

algorithms easily. On the other hand, CRI was not capable of bilateral stimulation and 

confined to the lab environment making it unsuitable for experimentation outside the lab 

environment. 

To support the implants by MED – EL a Research Interface Box (RIB) was 

developed by University of Innsbruck. This device uses RS 232 serial interface to 

communicate with personal [21]. The computer processes a sound file (.wav) offline and 

generates a data file that contains all parameters describing the electric stimulus, 

including the electrode number, current amplitude, pulse duration, inter-pulse interval, 
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and stimulation rate. During the test, the RIB would download the data file, generate its 

equivalent signal and send this signal to the internal receiver through radio frequency link 

coil. While RIB was a satisfactory platform for offline implementation of complex 

algorithms, it was not suitable for real-time processing. In addition, it is not portable and 

is not suitable for bilateral studies. 

A brief review of limitations of these interfaces can be summarized as: 

I. Limited frame work and specific to the implant types and characteristics, 

II. Most platforms require assembly language programming. 

III. Limited features to experiment; such as stimulation modes, stimulation parameters 

and/or stimuli pulses of individual electrodes. 

IV. Portability and wearability for realistic assessment of novel algorithms for take 

home trials. 

V.        Limited access to the design files or program files with in the speech processor 

These drawbacks served as a motivation factor in working on the development of 

a versatile platform. In [19] Cochlear Implant Lab (UT Dallas) presented, a highly versatile 

smart phone based solution, PDA, a portable computing platform that can provide all the 

computing power to drive complex algorithms/tasks in real time. The next version to PDA 

is CCi- MOBILE research platform, which aims to provide such flexibility and ease with 

bilateral, bi –modal and variable rate stimulation with portability and wear-ability. This 

platform supports CI24 Implants.  
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CHAPTER 3 

COCHLEAR IMPLANTS 
 

 

A cochlear implant (CI) is a surgically implanted electronic device that replaces the 

function of hair cells incapable of producing electrical impulses to the auditory part of the 

brain. Thereby providing a sense of sound to a person who is profoundly deaf or hard of 

hearing in both ears. The damage to the sensory receptors of the inner ear (hair cells) 

causes profound deafness. In that scenario, the auditory system has no way to transform 

acoustic signal to brain (neural) impulses, and that in turn leads to sensorineural hearing 

loss. In such people, it is conceivable to cause a sensation of sound by direct electrical 

stimulation of the auditory nerve. Therefore, Cochlear implant is an idea of bypassing the 

normal hearing mechanism and directly stimulating the residual auditory nerves with 

electrical currents. The basic components are 1) behind the ear (BTE) microphone units 

to pick up sound from the environment, 2) a speech processor specifically channels the 

sound to prioritize audible speech and 3) RF transmitter coils, to induce the processed 

acoustic signals across the skin to the internal device as shown in Figure 1. Therefore, 

the central design of cochlear implants is representing speech stimuli, as electric stimuli. 

To empower the residual or profoundly deaf hearing subjects to understand speech, it is 

important to utilize fitting stimulus varieties to stimulate the auditory nerve fibers.  
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Figure 1: Cochlear Implant and subsystems [1] 

 The cochlear implant devices are characterized based on (1) Electrode Base 

(number of electrodes, electrode configuration), (2) Simulation type – pulsatile or analog, 

(3) Transmission link - transcutaneous or percutaneous, and (4) signal processing -

waveform representation. The comparison chart in Table 1 illustrates such characteristics 

of cochlear implants manufactured by different industries. Most of the todays cochlear 

implant devices use transcutaneous connections. 

Table 1: Comparison chart - Implant Characteristics [22] 

Characteristic Advanced Bionics Cochlear Corp. MED -EL 

Electrodes 16 22 Up to 24 

MAX Stimulation 

Rate 

83 000 pulses per 

sec 

32 000 pulses per 

sec 

51 000 pulses per 

sec 

RF CARRIER & 

DATA RATE 

49 MHz, 1 Mb sec 5 MHz , 0.5 Mb sec 12 MHz , 0.6 Mb 

sec 

 

The transcutaneous connection systems uses a radio link to transmit the stimuli. 

That is an external transmitter unit is used to encode the stimulus information for radio-
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frequency transmission from an external coil to an implanted coil. Whereas 

percutaneous system transmits the stimuli to the electrode directly through plug. This 

signal transmission model is explained in Figure 2 [1].  

 

Figure 2: Signal Transmission Model 

The highly critical module that differentiates design in different devices is the 

signal processing strategy used for transforming the speech signal to electric stimuli. 

Channel vocoder, which makes use of envelopes of acoustic signal to generate 

electrical stimulation, works as part of the signal processing strategy. This channel 

vocoder works similar to the concept of speech signal transmission over telephone 

lines, which needing low bandwidth. The envelopes assessed using vocoder analyzer 

are transmitted to individual electrodes. To address any class of user [1], various 

strategies are developed to exploit different design characteristics. One such strategy 

is Advanced Combination Encoder (ACE). 

