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ABSTRACT

Persons with sensorineural hearing loss suffer from degraded speech perception caused by
frequency-dependent elevation of hearing thresholds, reduced dynamic range, abnormal
loudness growth, and increased temporal and spectral masking. Several signal processing
techniques are used in hearing aids to alleviate the effects of sensorineural hearing loss and to
improve speech perception. As an alternative to existing ASIC-based hearing aids which are
expensive to develop, a digital hearing aid is implemented as a smartphone application.

The implementation provides user-configurable processing for (i) background noise
suppression and (ii) dynamic range compression and frequency-selective amplification. To
reduce the effect of increased masking, signal processing for background noise suppression is
incorporated. Noise spectrum estimation using dynamic quantile tracking and speech
enhancement using spectral subtraction and geometric approach are implemented to improve
speech perception. Enhancement of speech corrupted with different types of additive
stationary and non-stationary noise showed improvement in speech quality to be equivalent to
an SNR advantage of 3 — 6 dB. To compensate for reduced dynamic range and
frequency-dependent elevation of hearing thresholds, a sliding-band dynamic range
compression technique is used. It does not introduce perceptible distortions associated with
the single-band and multi-band compression techniques. Both processing blocks are
implemented for real-time processing using single FFT-based analysis-synthesis.

Implementation as a smartphone application has been carried out using Nexus 5X
with Android 7.1 Nougat OS. A touch-controlled graphical user interface enables the user to
fine tune the processing parameters in an interactive and real-time mode. The processing

delay is approximately 45 ms, making it suitable for face-to-face communication.
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Chapter 1

INTRODUCTION

1.1 Overview

Sensorineural hearing loss is associated with loss of sensory hair cells in cochlea or
degeneration of auditory nerve. It may be inherited genetically or may be caused by excessive
noise exposure, aging, infection, or use of ototoxic drugs. It is characterized by
frequency-dependent elevation of hearing thresholds, abnormal growth of loudness known as
loudness recruitment, increased temporal and spectral masking, and widening of auditory
filters leading to degraded speech perception [1] — [6]. Several signal processing techniques
have been reported for improving the speech perception by patients suffering from
sensorineural hearing loss.

Frequency selective amplification and dynamic range compression are the primary
processing techniques used in hearing aids [6]. Single band dynamic range compression leads
to reduced high frequency audibility and multiband dynamic range compression may lead to
perceptible distortion due to transition of speech formants across band boundaries. These
problems can be addressed by using sliding-band dynamic range compression, reported by
Tiwari and Pandey [7]. The compression parameters can be tuned to fit the frequency
dependent thresholds and loudness recruitment curves of the patient.

Persons with sensorineural loss experience great difficulty in understanding speech in
noisy environment. Reduction of noise helps in improving speech audibility and quality. The
noise suppression technique for use in a hearing aid should have low algorithmic delay and
low computational complexity. Spectral subtraction [8], a single-channel speech enhancement
technique that uses estimate of noise spectrum, is suitable for such applications. Dynamic
guantile tracking based noise estimation [9] is reported to track stationary and non-stationary
noise efficiently, and can be used for real-time noise suppression.

Hearing aids are generally designed using ASICs due to power and size constraints,
leading to prohibitive costs in development and testing of new processing techniques. Use of
smartphone-based application (app) as a hearing aid can provide user-configurable settings
and a greater flexibility to hearing aid users and developers. It would provide a low-cost

alternative for expensive hearing aids.



1.2 Objective

The objective of the project is to implement sliding-band dynamic range compression [7] and
dynamic quantile tracking based noise suppression [9] in a smartphone app to enable the use
of smartphone as a hearing aid with real-time control of settings. This involves development
of real-time audio I/O and processing framework, efficient implementation of the algorithms
to meet the requirement of acceptable signal delay and designing a user-friendly graphical
user interface (GUI) to configure the processing parameters. The app also serves as a platform
for incorporating other processing techniques. The app is implemented and tested for real-
time operation using ‘LG Nexus 5X’ running ‘Android 7.1°.

1.3 Outline

A literature survey on the signal processing techniques used in hearing aids and smartphone
based hearing aid related applications is provided in Chapter 2. The design and
implementation of the hearing aid app is presented in Chapter 3. The signal processing
technique, implementation details, and test results for sliding-band dynamic range
compression and noise suppression using dynamic quantile tracking are presented in

Chapter 4 and 5, respectively. Summary and conclusion are provided in the last chapter.



Chapter 2

SIGNAL PROCESSING FOR HEARING AIDS

2.1 Introduction
Sensorineural hearing loss is characterized by several problems leading to degradation of
speech perception. Frequency-dependent increase in hearing thresholds is the primary
problem leading to decreased audibility of soft sounds. The thresholds of loudness discomfort
do not increase by the same amount as thresholds of hearing, leading to reduced dynamic
range [6]. Sensorineural hearing loss also results in increased spectral and temporal masking
and severely affects speech perception, particularly in the presence of background noise [6].
Hearing aids are assistive devices designed to improve speech perception in the
hearing impaired by alleviating the problems associated with the sensorineural hearing loss.
The hearing aids are required to be small enough to be used in day-to-day life. This puts a
constraint on size and power, leading to limited processing capability in the hearing aids.
Hence, the signal processing techniques to be used in hearing aids should have low
computational complexity. Since they should also provide enhancement in real-time to enable
the use of hearing aid in face-to-face communication, they should have low signal delay. The
following sections provide review on the signal processing techniques that can be used in

hearing aids.

2.2 Signal Processing to Reduce the Effect of Decreased Dynamic Range
Frequency-dependent increase in hearing thresholds is the primary problem leading to
inaudibility of the soft sounds [6]. Linear frequency-selective amplification alone cannot
solve this problem since the increase in hearing thresholds is accompanied with decrease in
dynamic range. To map a wider dynamic range input into the limited dynamic range of
hearing impaired listener, compression techniques are used.

Dynamic range compression involves changing the gain based on the input signal
level for presenting the sounds comfortably within the limited dynamic range of the hearing
impaired listener [10]. Analog hearing aids generally provide single-band compression. In this
type of processing, the gain is calculated as a function of the signal power over its entire

bandwidth [6]. As speech signal is dominated by low frequency components, this
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compression distorts the perceived temporal envelope of the signal and often makes the high
frequency components inaudible.

