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Abstract—We are developing a realtime, wearable, open-source
speech-processing platform (OSP) that can be configured at
compile and run times by audiologists and hearing aid (HA)
researchers to investigate advanced HA algorithms in lab and
field studies. The goals of this contribution are to present
the current system and propose areas for enhancements and
extensions. We identify (i) basic and (ii) advanced features in
commercial HAs and describe current signal processing libraries
and reference designs to build a functional HA. We present
performance of this system and compare with commercial HAs
using “’Specification of Hearing Aid Characteristics,” the ANSI
3.22 standard. We then describe a wireless protocol stack for
remote control of the HA parameters and uploading media and
HA status for offline research. The proposed architecture enables
advanced research to compensate for hearing loss by offloading
processing from ear-level-assemblies, thereby eliminating the
bottlenecks of CPU and communication between left and right
HAs.

Index Terms—Hearing aids, Open Speech Platform (OSP),
speech and audio processing

I. INTRODUCTION

Current hearing aids (HAs) are proprietary devices devel-
oped by a small number of for-profit commercial companies;
due to their closed nature they are not suitable for research
in hearing healthcare. The goal of this paper is to fill in this
void by providing an open-source, reconfigurable, wearable,
realtime speech-processing platform that uses processing and
data collection approaches not available in commercial HAs.
The developed system, called Open Speech Platform (OSP)
[1], is to improve healthcare for hearing loss and associated
disorders by enabling audiologists, hearing scientists, and clin-
icians with advanced instruments based on innovative radios,
signal processing, and embedded computing.

The OSP provides an architecture that enables advanced
research to compensate for hearing loss. It can be configured
at compile and run times for researchers to investigate new
HA algorithms in lab and field studies, thus enabling hearing
science community to advance hearing healthcare. It is an-
ticipated that this will accelerate translation of technology ad-
vances and hearing healthcare research studies into widespread
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clinical use. On the other hand, industrial sponsors can also
commercialize our open source acoustics, hardware, firmware,
software, and systems developed and validated by academic
community from engineering and clinical disciplines.

Fig. 1 shows the system setup of the OSP. A software
developed for the OSP, called Real-Time Master Hearing
Aid (RT-MHA), is implemented in ANSI C with basic and
advanced features in commercial HAs. The system runs on
a laptop and connects to ear-level-assemblies via a custom
printed circuit board and an off-the-shelf audio interface box. It
has an overall latency of 7.98 msec and connects to an Android
App for adjustment of HA parameters. Offloading processing
from ear-level-assemblies eliminates the bottlenecks of CPU
and communication between left and right HAs. The system
is currently suitable for lab studies.

The rest of this paper is organized as follows. In Section II,
we describe the RT-MHA and related signal processing tech-
niques implemented in the current version (Release 2017A).
In Section III, we provide software modules for the OSP.
In Section IV, a comparison of the developed system with
commercial HAs is presented. In Section V, we discuss the
user device for remote control of the HA parameters. In
Section VI, we present conclusion and discuss future work.

II. RT-MHA

In this section we provide an overview of the basic func-
tionalities of the RT-MHA software. Fig. 2 shows the block
diagram of the RT-MHA with signal flows. This architecture
with different sampling rates (96 kHz for I/O and 32 kHz
for main processing) has the benefit of minimizing hardware
latency and improving spatial resolution of beamforming with
multiple microphones. Below, we describe the three signal pro-
cessing algorithms typically considered “the basic functions of
a HA.” These modules are implemented in the 32 kHz domain,
with 32-sample frames corresponding to 1 msec.

1) Subband decomposition

2) Wide dynamic range compression (WDRC)

3) Adaptive feedback cancellation (AFC)
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Fig. 1. Setup of the OSP system that runs on a laptop and connects to
ear-level-assemblies via a custom printed circuit board and an off-the-shelf
audio interface box, with an Android App connected for adjustment of HA
parameters.

These algorithms are provided in source code and compiled
libraries and will be briefly discussed.
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Fig. 2. RT-MHA software block diagram with signal flows. The I/O is
operating at 96 kHz sampling rate and the main processing is carried out
in 32 kHz sampling domain to realize subband decomposition, WDRC, and
AFC.

A. Subband decomposition

In the RT-MHA, subband decomposition is provided to
divide the full frequency spectrum into multiple subbands.
This decomposition enables independent gain control of the
HA system in each frequency region using different WDRC
parameters. The decomposition is implemented as a bank of 6
finite impulse response (FIR) filters (Subband-1 to Subband-
6 in Fig. 2) whose frequency responses are shown in Fig. 3.
Bandwidths and upper and lower cut-off frequencies of these
filters are determined according to a set of critical frequency
values. The filters are designed in MATLAB and saved as
Alt files for inclusion with RT-MHA. MATLAB scripts are
provided for changing the number of bands and filter lengths. It
is possible for users to modify the MATLAB scripts to use FIR
filters of different lengths, center frequencies, and bandwidths
and also different number of subbands. These changes require
recompiling the library.
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Fig. 3. Frequency response of the 6-channel filter bank whose bandwidths
and upper and lower cut-off frequencies are determined according to a set of
critical frequency values.