According to study [9] the speech can be well understood when only the crests in 

the short- term spectrum is used in the speech synthesis. ACE works on this principle 
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by stimulate only the first few spectral maximum channels (spectral - maximum 

strategy). The symmetric stimulation pulse, as shown in below Figure 3, is generated 

with this strategy. Stimulation parameters are stimulation mode (Mono, Bi- polar), Inter 

pulse duration, current level (amplitude), Pulse width, Inter phase gap and Inter- 

stimulus interval. 

 

Figure 3: Symmetric bi-phasic Pulse-Electric 
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CHAPTER 4 

CCI MOBILE RESEARCH PLATFORM 
 

 

Many research processors developed in the past are suffering from their restricted use 

in the laboratory environment and lack of availability of technical resources. Although 

the research processors made by different manufacturers to solve this purpose [28], 

[29], [55] they are not easy to update and reprogram and they require highly skilled 

programmers to change the algorithms and strategies. This CCi- MOBILE platform 

demonstrates all these benefits for research in cochlear implants, which requires 

minimal investment for development and upgrading to new needs. Hence, this work 

extends the platform ability to serve the research areas not only in implant space but 

also in hearing aid areas. This platform consists of a custom-developed interface board 

(Figure 4) that connects with a computing platform (PC/Mobile) to stimulate CI24 

implants (by Cochlear Corp.). 

4.1 Hardware Interface Board 

The main components of the hardware interface board are: 

(1) Audio input channels for both left, right microphones and stereo microphone set. 

(2) RF output electric stimulation to left and right coils 

(3) Stereo or left, right Audio output channels. 

(4) USB / Wi-Fi selection switch. 

(5) FPGA from Xilinx Spartan 6 series. 

(6) Wi- Fi module from blue –giga. 
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(7) FTDI chip for USB to UART. 

(8) WM8983 Audio codec and other on -board peripherals for voltage regulation and 

JTAG support. This board draws its operating voltage (+five volts) from the PC/ Mobile 

via USB 2.0 communication cable. 

This board is very compact (dimensions: 3in * 2 in), lightweight and hence 

portable. It communicates with the computing platform either wireless or wired mode of 

connection. This thesis work demonstrated with USB mode of communication. This 

interface board starts sending the sampled audio signal from BTEs, on a frame-by-

frame basis, to the computing platform after it receives initiating packets. 

 

Figure 4: Hardware Interface Board 

4.2 Computing Platform 

As mentioned in the chapter 1, a software application must be running on the PC/Mobile 

to generate the electric stimulation. In this work, a PC is used for running MATLAB 

application, which generates the electric stimulation using ACE strategy. Thus, 
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computing platform sends the implant characteristics such as Electrode number, 

Amplitude, Stimulation mode, processed acoustic date, Information about pulse width 

and pulse rate on a frame-by-frame basis to the hardware interface board. The size of 

data in each frame is constant and 1032 bytes for both bi- modal and variable rate 

electric stimulation. These data packet structures are explained in detail in the later 

chapters. Thus, MATLAB application serves as a client with initiating the data transfer 

and reception from the interface board. This computing platform can use MATLAB, Lab 

view, python etc. The functions in the MATLAB (developed in CRSS) can facilitate the 

researchers to integrate their strategies as functions, which eliminates the strategy 

specific configuration. 

The working of CCi- MOBILE platform as shown in Figure 5 is, (1) hardware 

interface board continuously samples the incoming analog audio signals from the BTE 

units. When the computing platform, which is connected to the hardware interface board 

via USB /Wi- Fi interface, initiates the serial communication; then (2) the interface board 

responds with sending the digitized audio. Then, (3) the computing platform processes 

the digitized audio data with a sound coding strategy and thereby (4) generates electric 

and acoustic stimuli for Bimodal operation and variable pulse rate for electric stimulation 

operation back to the hardware interface board. On the FPGA, (5) these stimuli are 

encoded specific to the implant type. This process repeats on a frame-by-frame basis 

until the user ends the application on the computing platform. (6) This platform can 

stimulate bi-laterally with any combination of CI and HA on the ears. 
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1
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Figure 5: High Level Diagram of CCi-MOBILE Research Platform 
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CHAPTER 5 

HARDWARE DESIGN ARCHITECTURE 
 

 

As described in the previous chapter, the FPGA design for the streaming of variable rate 

electric stimuli and combined electric plus acoustic stimuli carried out in Verilog HDL. This 

involves, design of (1) Audio data collection and play back for both left and right, (2)UART/ 

Wi-Fi toggle switch de-bounce module, (3) Audio Data transmission and reception on 

communication link, (4) synchronization of data across different clock domains and (5) 

RF stimuli transmission to both left and right coils. The top-level design architecture is 

shown in the below figure. 