Most of the digital hearing aids provide multi-band dynamic range compression
which involves dividing the input signal in multiple bands and applying a gain in each band
which is a function of the signal power in that band [11]. It avoids the problems associated
with single band compression, but results in decreased spectral contrast in the speech signal.
Further, different gains in adjacent bands may distort spectral shape of a formant spanning the
band boundaries, particularly during formant transitions.

With the objective of reducing the temporal and spectral distortions associated with
the compression techniques commonly used in the hearing aids, a sliding-band compression
technique has been reported by Tiwari and Pandey [7], [12] for use in digital hearing aids. It
calculates a frequency-dependent gain function, wherein the gain for each frequency sample
is calculated as a function of the signal power in the auditory critical band centered at it. It
keeps compression related distortions below perceptible levels for improving speech

perception.

2.3 Signal Processing to Suppress Background Noise

Presence of background noise significantly reduces the speech quality and intelligibility.
Background noise affects speech intelligibility drastically in case of sensorineural hearing loss
due to limited dynamic range and increased spectral smearing. Noise suppression can be used
in hearing aids to increase the SNR and thereby improve the speech perception.

Spectral subtraction [8], [13], [14], a single-channel speech enhancement technique, is
suitable for hearing aid application, since it has low computational complexity. It uses
processing steps of calculating short-time spectrum of the input speech, dynamically
estimating the noise spectrum, subtracting the estimated noise spectrum from the input speech
spectrum, and re-synthesizing the output speech signal.

Spectral magnitude subtraction is based on the assumption that speech and noise are
uncorrelated. This assumption is not valid for short-time windowed noisy speech. The error
caused by this assumption leads to excessive musical noise [13]. A geometrical approach for
spectral subtraction (GA) has been proposed by Lu and Loizou [15]. A gain dependent on
cross terms due to phase difference between noisy speech and noise estimate is calculated for
suppression. It is reported to have no audible musical noise.

Dynamic estimation of the noise spectrum is critical for effective noise suppression.
As the interfering noise is usually non-stationary, the noise spectrum has to be estimated
dynamically. Under-estimation of noise leads to excessive residual noise and over-estimation

results in perceptible distortions leading to degraded quality and intelligibility.



Voice activity detection based methods track noise during the silence regions and the
tracked noise is assumed to be stationary during speech segments [16]. They may not work
satisfactorily in low-SNR conditions, particularly when noise is non-stationary [13]. Several
statistical techniques for dynamic estimation of noise without using voice activity detection
has been reported. These are based on statistical assumptions on noise and signal.

Minimum-tracking algorithms are based on the assumption that the minimum power
level in a particular frequency bin over past frames corresponds to the noise level in that bin
[17], [18]. These algorithms cannot track rapid changes in noise statistics. They often
under-estimate the noise and require SNR dependent over-subtraction. Time-recursive
averaging algorithms estimate noise as a weighted average of previous noise estimates and
present noisy speech. The weights are changed dynamically based on a posteriori SNR or
speech-presence probability [19] — [21].

Some techniques use a quantile of the noisy speech spectrum in each frequency bin as
the noise estimate [22] — [26]. They are based on the observation that the speech energy in a
particular frequency bin is low in most of the frames and high only in 10—20% frames. These
algorithms require frequency-dependent quantiles for estimation of non-stationary noises [23],
[24], [26]. Several histogram-based techniques that estimate noise as the maximum of the
distribution of energy values in each frequency bin have been reported [27], [28]. The
quantile-based techniques are not suitable for use in hearing aids due to large memory
requirement and high computational complexity involved in storing and sorting the spectral
samples. The histogram-based techniques pose even higher implementation challenges as they
require estimation of multiple quantiles.

A technique for noise spectrum estimation based on dynamic quantile tracking as an
approximation to the sample quantile, without involving storage and sorting of past samples
has been reported by Tiwari and Pandey [9], [29]. Histogram is tracked dynamically by
tracking quantiles and its peak is used as the adaptive quantile for estimating the noise at each

spectral sample for speech enhancement.

2.4  Signal Processing to Reduce the Effect of Increased Spectral and Temporal
Masking

Sensorineural hearing loss is characterized by widening of auditory filters leading to increased

intra-speech spectral masking. Several signal processing techniques have been proposed to

reduce the effect of intra-speech masking. Multi-band frequency compression techniques

[30] — [32] present the speech signal in relatively narrow bands by compressing the spectral

samples in each band towards the band center. Increasing the ratio of intensity of consonant



segments to vowel segments (CVR) has been reported to improve recognition of consonants
in noisy environment [33].

Binaural dichotic presentation techniques reduce the effect of internal masking by
presenting alternate band information to left and right ear. Use of constant bandwidth filters
has been reported to show no considerable improvements in speech recognition scores [34],
[35]. Auditory critical bandwidth based comb filters showed 5 — 9.5% increase in recognition
scores. Time varying comb filters with sweep cycle duration of 40 — 80 ms and 8 — 16 shifts
has been reported to give maximum improvement in recognition scores for subjects with
severe symmetrical hearing loss [36]. For perceptual balance in perceived loudness, the comb

filters should have complementary magnitude response in linear scale [37].

2.5 Smartphone as a Hearing Aid Platform

Hearing aids are generally designed using ASICs due to power and size constraints. The
prohibitive costs in designing an ASIC-based hearing aid and in development and testing of
new processing techniques call for an alternative platform. Development of application
software (app) for smartphones is emerging as a convenient and inexpensive platform for
rapid implementation and testing of signal processing techniques for audiometry and hearing
aids.

Android and iOS are the two most commonly used mobile platforms, with market
shares of 87.6% and 11.7%, respectively [38]. As Android-based phones have a large user
base, building an Android app would reach a large number of users. One of the major
drawbacks in implementing audio app for Android-based devices is that they currently have
audio 1/0 latency of 20 — 200 ms as compared to 4 — 20 ms for i0S-based devices [39].