B. WDRC

The WDRC technique is one of the essential building blocks
of a HA [2]. The purpose of WDRC is to provide amplification
for soft sounds inaudible due to reduced sensitivity; and
compression for louder sounds that become uncomfortable due
to a condition called “recruitment.” WDRC modifies incoming
audio signal in such a way as to make the output sound
as audible, comfortable, and intelligible as possible for the
user. Typically, WDRC amplifies quiet sounds (40-50 dB
SPL), attenuates loud sounds (85-100 dB SPL), and applies
a variable gain for everything in between [3]. In the RT-MHA
a multi-channel WDRC system [4] is implemented, where
gain control is realized independently in each subband. The
amount of gain in each subband is a frequency dependent,
non-linear function of the input signal power. Basically, the
overall WDRC algorithm is based on envelope detection (peak
detector) and non-linear amplification (compression rule) as
illustrated in Fig. 4.

WDRC
input P l(; ‘:er output

i Peak Detector Compression | 1
! Rule '
I I

Fig. 4. The WDRC system which consists of a peak detector to track the input
signal power and a compression rule to determine the output accordingly.

Primary control parameters of the WDRC system are: com-
pression ratio (CR), attack time (AT), release time (RT), and
upper and lower kneepoints (K, and Ky ) [4] as presented in
Fig. 5 and Fig. 6. In each subband, a peak detector tracks the
envelope variations of the input subband signal and estimates
the signal power accordingly by a recursive update as:

it |za(n)| = p(n)
p(n) = ap(n —1) + (1 — a)lzaw(n)]; n

else
p(n) = Bp(n —1);

where p(n) is the tracked signal power at time n, xg,(n) is
the input subband signal, and « and 3 are AT and RT control
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parameters, respectively. The AT or RT, as illustrated in Fig
5, is the time the WDRC system takes to recover the output
signal level to its steady state when a sudden rise or drop takes
place in the input signal level, respectively. The amount of gain
to apply will then be determined based on a compression rule
as a function of the estimated input power level given by the
peak detector, as shown in Fig. 6. The CR, Ky, and Koy, are
the control parameters for determining the compression rule.
These WDRC parameters for each subband can be specified
at compile time and changed at run time using the user device
described in Section V.

envelope of input signal

N,

envelope of output signal AT

RT

S

Fig. 5. Illustration of AT and RT which represent the time for the WDRC
output signal level to recover to the steady state when an abrupt increase or
decrease of the input signal level occurs.
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Fig. 6. Input-output curve of the compression rule which is a non-linear
function of the detected input signal level.

C. AFC

Physical placement of the microphone and receiver in a HA
device poses a major problem known as acoustic feedback
[4]. This results from the acoustic coupling between the
receiver and the microphone, in which the amplified signal
through the receiver is collected by the microphone and re-
amplified, causing severe distortion in the desired signal [5].
Consequently, it limits the available amount of amplification
in a HA and disturbs the user due to the produced howling or
whistling sounds. To overcome this problem, AFC has become
the most common technique in modern HAs because of its
ability to track the variations in the acoustic feedback path
and cancels the feedback signal accordingly.

Fig. 7 depicts the AFC framework implemented in our RT-
MHA system, which is mainly based on the filtered-X least
mean square (FXLMS) method [6], [7]. In this framework, the
AFC filter W(z) is an FIR filter placed in parallel with the
HA processing G(z) that continuously adjusts its coefficients
to emulate the impulse response of the feedback path F'(z).
x(n) is the desired input signal and d(n) is the actual input to
the microphone, which contains z(n) and the feedback signal
y(n) generated by the HA output s(n) passing through F'(z).
9(n) is the estimate of y(n) given by the output of W (z).
e(n) = d(n)—y(n) is the feedback-compensated signal. H(z)
and A(z) are the band-limited and the pre-whitening filters,
respectively. Both H(z) and A(z) are realized as FIR filters,
with fixed taps. We use u(n) to denote the output of the band-
limited filter, and uy(n) and ef(n) to denote the outputs of
the two pre-whitening filters.