 

Figure 6: Hardware Design Architecture for EAS and Variable Rate Stimulation 
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The FPGA design for architecture as shown in Figure 6, organized in different 

modules, which internally are the state machines that run concurrently. These state 

machines require different clock speeds, which necessitates the data synchronization, 

otherwise leading to Meta stable values, which invalidates the functionality of the design. 

To avoid this, appropriate synchronizers are necessary. In this design, RAM and hand-

shaking design techniques were used. To avoid Meta or unstable state values. In a digital 

circuit, valid stable states are either ‘0’ or ‘1’. The Meta stable state arises when the wire 

is sampled before it goes to either of the states. The fundamental challenges involved in 

this design are data synchronization across different modules, which are operating at 

different clock speeds. The communication link between the computing platform and 

interface board interfaced at five Mbps rate. Sampling of the analog audio data and stereo 

play back achieved at 16 KHz. The CI24 implants need the data bursts at 5MHz.The 

toggle switch selects the communication link. Hence, the hardware interface board is 

designed to operate at higher clock- in this design it operates at 80MHz. 

Before digging deep into design, the functional requirements for the Bimodal 

(combined electric and acoustic) and variable rate electric stimulation generation is 

explained in this section. 

5.1 Bimodal (EAS) Stimulation Requirements 

In addition to the electric only stimulation, the hardware interface board should support 

the combined electric and acoustic stimulation. The former exchanges the audio 

information with the electric stimuli alone, which is coming from the computing platform 

on a frame – by-frame basis. Similar to the electric only, the bi- modal system needs an 
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additional processed acoustic information from the computing platform. This additional 

information changes the data reception for the electric only design. That means for 

electric only streaming, the computing platform sends only 516 bytes of bi –lateral electric 

stimuli where as EAS needs an additional 516 bytes of stereo audio information per frame. 

Therefore, the total data reception requirement for EAS is extended to1032 bytes for each 

frame. This doubles the frame size compared to electric only system. The high-level 

working is described in the Figure 5. However, the frame duration is fixed as 8ms as 

shown in Figure 7 To achieve this functionality within the allowed frame rate – additional 

hardware blocks are to be added to electric only design. These blocks store the additional 

516 bytes of acoustic information and processes accordingly. This storage and 

processing require additional RAM buffers and data synchronization blocks. 

As shown in Figure 7 computing platform initiates the communication by sending 

a dummy byte. Then the hardware interface board transmits the 512 bytes of audio 

collected previously. In the same duration, audio codec will be acquiring the data 

continuously from the BTEs. This data originally processed by the computing platform 

and sends back to the interface board as Frame 1. As soon as the Frame 1 is read, FPGA 

starts encoding of the electric stimuli and streams both electric and acoustic data. This 

streaming of RF and acoustic information happens at every 8 ms. Therefore, this process 

continues until the computing platform stops the communication. 
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5.2 Variable Rate Electric Stimulation Requirements 

The support of variable stimulation rate for each electrode is an addition to the former of 

version of electric only. In the former version, Pulse rate is constant across the entire 

frame. Therefore, in this design pulse rate can be varied within the frame. The both 

versions (electric only and variable rate electric only) on a frame by frame basis, 

computing platform sends the processed stimuli information. In the former electric only 

version, the pulse rate for the entire frame is captured initially by the FPGA. In this design, 

an additional pulse rate information for each electrode is to be stored and processed. This 

adds the 2 – bytes per electrode overhead for entire frame of pulses. That means to 

stimulate 64 pulses on an electrode an additional 128 bytes of information is needed. This 

increases the frame size to 1032 bytes. This demands additional 16 – bit RAM buffers 

and data integrity blocks. However, the frame duration is fixed as 8 ms. As shown in the 

Figure 7 The high-level timing diagram, the acoustic information is replaced by the Inter 

Pulse Duration bytes. The working order is same as for the Bi – Modal operation except 

it does not stream the acoustic information. The RF streaming is explained the later 

sections. This process ends when the computing platform closes the communication link. 

The additional design components 

I. Frame size – 516 bytes 

II. RAM buffers – 4 Nos. (2048 ×16) 

III. Additional design to write and read from RAM addresses. 
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Figure 7: High Level Timing Diagram of EAS Generation 

5.3  Audio Digitization and play back 

This interface board uses wm8983 audio codec for analog to digital and digital to analog 

audio conversions. This interface uses a three – wire communication with CSB, SCLK 

and SDIN signals. The audio codec is configured such that it samples the audio from the 

microphones at 16 KHz. Each sample is a 16 – bit signed data. This configuration involves 

power and clock management, sampling and word rate selection, audio interface 

selection, output sampling mode, ADC & DAC control, gain control, volume control and 

limiter settings etc.,  

Audio Codec works in DSP / PCM mode for sampling the output data pin “adcdata”. 

In this mode, on following the rising edge of LRC, the left channel MSB is available on the 

second rising edge of BCLK. This FPGA design uses 100 BCLK transitions for everyone 



 

22 

LRC transition, which occurs at 1.6MHz. Hence, the sampling achieved at 16 KHz. (i.e., 

1.6M/100). 