There are many apps currently available in mobile platforms which aim to provide
hearing related utilities. The functionality of the apps can be broadly classified into three

types i.e., audiometry apps, hearing aid control apps, and hearing aid apps.

2.5.1 Audiometry Apps
These apps provide diagnosis on the hearing loss by performing audiometric tests. Pure tone
audiometry is the most common audiometric test implemented in apps, wherein a single tone
from the set of standard frequencies is presented with increasing amplitude, and the thresholds
of hearing is obtained. Calibration of the headphones is one of the major challenges in
accurately determining the hearing profile.

‘Audiocal’ [40] is an iOS application with pure tone audiometry and a diagnosis on
the extent of hearing loss. The calibration is done for standard iPod headphones manually.
uHear [41] provides a plot of hearing thresholds along with the threshold values at the test

frequencies. The hearing loss diagnosis is obtained using a detailed questionnaire to be



answered by the patient. ‘Hearing Test’ [42], ‘Q+’ [43], ‘uSound’ [44], and ‘Petralex’ [45]
provide threshold curves in Android platform. Since there is a huge variability in headphones
for Android phones, these apps obtain relative threshold curves, but cannot be used to
diagnose the extent of hearing loss.

2.5.2 Hearing Aid Control Apps

Many hearing aid manufacturers provide apps to control hearing aids using Android or iOS
smartphone. These apps personalize the listening experience of users by allowing them to
adjust settings on their hearing aids using their smartphones without removing their hearing
aids. GN ReSound [46], Phonak [47], Unitron [48], Seimens [49] provide apps to control the
parameters such as noise environment, loss compensation mode, compression modes, which
will be used to configure the hearing aid via Bluetooth. The hearing aid control apps currently

available do not permit fine tuning of the processing parameters in real-time.

2.5.3 Hearing Aid Apps

Hearing aid apps to compensate for sensorineural hearing loss are being developed as a
low-cost and more flexible alternative to hearing aids. ‘Hearing Aid with Replay (Lite)’ [50]
provides single-band compression and gain control. It also enables user to replay last 15s
audio. ‘uSound’ [44] has provisions for audiometric test and provides single-band
compression with parameters based on the test. ‘Petralex’ [45] for Android/iOS provides
audiometric test, single-band compression with four modes of compression ratios, and
amplification profiles of standard fitting procedures such as NAL [51], Berger and POGO
[52]. It also provides acoustic feedback cancellation. ‘Q+’ [43] provides compression along
with feedback noise reduction. The Android version of these apps, except ‘Petralex’, have

latency above 120 ms which is not acceptable for conversational speech.

2.6  Scope of the Project

A digital hearing aid is implemented as a smartphone app with dynamic quantile tracking
based noise suppression [9] and sliding-band dynamic range compression [7]. The app
consists of a real-time audio I/O framework, FFT-based processing framework, and a touch-
controlled GUI. The app also acts as a platform to implement and test additional signal
processing techniques, which employ signal processing through spectral modification. The

implementation details of the app are described in the next chapter.
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Chapter 3

HEARING AID IMPLEMENTATION AS A SMARTPHONE APP

3.1 Introduction

A hearing aid application should have low latency for effective use in face-to-face
communication. It is reported that the audio delay should be less than 125 ms to avoid
detectable audio-visual desynchrony [53]. After examining the processing capability and
audio 1/0 delay of several currently available Android-based handsets [39], implementation of
the app has been carried out and tested using ‘Nexus 5X’ with Android 7.1 Nougat OS. The
device has hexacore CPU operating at 1.8 GHz [54]. A signal bandwidth of 4 — 5 kHz is
generally considered adequate for hearing aid application; hence a sampling frequency of
12 kHz may be used. Android-based handsets provide a default audio sampling rate of
48 kHz/44.1 kHz which may be decreased using the re-sampler block at an expense of
increase in the input-output latency due to intermediate buffers, antialiasing filters and
smoothening filters. Considering the high computational load associated with sampling
frequency of 48 kHz and increased latency due to re-sampler block with 12 kHz, a sampling

frequency F, =24kHz is used. The downsampling is carried out by dropping alternate

samples of the acquired signal instead of using the re-sampler block. This method reduces the
latency associated with re-sampling, but at the risk of some aliasing related signal
degradation.

The application was developed using a combination of C++ and Java, with Android
Studio 2.2.0 as the development environment. Figure 3.1 shows block diagram of the
implementation of hearing aid app. The application can be divided into three functional
blocks i.e., audio I/0 framework, processing framework, and GUI. The audio 1/0 framework
handles low latency data-transfers along with buffering. The processing framework provides
an analysis-modification-synthesis platform for implementation of FFT-based signal
processing techniques. The processing parameters and status of the app are communicated
between user and processing framework using the GUI.

The input analog signal acquired from microphone of the headset is amplified by

input amplifier and is converted to digital samples by ADC. The digital samples are processed
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Figure 3.1 Implementation of the hearing aid application.

and converted back to analog signal using DAC. The analog output from DAC is amplified by
output amplifier and is available through earphones of the headset. The functional blocks of

the app are described in following sections.

3.2 Audio I/O Framework
The 1/O latency of currently available Android Java APIs is beyond the acceptable value of
125 ms. Hence, Open SLES library [55], a hardware-accelerated audio API for 1/0 handling,
is used for the implementation of the audio I/0 framework in native C++.

The audio 1/O and processing framework are created within a service to provide
uninterrupted audio 1/0 even when the user switches to another app, or when the app is not in
foreground. The service is flagged as a foreground service, by providing an ‘ongoing’

notification to the user, to avoid termination of the service by OS in low memory conditions.
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Once in foreground, the app either binds the GUI to the running service or starts the audio
service if not started earlier.

Using Open SLES library [55], an audio engine with recording and playback
capabilities is created. It holds references to a recorder object, a player object, and associated
memory blocks. The recorder object handles audio input and the player object handles audio
output. Recorder and player objects are created with required sampling rate F,, shift length S

, encoding format and mono/stereo specifications. Android supports PCM encoding of the
acquired audio in three formats, viz. unsigned integer, signed integer, and float. The float
format is not supported for low latency audio in Android 7.1. Therefore, signed integer format
is used with 16 bits per sample. As the TRRS headset port provides mono channel for
microphone and stereo for earphones, recorder is initialized with mono and player is
initialized with stereo specification. Each memory block used by recorder and player is of
2S-word length corresponding to 5 ms of audio data. The size of each 2S-block word is given

by 2S x No. of bits per sample x No. of channels bits.