With the basic FXLMS framework implemented, we pro-
vide options of using the (modified) normalized LMS (NLMS)
[8] and the proportionate NLMS (PNLMS) [9]-[11]. It is
possible to extend AFC with improved algorithms such as the
sparsity promoting LMS (SLMS) [12]. The AFC module is
provided as a library in the source code.
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Fig. 7. The AFC Framework implemented in RT-MHA.

III. SOFTWARE MODULES

The software modules in Release 2017A are depicted in
Fig. 8. Besides the three basic HA functions, we also identify
some advanced features for a HA. Hardware dependent com-
ponents are presented including both realtime and file-based
processing. We also provide some offline tools for filter design,
algorithm testing, and performance comparison.

For electrical engineers and computer science practitioners,
the reference design is provided in the files osp_process.c and
osp_process.h. For working on alternate implementations of
basic HA functions, we suggest cloning a given function and
call this cloned function in the reference design. The reason is
that keeping the interfaces same will minimize potential bugs
— it is recommended not to change the .h files unless there
is a good reason. Implementation of additional functionalities
can be done by adding the related .h files in the libosp and
modifying the reference design accordingly. It is possible to
reconfigure the system at runtime and compile time. The
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Fig. 8. Software modules in OSP Release 2017A.

current system runs realtime on a MacBook with an overall
latency of 7.98 msec. This software will work with off-the-
shelf microphones and receivers for realtime input and output.
This is adequate for making signal processing contributions to
the OSP. For some clinical investigations, form-factor accurate
ear-level-assemblies (see Fig. 1) are required.

IV. RT-MHA PERFORMANCE

We present in Table 1 the performance of RT-MHA for
using low-power and high-power receiver (Rx) modules, com-
pared with four advanced commercial HAs (Models A-D). We
conclude that the RT-MHA software is comparable to commer-
cial HAs and suitable for research in hearing healthcare.

TABLE I
PERFORMANCE OF RT-MHA, COMPARED WITH COMMERCIAL HAS.

Average Gain dB 40 40 25 35 40 40

Max OSPL90 dB SPL 107 112 110 111 121 130
Average OSPL90 dB SPL 106 109 108 106 112 126
Average Gain @ 50 dB dB 37 39 25 35 35 41
Frequency Response kHz 0.2-5 0.2-6 0.2-5 0.2-6.725 0.2-8 0.2-6.3
Equivalent Input Noise dB SPL 27 26 30 27 29 28
Distortion @ 500 Hz % THD 1 1 0 0 2 1
Distortion @ 800 Hz % THD 1 1 0 0 3 2
Distortion @ 1600 Hz % THD 0 0 0 0 il il

V. REMOTE CONTROL FOR HA PARAMETERS

For runtime reconfiguration of the RT-MHA, the user device
(Android App) is provided for realtime changes of the WDRC
parameters. Fig. 9 shows the screenshots of the user device
software with runtime parameters enabled in the current im-
plementation. The user device software is implemented above
TCP/IP layer in a software stack called OSP Layer as shown

in Fig. 10. Future extensions will include uploading audio
and other internal states of RT-MHA to the user device for
post processing. This modular structure enables investigations
in self fitting and auto fitting algorithms. The user device
software is provided as source code and compiled executable.
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Fig. 9. Screenshot examples of the user device software: (a) shows a
“researcher page” where audiologists can control input and output gain values
based on the subject’s pure tone audiometry; (b) shows an example page
when multiple research assistants and subjects are involved in a study; and
(c) shows the current RT-MHA parameters that can be controlled at runtime.
These changes will take effect within 1 msec, without any audible artifacts.

Laptop/Wearable Android Device

OSP Layer communicates
HA Device HA Control subband compression, gain,
knee low, knee high, attack
OSP Layer OSP Layer time, and release time
parameters to HA device and
TCP/IP TCP/IP receives data and diagnostics

Fig. 10. The wireless communications in OSP.

VI. CONCLUSION AND FUTURE WORK

In this paper, we presented the OSP system, which is
an open source, realtime speech-processing platform that
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signal processing experts can contribute towards advanced
HA systems. Audiologists and speech scientists can use the
system to make new discoveries in hearing loss compensation,
hearables, and hearing healthcare in general. We identified
basic and advanced HA functions and described the current
modules of the RT-MHA software. Performance comparison
was presented to show the developed system is comparable to
commercial HAs. Additional features such as remote control
using a user device were also presented.

Future releases will include speech enhancement and noise
management. We are actively porting the RT-MHA code to
an embedded platform to enable field studies. The embed-
ded platform will provide for logging parameters that will
characterize background conditions. We are also developing
additional tools such as ecological momentary assessments
(EMASs) to enable field research.

Battery is always the biggest problem in wearable devices
— we are working on reducing the computational complex-
ity without compromising performance; we welcome similar
contributions from the signal processing community.
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