5.3.1 FPGA Design Flow 

The module level representation for audio codec interfacing requires seven signals. 

FPGA acts as a Master, sends the chip select, clock and register data signals at 1.6MHz 

clock speed. 

FPGA

AUDIO

CODECLRC

BCLK

MCLK

DACDATA

ADCDATA

SDIN

SCLK

 

Figure 8: FPGA interfacing with Audio Codec 

 

The flow chart in Figure 9 describes the top-level description of the implementation. 

Here the challenging task is sampling the audio codec output constantly with maintaining 

the order. That means the first sample byte should always corresponds to the Left channel 

and this is stored on the even RAM address locations. 
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 CODEC configuration 

and

Initialization

Start sampling @ 

16KHz

 store the audio 

samples in RAM 

buffers. Play-back if 

working in Bi – modal 

mode.

Reset the buffers after 

sampling 512 bytes.

Enable the flags for 

UART Communication 

and RF Transmission
 

Figure 9: Implementation Sequence of Audio Codec Interface 

The improper FPGA design will cause the inaccurate sampling and there by leading to 

data corruption. This implementation is verified by soft loop back setting on the codec or 

shorting the adcdata and dacdata wires in the FPGA design. Thereby, user can listen to 

the real-time audio. 

5.4 USB and Wi-Fi Selection 

This hardware interface board supports both USB and Wi-Fi mode of communication 

through UART interfacing. The UART Data transfer rate is chosen as 5 Mbps. To facilitate 

both USB and Wi-Fi; a single pole double throw switch (SPDT) is provided on the 

hardware. Here, the challenge is SPDT takes finite time to settle to either of the states 

(ON or OFF). During this time if FPGA reads the switch value, it may collect the samples 
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from the incorrect end. Therefore, to avoid this a switch de-bounce technique is 

implemented. With this, only the stable values either ‘0’ or ‘1’ are read by the FPGA. In 

this design, SPDT is taking 1.9 ms time. So, the number of clock steps that design should 

not sample on changing the switch state is calculated as 

Number of clock steps = operating frequency × delay needed 

= 80 MHz × 1.9 ms = 152000. 

Therefore, the width of the counter is 18- bit. This can count 262144 values. During this 

time, it is ideal to disable the communication or resetting the FPGA design. The design of 

the SPDT de-bounce mechanism is shown in Figure 10.

 

Figure 10: SPDT De-bounce mechanism 
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The working of the de - bounce technique is that after detecting the change of state 

at SPDT, counter starts incrementing to reach its maximum value i.e., counter is enabled 

as long as it has a low state in its most significant bit (i.e., 17). Thus, after reaching its 

maximum value, counter will stop counting its value. During the count mode if any change 

occurs at the SPDT – it resets the count to zero. 

5.5 Audio Data transmission and reception 

Hardware interface board starts sending the digitized audio data, after it receives a 

dummy packet from the computing platform. This data exchange between hardware 

interface board and computing platform uses standard UART communication. This 

protocol uses RTS and CTS flow control signals. Each byte is embedded in between start 

and stop headers for asynchronous handshaking. 

 

Figure 11: FPGA UART serial communication 
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5.5.1 Transmission 

The implementation of the transmission is as shown in the below data flow. This state 

machine runs at 5MHz clock speed and initially in the idle state waiting for the clear to 

send (CTS) signal. 

Start at 5MHz

CTS == 0?

Send start 

bit

U2tx =0

Read the audio 

byte “uart_tx “ 

from appropriate 

RAM

No
Wait here if 

cts = 1

U2tx 

=uart_tx[0]

Send stop 

bit

U2tx = 1

Repeat seven times 

for remaining7 bits 

of uart_tx

Count the total 

bytes sent

  count == 512 for USB

Byte count == 530

For Wi-Fi

Yes

Reset the counters 

and RAM address 

pointers

Yes

end

No

USB/Wi- Fi switch 
status

UART

Wi-Fi

Load Wi-Fi- 

Header

 

Figure 12: UART Data transmission 



 

27 

Hardware interface board starts sending the digitized audio data, after it receives 

a dummy packet from the computing platform. The implementation of the transmission is 

as shown in the below data flow. This state machine runs at 5MHz clock speed and initially 

in the idle state waiting for the clear to send (CTS) signal. 

On receiving the CTS, an appropriate RAM byte is read from the appropriate 

buffers and will be transmitted asynchronously to the computing platform at 5Mbps baud 

rate. This process repeats as long as the computing platform sends the processed audio 

bytes. This flow chart describes the implementation of the UART transmission for both 

USB and Wi – Fi mode. The above implementation is verified by the Mat lab audio 

recording application. This audio recording application collects the data on a frame- by 

frame basis and plays it. 

5.5.2 Reception 

The most challenging part of this design is collection of processed data from the 

computing platform without losing the information. To achieve this integrity, different RAM 

buffers were used for left and right stimuli separately. In addition, header check is 

performed to ensure the order of the information. 