Ring buffers with a fixed number of blocks are commonly used for real-time audio
I/0 in dedicated DSPs. However in a multitasking environment, variability in scheduling and
processor frequency and lags in callbacks may cause unavailability of blocks to record/play
(called as buffer underrun). In these situations, the already recorded block may get
overwritten by the newly acquired samples corrupting the data. Similarly, unavailability of the
processed block for the player would cause periodic glitches in the audio output. Recovery
from this scenario requires resetting the entire audio 1/0 framework. To avoid it, fixed buffers
with higher length could be used to ensure the availability of blocks for record/play, but at the
cost of increased latency. The optimum length of the buffers depends on the processing load
and processing capabilities of the handset. To provide handset-independent solution to buffer
underruns, the proposed implementation uses extensible queues instead of fixed length
buffers. The maximum number of memory blocks permissible in the queue is increased only
at buffer underruns, providing glitch-free audio 1/0 with minimum possible latency.

Usage of blocking calls (function calls that suspend the calling function until the
expected event occurs) to the OS, such as memory allocation, mutex locks, etc., should be
minimal to avoid buffer underruns in real-time applications. To minimize blocking calls, the
memory required to handle audio 1/O and processing are pre-allocated. The data transfer
between queues in audio I/O and processing framework are carried out using pointers to
pre-allocated memory such that no memory allocation is required when the hearing aid app is
running.

Both recorder and player have internal queues to keep track of the free, recorded, and

played memory blocks and the blocks that are currently being recorded or played, as shown in
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Figure 3.2 Audio I/O Framework.

Figure 3.2. The input and output free buffer queues hold pointers to the free memory blocks
corresponding to input and output sides, respectively. The recorder queue maintains the
pointers to memory blocks which are ready to be filled. The recorded blocks queue holds
pointers to the memory blocks that are recorded but not yet processed. The processed blocks
gueue maintains pointers to the memory blocks that are processed but not yet output. The
player queue holds pointers to the memory blocks ready to output. The input and output free
block queue length can vary from 1 — 16, and all other queue lengths can vary between 1 — 4.
During initialization, 16 2S-word blocks of memory are allocated to each of recorder and
player and the pointers to these blocks are pushed into corresponding free queues.

During initialization of the recorder, pointer to a free block of memory is popped out
of the input free blocks queue and pushed into the recorder queue. The data acquired from
ADC are filled into the memory block pointed by the head of the recorder queue using DMA.
After a memory block is filled, a callback is obtained. The pointer to the filled block is
popped out the of the recorder queue and pushed into the recorded blocks queue. A memory
pointer is popped out of the recorded blocks queue by processing framework and pushed into
the input free blocks queue after copying the data.

During initialization of the player, pointer to a 2S-word empty block is pushed into
the player queue and playback is initiated. A callback is obtained after a memory block is
played. The pointer to the played block is popped out of the player and pushed into the output
free blocks queue. A processed block is popped from the processed blocks queue and pushed
into the player queue for playing. A memory pointer is popped out of the output free blocks
queue by processing framework and pushed into the processed queue after filling it with the

processed data.

12



3.3 Processing Framework
An FFT-based analysis-modification-synthesis framework is implemented with frame length
of L=480. It corresponds to 20 ms frame for F, =24 kHz, such that at least 2 pitch periods

of speech signal are captured in a window. The frame shift S is selected to be 120, which
corresponds to 5 ms shift and hence 75% frame overlap. This puts a limit of 5 ms on the
processing time required per frame for real-time operation. The FFT length N should be
larger than the sum of frame length L and overall impulse response of the processing
modules to ensure alias-free filtering. Considering the high computational load with
increasing N, N =1024 is selected. As the processing modules to be used in the application
modify the magnitude spectrum without modifying phase spectrum, the resulting sequence of
spectrum may not correspond to a valid continuous time domain sequence. A modified
Hamming window [56] is used to estimate a valid spectrum from the modified spectrum.

The processing framework is implemented in a separate thread, called ‘processor
thread’ to ensure that audio I/O callbacks are not missed. The processor thread is spawned by
the Android Java API so as to give a priority level of URGENT AUDIO which ensures higher
scheduling probability among other threads within the process. To avoid the additional
latency due to CPU core-switches, the thread affinity is set to the CPU core that the thread is
initially scheduled to run.

The processor thread executes the signal processing steps consisting of short-time
spectral analysis, spectral modification, and re-synthesis using a FFT-based analysis-synthesis
blocks as shown in Figure 3.1. The input samples, real and imaginary parts of spectral
samples, and the output samples are stored as 32-bit floating point arrays. To have 75%
overlap between the analysis frames, the 2S-word input block pointed by the head of recorded
queue of audio I/0 framework is pushed into a shift register of 8S-word length. Thus, input
window with 2L samples (8S words) is formed using the samples of the just-filled block and
the samples from previous three blocks stored in the shift register. These 2L samples are
multiplied by 2L-point modified-Hamming window. The resultant sequence is downsampled
by 2 to get L-point sequence and N-point FFT is calculated after zero-padding. Open source
‘Kiss FFT’ library [57] has been used for floating-point FFT computation. Provision is

provided to apply multiple mono/stereo processing blocks in series after calculating FFT. For

each channel, modified spectrum is obtained by multiplying first (N/2 +1) complex spectral

samples with the corresponding gains. The other samples of modified spectrum are obtained
by taking complex conjugate. The 2N-point IFFT of the complex spectra are calculated after
zero padding and the resulting sequences are multiplied with the 2L-point modified-Hamming
window to get the modified output frames. The output signals are re-synthesized using

overlap-add. A 2S-word output is obtained by interleaving the output signals corresponding to
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Figure 3.3 Screenshot of the homescreen of the app.

each channel. The output is copied to the memory block pointed by the head of output free
queue of audio 1/0 framework and pushed to processed queue.

3.4 Graphical User Interface

The app is developed with a GUI enabling the user to easily control and configure the hearing
aid parameters. The screenshot of the home screen is shown in Figure 3.3. Help button in the
title-bar provides the usage tips as shown in Appendix A. The play/stop button is for playback
control of audio. Each signal processing module is represented by a card in the home screen,
with ‘on/off” checkbox and ‘settings’ button. The ‘on/off” checkbox of a module toggles the
corresponding processing technique. The ‘settings’ button of each module opens the
corresponding setting screen consisting of tunable processing parameters described in
respective chapters.

The parameters set using GUI, and the status parameters obtained from the processing
modules are exchanged via Java native interface (JNI). It acts as a bridge between the Java
virtual environment in which the application is running and the native C++ runtime. The
parameters set using GUI are immediately communicated to the processing module and
therefore are reflected in the processed output in time less than that corresponding to 2S-word
(5 ms). The set parameters are saved in application data memory for future use. The status of

the processing modules is polled every 20 ms to update the GUI.

3.5 Test Results

The implementation of the app was tested on the handset model ‘Nexus 5X’ with Android 7.1
0OS. Qualitative evaluation was carried out using the headset of the handset for speech input
through its microphone and audio output through its earphone. The objective evaluation of

framework was carried out using a 4-pin TRRS (tip-ring-ring-sleeve) connector to the headset
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Figure 3.4 Audio interface to the 4-pin TRRS headset port of the mobile handset.

port of the handset, as shown in Figure 3.4. It has a resistive attenuator for attenuating the
input audio signal to a level compatible with the microphone signal level and output
resistance of 1.8 kQ for it to be recognized as external microphone. The two output channels
have 100 Q load resistances. The input audio signal can be from a PC sound card or function
generator.

The total audio latency of the application (signal delay comprising the algorithmic
delay and input-output delay) was measured using a 1 kHz tone burst of 200 ms as the input
and using a DSO. It was found to be approximately 45 ms. The algorithmic delay due to
20 ms frame length with 75% overlap corresponds to 25 ms (1.25 times the frame length).
The additional delay is due to audio input-output latency of the handset hardware, buffering
operations in the OS, and delays in the anti-aliasing and smoothening filters.

The time taken for computation per frame is measured using ‘Android device
monitor’, a profiling tool for Android OS. The average CPU time per frame taken by the
processor thread for audio loopback (inclusive of FFT and IFFT operations) without any
processing modules is measured to be 0.45 ms, indicating availability of 4.5 ms CPU time per

frame for signal processing operations.

3.6 Summary

The hearing aid application is implemented with low latency audio 1/0. An audio 1/O
framework is implemented with internal extensible queues to provide continuous and glitch-
free audio output. A processing framework with a provision of implementing multiple FFT-
based processing techniques is implemented. The processing framework has algorithmic
delay of 25 ms. As the processing of each frame has to get completed within the frame-shift
interval, the computational delay for real-time processing has to be less than 5 ms. The
average CPU time taken for the loopback without any processing is measured to be 0.45 ms.
Thus processing modules with combined computational requirement of up to 4.5 ms can be
incorporated. The signal processing techniques implemented in this work are described in the

following chapters.
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Chapter 4

SLIDING-BAND DYNAMIC RANGE COMPRESSION

4.1 Signal Processing Technique
The processing for sliding-band compression [7], [12] uses a DFT-based analysis-synthesis
comprising the steps of short-time spectral analysis, spectral modification, and signal re-
synthesis. To compensate for increased hearing thresholds and reduced dynamic range, a
frequency-dependent gain function is calculated in accordance with the desired levels for
‘soft’, ‘comfortable’, and ‘loud’ sounds (referred to as SL, CL, LL, respectively). This gain
function is used for modification of the short-time input complex spectrum.

For each spectral sample k, the spectral modification is carried out using a

piece-wise linear relation between the input power and the output power on dB scale as

shown in Figure 4.1. The relationship is specified by the values of Poygs (K), Pogaci(k), and
Pogee (K) which are the output signal levels corresponding to soft, comfortable, and loud

sounds, respectively, for the hearing aid user and by the values of Pyg (k) and Pggiy (k)

which are the input signal levels corresponding to soft and loud sounds, respectively, for a
normal-hearing listener.

The lower segment of the input-output relationship, marked as ‘CR = 1’ in Figure 4.1,
corresponds to linear gain, providing the amplification needed for soft level sounds and the

value of the gain is given as

Grag(K) = Podgst (K) — Piasst (K) (4.1)

This gain is applied unless the output exceeds the comfortable level. Thus the input-output

relationship in this segment for i th frame is given as the following:

Poag(i:K) = Puag (1,K) + Gras(k) »  Pigs(i.k) < Pogacr (k) ~Gras (k) (4.2)
The central segment of the relationship, marked as ‘CR > 1’ in Figure 4.1, corresponds to
compression with compression ratio CR(k) given as

_ PIdBLL(k) - POdBCL(k) + GLdB(k)

eR(K PodsiL (K) — Pogact (k)

(4.3)
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Figure 4.1 Relation between input power (dB) and output power (dB) for ith frame and band
centered at £ th spectral sample.

This relationship is applicable for the output lying between comfortable and loud levels, and

the input-output relationship is given as the following:

Poua(i.K) = Pogacy (k) + Pas (i, k) - P%d;?:;;k) +Gyga(k)

) (4.4)
Podeet (K) — Ga(K) < Pigg (i, k) < Pggr (k)

The upper segment of the relationship, marked as ‘CR = o’, corresponds to limiting of the
output power and is applied when the output exceeds loud level. The relationship is given as
the following:
Pos (i.K) = Pogar (k) » Piag(i,K) > Piggri () (4.5)
In accordance with the input-output relationship as represented by the three segments

and given in (4.2), (4.4), and (4.5), the target gain for the spectral sample k in ith frame is

given as
e 1) <P -Gl
o)~ GLdB(k)_{PIdB(i’kz:;{(Fl’f;BCL(k)}{CR(k)_1}, POdBCLIEjkB)—,GLdB(O;)B;:LPIdB(i’kI)-fpIdBLL(k) )

PodsLL (K) — Piga(i.k), Pigs (i.k) > Pigari (k)

Block diagram of the spectral modification is shown in Figure 4.2. For each spectral
sample kin ith frame, the input level Pgg(i,k) is calculated as the sum of squared

magnitude of the spectral samples in the band centered at k and with bandwidth

corresponding to auditory critical bandwidth given as
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Figure 4.2 Spectral modification for compensation of increased hearing thresholds and decreased
dynamic range using sliding-band dynamic range compression, adapted from [13].