Computing platform transmits 258 bytes of each for left and right electric stimuli 

and another 516 bytes for Acoustic or Inter pulse duration information. The data 

organization is explained in the coming sections. This state machine is designed to 

expand the data processing capacity for Bimodal and Inter Pulse Duration (IPD) 

capabilities. Depending on the 515th byte this statement diverges into EAS or variable 

rate electric stimuli operation. 
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Start sampling the 

receive at 5 MHz

Collect  258 bytes of 

Left electric stimuli info 
and store in 

corresponding RAM

Perform header check

Collect  258 bytes of 

right electric stimuli info 
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Collect 516 bytes of 

IPD/Acoustic and store 
in corresponding RAM

 bimodal or 

variable_rate_flags 
== 1

NoNo

Yes

Reset RTS and RAM 

address pointers

end
 

Figure 13: UART Data Reception 

5.6 Data Memory Organization 

To achieve the real-time performance with minimal processing delay, this hardware 

interface board buffers the incoming and outgoing data stream on a frame-by-frame basis. 

The Xilinx FPGA (Spartan 6) supports 1-bit, 8- bit and 16 – bit wide RAM memories of 

512, 1024 or 2048 sizes. In this design, a ping - pong concept is used for data storage 

and processing. When Ping buffers (BUF 0 of electric and acoustic) are storing the data, 

Pong buffers (BUF 1 of electric and acoustic) will be processing the data. The memory 

organization at abstract level is shown the figure 14; Audio codec uses two ADC buffers 

for storing the BTE data. 
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Figure 14: Data Memory Organization on FPGA 

In case of bi- modal operation, two more buffers are needed to store the processed 

digitized data. The capacity of each audio buffer is 2048 bytes. This design uses only 512 

bytes for audio storage. The organization of the ADC buffers is shown in the Figure 15. 

According to Figure 14, each parameter (Electrode Num., Amp, IPD etc.) uses different 

RAM Buffers to avoid data corruption. For variable rate electric stimulation, this design 

uses 16 –bit wide RAM buffers to store the Inter pulse (IPD) duration bytes in addition to 

eight – bit RAM buffers, which stores electrode number and current levels. This Ping – 

Pong concept supports for high speed computing platforms. Otherwise, data can be lost 

for low speed computing platforms. In that case, more buffering is required and this leads 

to the increase in system delay. 
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Figure 15: ADC Buffer Organization 

5.7 RF Stimuli Generation 

This design is compatible with CI24 implants. These implants require 5Mbps RF data rate. 

Computing platform sends the bi- lateral stimuli information such as electrode number, 

current level and the Inter pulse duration (If operating in variable rate electric stimuli 

generation mode). Then, the FPGA encodes this information into CI24 specific embedded 

format. As shown in the Figure 16. FPGA streams them as bi –phasic pulses with inter 

phase gap and inter pulse duration values. Each electrode’s current level, phase gap and 

pulse duration are sent on the coil as show in the below figure. 
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RAM buffers for 
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Count == ppf

Yes
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end
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gap

Send PH2

Send Inter pulse 
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Count pulses sent

 

Figure 16: Bi- lateral RF Stimuli Generation. 
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CHAPTER 6 

DATA SYNCHRONIZATION 
 

 

As explained in the chapter 5, FPGA concurrently processes the information across the 

different clock domains. This requires proper data handling with accurate timing. When 

the different modules run independently, there must be a mechanism to synchronize 

them. This data synchronization should be within the timing requirements. Therefore, in 

order to meet the timing requirements, the FPGA design must have the meaningful 

synchronization along with storage. This chapter details such timing constraints. This 

design uses asynchronous handshaking techniques along with the data buffering. In 

chapter 5, the timing and functional requirements are explained. 

 

Figure 17: Module Level RTL Design 

If the hardware design as shown in Figure 6 converted to a RTL Design. The 

design would look like Figure 17. In the coming sections, the data synchronization blocks 
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are discussed clearly. The UART communication already has CTS and RTS signals to 

control the communication between two devices. 

6.1 EAS Generation 

Data synchronization in Bi – modal design is implemented using five different binary 

handshaking signals. Bi – modal design at modular level is shown in Figure 18. 

I. IsDataReady – synchronizes Audio Digitization block with DAC RAM Reading. 

II. Data_read – enabled by Audio digitization block, when previous frame is 

played. 

III. Swap_enable – enabled by UART Reception Block when the present frame is 

received and written into the Buffer. 

IV. Dac_swap – Flag generated by Data synch Block to switch between BUF 0 and 

BUF1. 

V. Data_process.- enabled by UART reception during the frame reception. 

After UART reception-module collects the incoming acoustic information, it enables 

stereo_read flag to start stereo data read (DAC Read) block. And swap_enable flag to 

indicate that buffers should be swapped before receiving the next frame. This stereo read 

block supplies four dac bytes (dac_sft1 thru dac_sft4) to audio digitization and play back 

block. The Audio digitization block checks with IsData_Ready flag to start sending through 

dacdata pins. On successfully sending 512 bytes of audio data through dacdata pin, the 

Audio Digitization block generates data_read flag. 
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UART_RX
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Figure 18: Synchronization for Bi – Modal Implementation 

Data Synch block asynchronously generates dac_swap flag based on below Table 2 

Table 2. BUF0 and BUF1 switching Logic Truth Table 

Data_Read Data_process Swap_enable Dac_swap State 

0 0 0 0 A 

0 0 1 0   A 

0 1 0 0 A 

0 1 1 0 A 

1 0 0 0 A 

1 0 1 1 B 

1 1 0 0 A 

1 1 1 0 A 
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A: No change state: retain the buffer pointers because the processing not yet completed. 

B: Toggle state: swap the buffer pointers for the upcoming frame. 

The dac_swap timing diagram details it more clearly. This logic is used only for the 

bi_modal(EAS) generation. Time synchronization between RF Stimuli and stereo play 

back is achieved by stereo_read and flag_AD_R flags. The below Figure 19 illustrates 

the data synchronization in bi –modal generation. 

 

Figure 19: Timing Diagram for Bi – Modal buffer swaps 
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6.2 Variable Rate Electric Generation 

This design requires the synchronization between UART Reception and RF Stimuli 

Generation with meeting the timing constraints as mentioned in the chapter 5. RF stimuli 

generation starts after the consistent trigger pulse generated from the Audio digitization 

and playback module. Similar to dac_swap flag in EAS generation, tx_buf_state flag is 

generated for swapping between BUF 0 and BUF 1. As shown in Figure 20, Audio 

Digitization and playback block generates trigger pulses flag_AD and Flag_AD_R 

(RF_start_pulse) to start RF stimuli generation block. Then based in the Tx_buf_state, 

the electric stimuli information is read from BUF0 or BUF 1. This flag is generated from 

the Data Synch block. 

 

Audio 

Digitization

Playback

RF Stimuli

Generation

UART 

RECEPTION

FLAG_AD

Data Synch

Block

Buf_doneUART_RX

RAM

FLAG_AD_R

Tx_buf_state

To Left Freedom Coil

To Right Freedom Coil

 

Figure 20: Synchronization for Variable Rate stimuli 
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On receiving the full Frame (1032 bytes), UART Reception Block generates 

Buf_done flag to direct the next frame to an appropriate RAM buffer. That means 

Buf_done is ‘0’ directs the incoming frame to BUF0 and ‘1’ directs the frame to BUF 1. 

This below logic generates the appropriate direction for the RAM to read the correct 

information. 

Table 3: BUF0 and BUF1 switching Logic Truth Table for RF Stimuli Generation 

Buf_done Tx_buf_state 

(Present) 

Tx_buf_state 

(Next) 

0 0 1(Toggle) 

0 1 1(NO change) 

1 0 0(NO Change) 

1 1 0(Toggle) 

 

The Tx_buf_state timing diagram details it more clearly. This logic is used only for the RF 

Stimuli generation. Time synchronization between RAM read and Stimuli generation is 

achieved by flag_AD and flag_AD_R flags 
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Figure 21: Timing diagram for RF stimuli generation 

The above Figure 21. Illustrates the data synchronization in variable rate RF stimuli 

generation. It starts with filling up the IPD_Left buffer on each arrival of the frame. Then 

Buf_done flag is updated to its complimented binary value, indicating the next incoming 

frame shall fill up the corresponding buffer. After the tx_buf_state as shown in the below 

figure, corresponding RAM buffer are read for the Electric stimuli information. 
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CHAPTER 7 

RESULTS AND ELECTRICAL CHARACTERISTICS 

7.1 Debugging 

The functionality of FPGA design can be verified at RTL simulation or Hardware level. In 

this work, debugging at hardware level was done to ensure the integrity of the data 

exchange between computing platform and hardware interface board. Xilinx ISE Design 

Suite 14.7 comes with ChipScope pro analyzer for hardware debugging. RAM content at 

address location 125 is verified as 600, which can be seen in the below figure. Likewise, 

the content of each frame is verified for data integrity. 

 

Figure 22: RAM content Verification using ChipScope 
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7.2 EAS Generation 

AudioFileProcessor is a MATLAB application developed in CI lab, which streams the 

electric and acoustic stimuli for an audio file. This application uses serial communication, 

i.e., USB at 5Mbps. On running this application with the interface board, the electric and 

acoustic stimuli are generated as shown in the below figures.   

 

Figure 23: AudioFileProcessor MATLAB Application 
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The acoustic stimulus is captured on audacity. The Figure 24 shows the stereo acoustic 

for audio file S_01_03.wav  

 

Figure 24: Stereo Acoustic for audio file 
 

 

Figure 25: Electrodogram for the left ear 
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Figure 26: Electrodogram for the right ear 
 

 

Figure 27: Time synchronized electric + acoustic stimuli 
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7.3 Electrical Characteristics 

The Table 4 describes the operating characteristics of the Hardware Interface Board. 