0.69

BW(K) =25 + 75{L+L4(f (1)) @.7)

where f(k) is the frequency corresponding to k th spectral sample in kHz.
For spectral modification, the target gain is converted to linear scale. The gain applied

to the k th spectral sample in the ith frame is obtained using the desired attack and release
times by updating the gain from the previous value towards the target value, as given in (4.6),

and is given as

_ |max(G(i 1K)/ 7a,Gr (i.k)). Gr (i.k) < G(i ~1k)
‘ _{min(G(i ~1,k)-77,Gr (i.k)), Gr (i.k) = G(i ~ LK) (48)

The number of steps during the attack and release phases are controlled using gain
ratios 7, =(Gpax /Gmin)l/Sa and 7, =(Gpax /Gmm)l/S“, respectively. Here G, and G, are
the maximum and minimum possible values of target gain. The number of steps during attack
s, and the number of steps during release s, are selected to set the attack time as
T,=S,-S/fs and release time as T, =S, -S/f,,where f is the sampling frequency and S
is the number of samples for frame shift. A fast attack avoids the output level from exceeding

the uncomfortable level during transients, and a slow release avoids the pumping effect or

amplification of breathing.
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Figure 4.3 Screenshot of the settings screen for sliding-band dynamic range compression.

4.2 Implementation Details
The processing module is implemented with the sampling rate of F, = 24 kHz. The memory

required to store the previous gains, current SL, CL, and LL parameters, and power in band
centered at each frequency bin is allocated while initialization. The bandwidths for bands

centered at each bin as given in (4.7) are pre-calculated and stored. Attack time step S, and
release time step S, are set to 1 and 15 respectively. The peak audio input value for the
device is taken as 120 dB and Pyg  is set to 120 dB. Py is set to 0 dB, and hence the

dynamic range of normal hearing user is assumed to be 120 dB in the implementation.

The dynamic range compression can be turned on/off using the checkbox provided in
homescreen of the app. To graphically control the SL, CL, and LL values, a custom Ul
component is designed as shown in Figure 4.3. It can be accessed using settings button of the
module. The Ul consists of three touch-controlled curves to set the values of SL, CL, and LL
across frequencies. Control points called as thumbs are provided to adjust the curves. Each
curve consists of 10 thumbs. Provision is provided to store and retrieve up to 4 parameter
settings. The Ul also consists of undo and redo button to access recent thumb movements.

A thumb can be moved both horizontally and vertically by dragging. ith thumb of
each curve has the same horizontal position such that values for all three curves are specified
at same frequency bin. Vertical dragging is constrained by the upper and lower curves
whereas horizontal dragging is unconstrained.

When a touch-event occurs, the set of thumbs which are closest with respect to
x-coordinate of touch is obtained, and then among them, the closest thumb with respect to
y-coordinate is selected and dragged to the touch position. This provides the flexibility to
select and move the thumbs without dragging it from the initial position. With each change in

the thumb position, the curve values for all the intermediate frequencies are obtained by a
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smooth curve fitting through the thumbs. Cubic spline fitting is used to ensure that the curve
between two adjacent control points is monotonic using Fritsch—Carlson method of spline
interpolation [58]. The obtained curve values are plotted on screen and communicated to the
processing module using JNI.

The position of the thumbs and the interpolated curves are saved in the application
data memory on closing the custom view, so that the settings are retained for the next session.
Parameters can be saved in memory to store the settings for different usage environments.
.The thumb positions are stored in the program memory by long-touch of corresponding
upload button. Long-touch of load button restores the saved thumb positions from the
program memory store and communicates the parameters to processing module. A vibration
is provided as a feedback for successful save/load.

Each thumb movement record is saved as a <thumb id, initial coordinates, final
coordinates> entry in a queue to provide undo feature. The queue length is fixed to 10 and
hence 10 undo operations can be carried out in succession. The movement record that is
reverted back using undo is pushed into another queue to provide redo. Any thumb movement
other than undo/redo will clear the redo queue.

The input and output power levels are displayed using vertical colour-filled bars. The
sliding-band smoothened input spectrum is overlaid on the screen to provide an idea of the
spectral content of input, which may help the used to fine tune the curves. The values for
display of power levels and spectra are obtained from processing modules using JNI by

polling for values every 25 ms.

4.3 Test Results

The processing module was tested on the handset model ‘Nexus 5X’ with Android 7.1 OS.
Qualitative evaluation was carried out using the headset of the handset for speech input
through its microphone and audio output through its earphone. The objective evaluation of the
processing was carried out using a 4-pin TRRS (tip-ring-ring-sleeve) connector to the headset
port of the handset, as described in section 3.5. A PC sound card was used for applying the
audio input and acquiring the processed output.

The gain and compression characteristics were tested using a sinusoidal input with
constant amplitude and frequency swept from 100 Hz to 10 kHz over 30 s. An example of the
processing for frequency-wise constant gain and constant compression along with parameters
set using GUI is shown in Figure 4.4. For constant gain, SL was set to 12 dB at all frequency
and CL and LL were set to the maximum. For constant compression, SL was set to 12 dB, CL
to 80 dB and LL to 106 dB, corresponding to compression ratio of 2. The output waveform
for constant compression does not have any temporal distortions which may be observed in

multi-band compression.
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Figure 4.4 Example of processing for constant gain and compression: (a) input; constant amplitude
tone with frequency linearly swept from 100 Hz to 10 kHz in 30 s, (b) GUI parameters set for constant
gain of 12 dB, (c) processed output for constant gain, (d) GUI parameters set for constant gain of 12 dB
and compression ratio of 2, and () processed output for constant gain and compression.