Table 4: Electrical Characteristics 

Operating Voltage 5V 

Audio Sampling 

Frequency 
16KHz 

USB Data Rate 5 Mbps 

Audio frequency Range 200Hz –  8KHz 

Current Consumption 0. 14 A 

Startup Time  10.4 ms + PC processing time 

Frame Duration  8ms 

Frame Size 

1032 Bytes 

Electric – 516 Bytes 

Acoustic – 516 Bytes 

. 
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CHAPTER 8 

WEARABILITY 

In the previous chapters, the design details of the hardware interface board for BI- modal 

and variable rate stimuli generation are clearly explained. To make this compact interface 

board wearable, a proper enclosure design is required. As 3D printing is growing very fast 

with economic material cost, this thesis uses the 3D printing for making the enclosures. 

Sketch UP- Pro software was used to design 3D enclosures. 

The below figures bolster the fact that CCi- MOBILE platform aims for outdoor 

evaluations. 

              

Figure 28: 3D –Enclosure Designs for TOP and BOTTOM Plates 
 

          

Figure 29: 3D –Printed Enclosures 
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An extra effort is made to make this board work for outdoor environments. This 

requires the board to be flexible and wearable. To serve this purpose, 3D – Sleeve 

designs were also created as shown in the below figures. CI user can carry this device 

along with his/her Mobile unit. Plans are underway to make these designs open for all 

types of smart phones. 

     

Figure 30: 3D –Sleeve Design and 3D –Printed Sleeve 
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CHAPTER 9 

CONCLUSIONS AND FUTURE ENHANCEMENTS 
 
 
This thesis presented a hardware interface board for Bi- Modal and Variable rate electric 

stimulation. These capabilities offer researchers with an excellent opportunity to realize 

complex speech and hearing applications. The portability of this device enables the 

researchers to adapt the new technologies with less programming skills. This platform 

can function in multiple combination of HAs and CIs (e.g. left HA/ right CI, both HA/both 

CI, etc.). This hardware interface board provides the researchers the flexibility to play with 

variety of the combinations of cochlear implant parameters like electrode num., Current 

level, pulse width and Inter pulse duration. Thus, interface board supports synchronized 

bilateral EAS for both acute laboratory-based experiments and chronic field studies with 

cochlear implants (CIs) and hearing aids (HA). On the computing platform side, variety of 

application suites can be built such as recording app, Bi – Modal stimulation, variable rate 

stimulation, variable pulse width on a frame basis, and combinations of electric stimulation 

etc. This CCI-MOBILE research platform is aimed as an open-source contribution to the 

speech/hearing science research community. 

9.1 FUTURE ENHANCEMENTS 

In order to minimize the operating the delay, signal-processing strategies are to be 

implemented on the hardware interface board itself. This will greatly reduce the 

communication bottlenecks and opens the doors for bringing in the technology into 

medical field. 
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9.1.1 BURN-IN Protocol 

This protocol is helpful for testing (1).Safe operation for extended periods of time with 

wide range of acoustic signals and Map parameter combinations, (2)1-to-1 comparisons 

between the clinical and research processors over extended period of time with hours of 

acoustic data and (3) quantizing the results. 

The proposed work involves connecting the connecting the RF-coil with the DIET box 

(Developed by cochlear corporation), and obtaining decoded and digitized RF signal 

(comprising of electric stimuli data for all electrodes) on a PC. A Computing Platform will 

flush the CCi-MOBILE platform with wide variety of input stimulus (hours of acoustic 

sounds at various acoustic levels) such as: 

 Speech signals (IEEE, TIMIT, AzBio databases) at various SNR and intensity 

levels (30dB, 40dB,  50dB, 60 dB, 70 dB, 80 dB, 90 dB, and 100 dB SPL) 

 Noise corpora (Noizeus, Noisex, etc.) consisting of everyday realistic 

environments (e.g., babble, speech-shaped, train, car, cafeteria, gunshot, factory, 

impulse, and synthetic noises).  

 Artificially created sounds (e.g., tones, chirps, random mixtures) at various SPL 

 Long term audio corpora (e.g., recordings from NASA) that are several thousand 

hours.  

Scripts will monitor and catch any abnormalities and these would be plotted on scatter 

diagrams as you suggested. In addition, scripts would be developed to plot the pulse 

patterns in shape of electrodograms and will be compared with the clinical system. 

To demonstorate device safety, following features will specifically be tested: 
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1. Pulse shape (symmetry) 

2. Pulse width  

3. Current level (maximum) 

4. Total charge delivered over a period of time (which is electrode array and implant 

model dependent) 

5. Pulses per second per electrode (indicator of pulse rate and charge restrictions) 

6. Interphase gaps 

In addition, these tests will be repeated for a combination of MAP parameters such as: 

 Pulse Rate (ranging from 125pps to 3200 pps with increments of 125 Hz) 

 Pulse Width (ranging from 25us to 500 us with increments of 5us) 

 Number of active electrodes (ranging from 1 to 22) 

 Current Levels (MCL and THR values) (0 to 255 CU) 

 Stimulation Mode (Electrode configuration, MP1, MP2, BP1, MP1+2, CG) 

 Electrode array type 

The end results will be quantified in terms number of abnormal (potentially unsafe) 

occurences of pulses to demonstate safety of the system over extended period of time.  
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 Chip Design (ASIC) of a mini stereo-Digital Audio Processor for Hearing Aid application. 

 AES scan attack defense using secure test architecture with Scan Chain Insertion  

 skills: Verilog  

 A project on PCB reverse engineering to perform proximity attack by analyzing Gerber 

files; skills: python.  

 Physical Layout Design (complete- DRC, LVS, and HSPICE Simulation) and optimization 

of a Trivium Cipher using IBM 130nm Technology on CAD Virtuoso Layout. Ref: 

https://www.youtube.com/watch?v=c-Ypbg1SIpI.  

 Design and Optimization of two level cache configurations for best CPI using GeM5 

simulator; skills: Perl script  
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 Implementing Hardware Trojans (Timers, Keyboard) on 8051 Microcontroller. Skills: 8051 

Assembly Language. 

 Layout Design of CMOS Standard Cell and HSPICE analysis for calculation of 

subthreshold, Leakage Currents. skills: Cadence virtuoso  

 

Work Experience:  

1. The University of Texas, Dallas, USA          May 2016 – present  

Research Assistant at CRSS/CI lab; supervisor: Dr. John H.L Hansen 

 

 System Design of Cochlear Research Platform (CCi - Mobile) that streams Electric and 

Acoustic stimuli to the cochlear implants with Real time Processing. 

 Hardware Design and FPGA firmware development to stream Electric stimuli at variable 

rate to the cochlear implants; supported by Cochlear Corp;   

 

Role: FPGA design (Verilog) for bimodal streaming, Audio Codec, USB Interface; Timing analysis, PCB 

Design and 3D CAD design. 

 

2. Electronics Corporation of India Ltd, Govt. of India U/T, Hyderabad, India 

Oct 2011 –Dec 2015  

Research Engineer in Access Control Section R&D. Activities include designing schematics, 

HW/SW (firmware) development, Testing and field Installation & Commissioning.  

 

 BAC32: Building Automation Controller that Automates the access in a secure manner 

through three Level-RFID Card, Pin & Biometric verifications and updates Transactions 

to the server, Designed schematics for I/O Board. Installed at NPCIL HQ, India  

 

 ECSAR: Secure access reader cum door controller is a handheld smart card and fingerprint 

based SAM device with four-wire touch sensitive LCD screen with Wi-Fi and Ethernet 

connectivity. Installed at Kundankulam Nuclear power plant, India.  

 

Role: Developed the Hardware abstraction Layer ( Low- Level Drivers ) : RFID Reader, Zig-bee, Hand 

Geometry Biometric module, 24bit LCD, WI-FI, Finger Print, Touch screen, USB Boot-loader 

Application and SAM Modules on 16-bit ARM Micro-controllers using Embedded C. Web page using 

CGI handlers, Image Conversion Tool on MATLAB GUI. Worked on image processing- Intruder 

detection, Left over object identification using MATLAB.  

 

3. CMC Ltd, A TATA Enterprise, Hyderabad, India July 2010- July 2011  

Trainee IT Engineer – Automotive Domain  
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Role: Verification and Validation of Toyota and Honda Airbag modules against UDS, Development 

of SPS and Uploading onto DOORS IBM  

 

Skill Set:  

 Programming: Embedded C, Verilog, RTL synthesis, python, Perl, VHDL, RTOS, C, Data 

structures &OOPS.  

 Protocols: UART, RS485, I2C, weigand, SPI, TCP/IP, UDS, CAN, USB, Wi-Fi, ZigBee 

 Tools & Ides: OrCAD, Mat lab, LabVIEW, Xilinx ISE, spice, Keil, eclipse, Cadence virtuso 

Layout Design, modelsim, Tetra-Max, Design Compiler AutoCAD, Sketch up – pro, 

Oscilloscopes, debugger/emulators ,ATPG, AMS, Prime-time.  

 Microcontrollers: ARM Cortex M3 & M4, lm3s9b96, tm4c123ghxl, tm4c129xnczad, 

MSP430, 8051 NXP Series, and Spartan6 xc6slx45 FPGA  

 

Awards:  

 Research Assistant scholarship with Tuition coverage at UT Dallas for fall’16 thru fall’17. 

 Student Travel Award from Conference on Implantable Auditory Prostheses (CIAP)-2017, 

USA.  

 

References:  

 Dr. John H.L Hansen Associate Dean of Research, 

The University of Texas at Dallas 

jxh052100@utdallas.edu 

 