An example for frequency-dependent gain and compression for the same input is
shown in Figure 4.6. The processed output for frequency-dependent gain shows changes in
amplitude of the swept tone in accordance with the soft-level curve. The output for frequency-
dependent compression shows amplitude variations in accordance with the comfortable-level
curve, but with lower modulation depth.

An example for dynamic range compression with amplitude modulated input is
shown in Figure 4.5. Input is an amplitude-modulated tone of 1 kHz and processing
parameters are set as shown in Figure 4.4 (d) with compression ratio of 2. The processing
gives higher gains at lower values of the input level. Spikes in the amplitude envelope of the
output signal in response to step changes in the amplitude envelope of the input signal, as

seen in the figure, are typical of the dynamic range compression with a finite frame shift and
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amplitude tone with frequency linearly swept from 100 Hz to 10 kHz in 30 s, (b) GUI parameters set
for frequency-dependent gain, (c) processed output for frequency-dependent gain, (d) GUI parameters
set for frequency-dependent compression, and (e) processed output for frequency-dependent
compression.

Unprocessed
0.8 T T T

0.6/
0.4

Amplitude
=]
Voo

0.2

-0.4

-0.6

-0.8 L L L
5

] 1 2 3 4 6 7 8 =] 10
Timein s
Compression
0.8
0.6
0.4
9 0.2}
=
= o
E o2
-0.4 |
-0.6
0.8 . s s s L . s
o 1 2 3 a 5 6 7 8 a 10
Timein s

Figure 4.6 Example of processing for dynamic range compression: (a) input; amplitude modulated tone
of 1 kHz frequency and (b) processed output for CR = 2.
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Figure 4.7 Example of processing for dynamic range compression: (a) processing parameters (b)
input; amplitude modulated VHSES speech, and (c) processed speech with parameters as shown in

(a).
can be eliminated by using one-sample frame shift but with a significantly increased
computation load.

The app was tested for speech modulated with different types of amplitude envelopes.
An example of the processing is shown in Figure 4.7. An amplitude modulated concatenation
of speech segment is given as input. The speech input consists of three isolated vowels, a
Hindi sentence, and an English sentence, (-/a/-/i/-/lu/-““aaiye aap ka naam kya hai?” — “where
were you a year ago?”) referred to as VHSES material. Informal listening test was carried out

with different speech materials, music, and environmental sounds with large variation in the
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sound level as inputs. The outputs exhibited the desired amplification and compression
without introducing perceptible distortions.

The average time taken for computation per frame is measured as the difference of the
average CPU time taken per block with and without compression module. The average CPU
time taken per block with compression module is measured to be 1.3 ms. Hence the average
CPU time taken for compression is 0.85 ms in ‘Nexus 5X’, when the app is in foreground.

4.4 Summary

The sliding-band dynamic range compression technique is implemented with an interactive
GUI to enable fine-tuning of the processing parameters in real-time. The processing has been
validated by graphical assessment of the processed output and informal listening. The average

processing time overhead for the compression module is 0.85 ms.
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Chapter 5

NOISE SUPPRESSION USING
DYNAMIC QUANTILE TRACKING

5.1 Introduction

The signal processing for noise suppression involves two steps, viz. noise estimation and
speech enhancement. For hearing aid application, both noise estimation and speech
enhancement methods should have low computational complexity. Dynamic quantile tracking
based noise estimation [9] is reported to have low computational complexity and hence it is

used along with spectral subtraction for noise suppression.

5.2 Noise Estimation

The most frequent energy value, obtained as the maximum of histogram, in individual
frequency bins is reported to be related to the noise level in the specified frequency bins [20].
The noise estimation technique dynamically estimates histogram and the histogram peak is
used as the adaptive quantile for estimating the noise at each spectral sample. The histogram

is estimated by dynamically tracking multiple quantile values (¢;,0,,0s,...qy, ) for a set of
probabilities ( p, py, P3,..- Py ), chosen to be evenly spaced. The desired quantile

corresponding to the peak of the histogram is obtained by finding p, for which the difference

between neighbouring quantile values is minimum. The estimate of noise spectrum, D(i,k) at
i th frame and k th spectral sample is obtained as
D(i,k) =argming i 1[G, (1,k) =G, (1,K)]; 1=23,...M (5.1)

For estimating each of the quantiles, dynamic quantile tracking using range estimation [5],
[23] is used. In this technique, an estimate of the quantile of a data stream is obtained without
storage and sorting of past samples. The quantile §,(i,k) is estimated by applying an
increment or a decrement on its previous estimate. The increment and decrement are selected
to be appropriate fractions of the range such that the estimate after a sufficiently large number
of input frames matches the sample quantile. As the underlying distribution of the spectral

samples is unknown, the range also needs to be dynamically estimated.
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Figure 5.1 Estimation of the noise spectral samples using dynamic quantile tracking technique
based on range estimation (adapted from [9]).

The computation steps are shown as a block diagram in Figure 5.1. At k th spectral

sample, q,(i,k) is tracked as the p, (k) - quantile of the magnitude spectrum | X(i,k)| as
A, (1,k) =G (i—1k) +d, (i,k) (5.2)

where d, (i,k) is the change in estimate given as

dn(i,k)={A;(i’k)’ | X (i.k) [ Gy (i —1K) 63

—-A,(i,k),  otherwise
The wvalues of Al(i,k) and A,(i,k) should be such that the ratio
ALG,k) 1AL (LK) = pr (k) / (L p,(K)) to ensure that the quantile estimate approaches the
sample quantile and sum of the changes in the estimate approaches zero, i.e. Zdn(i,k) ~0.
Therefore, A (i,k) and A, (i,k) may be selected as
A (i,k) = Ap, (K)R(i,k) (5.4)

Aq (i,K) = A(L= py ()R(,K) (5.5)
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where R is estimate of the range (difference between the maximum and minimum values of
the sequence of spectral values in a particular frequency bin) and A is a convergence factor
which controls the step size during tracking. Value of A should be selected for an appropriate
trade-off between ripple in the estimated quantile value and the number of steps needed for
convergence as described in [5].

The range is estimated using dynamic peak and valley detectors. The estimates of the

peak P(i,k) and the valley V(i,k) are updated, using the following first-order recursive

relations:
If)(i,k)Z{TPA(i-—l,k)-i—(l—T)l i(?i,k)|, |X(i,k?|2P(i—1,k) 5:6)
oP(@i-1Lk)+(1-o)V(i—1k), otherwise
VK :{T\/A(i-—l,k)+(1—7)| z(gi,k)|, |X(i,k?|sV(i -1k) 5.7)
oV (i—-Lk)+(1—-o)P(i—1k), otherwise

The constants r and o are selected in the range [0, 1] to control the rise and fall times of the
detection. As the peak and valley samples may occur after long intervals, = should be small
to provide fast detector responses to an increase in the range and o should be relatively large

to avoid ripples. The range is tracked as

R(i,k) = P(i,k) =V (i,k) (5.8)
The dynamic quantile tracking to estimate quantile g, (i,k) as given by (5.2), (5.3), and (5.8)
can be written as the following:

- Gn (i~ LK) + 2P, (K)R(i, k), | X (1,k) 1= Gn (i -1k)
Gn (1,K) =

R (5.9)
G, @i —1k)— A@— p, (K)R(i,k), otherwise

To estimate the histogram, quantiles corresponding to the set of probabilities
(Py» P,y P3,--- Py ), are obtained using (5.9) with a common range tracked using (5.6), (5.7),
and (5.8). The noise spectrum estimate, D(i,k), is obtained using (5.1) as the peak of

dynamically tracked histogram.

5.3 Speech Enhancement

Spectral subtraction is used for suppression of additive noise. The processing consists of noise
spectrum estimation, enhanced magnitude spectrum calculation, and estimating enhanced
complex spectrum without explicit phase estimation. The technique described in previous
sub-section is used for estimating the noise magnitude spectrum D(i,k). Two techniques,
known as generalized spectral subtraction (SS) and geometric approach (GA), have been

implemented and tested.
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5.3.1 Generalized Spectral Subtraction
In generalized spectral subtraction as reported in [9], the enhanced magnitude spectrum

1Y (i,k) | is computed using the noise estimate D(i,k) as

1/ L . Uy A
|Y(i,k)|={’8 7IDGK)I | X (k)< (a+pB)"7D(i.k) (5.10)

[ X(@i.k) [ —a(D@,k) 17, otherwise

For reducing the broadband peaks in the residual noise, the over-subtraction factor is selected

as «a >1. Spectral floor factor g is used for masking the warbling or musical noise. The

exponent factor y may be selected as y =2 for power subtraction or y =1 for magnitude
subtraction.

The complex spectrum is obtained by combining the enhanced magnitude spectrum

with the original noisy phase as

Y (i,k) =|Y(i,k)|el<* (0 (5.11)
In order to avoid phase calculation, the complex spectrum is calculated using
. [Y(,K)|
Y (i,k) =—X{(i,k) 5.12
XG0 612

The spectral subtraction can be rewritten as
Y (i,k) = Ggs (1, k) X (i,k) (5.13)

where, the gain Gg (i,k) is given by

A N\
{1—05(' D("k”] } LXK < @+ BV DK

i | X(1,K)|
ss(i,K) = (5.14)
it [%J otherwise

5.3.2 Geometric Approach

Generalized spectral subtraction is based on the assumption that clean speech and
interfering noise are uncorrelated. This assumption is not valid for short-term analysis with 20
— 30 ms segments [9]. A geometric approach to spectral subtraction is reported in [11],
wherein the speech enhancement is carried out by multiplying a SNR-dependent gain function

to the input spectrum. The gain Gga (i,k) is given by

1 ik +1-£(3.k)?
Ay (i.k)

1 (k) -1-£(3.k)?
4&£(i,k)

Gealirk) = (5.15)
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where, w(i,k) is the smoothened a posteriori SNR and &(i,k) is the smoothened a priori
SNR. The value of w(i,k) is calculated using instantaneous a posteriori SNR and previous

estimate of a posteriori SNR as

L C(IXGR1
w(i,k)=py(i-1k)+1 p)[—l f)(i,k)J (5.16)

where p is the smoothing constant used in order to reduce rapid fluctuations in estimated
a posteriori SNR. The value of &(i,k) is approximated using enhanced magnitude of previous
frame and estimated a posteriori SNR of current frame using decision-directed approach as

(i K) = ,{Mj + Q- 1) (5.17)

|D@i-1k)|

2
where, x is the weighting factor for present and past SNR measurements. ( Jy(i,k) —1) is

the lower bound for &(i,k) obtained using geometrical approach. The enhanced spectrum
Y (i,k) is obtained as

Y (i,k) =Gga (i, k) X (i,k) (5.18)

Geometric approach requires much higher number of computations compared to

spectral subtraction as a posteriori and a priori SNR estimates are to be calculated for each

bin to obtain gain for noise suppression.

5.4 Implementation

The noise suppression module is implemented using dynamic quantile tracking based noise
estimation. Twelve guantiles with p-values 0.20, 0.25, ... 0.75 are tracked to get a histogram

representation in order to track its peak. The peak and valley tracking are carried out using
r=0.1and o =(0.9)"* s used for peak and valley tracking. Generalized spectral

subtraction with noise floor [13] and spectral subtraction using geometric approach [15] are
implemented in ‘Hearing Assistant 1.2.1° and ‘Hearing Assistant 1.2.2°, respectively. The
module acts as a pre-processing module for sliding-band dynamic range compression module.

The settings screen of the noise suppression module for ‘Hearing Assistant 1.2.1° is
shown in Figure 5.2. The values of « and S are input by the user as tunable parameters
named as suppression level and noise floor, respectively, using a seekbar. The values of «

and g are constrained to 1<a <5, 0< f<0.1. For ‘Hearing Assistant 1.2.2°, the settings

button in homescreen is disabled, as no parameters are required from the user.
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PARAMETERS

Suppression Level = 2.32

Noise Floor = 0.01

Figure 5.2 Screenshot of the settings screen for noise suppression.

55 Test Results

Informal listening and objective evaluation using perceptual evaluation of speech quality
(PESQ) measure [59] was used for evaluation of the noise suppression module. The
processing module was tested on the handset model ‘Nexus 5X’ with Android 7.1 OS. The
objective evaluation of the processing was carried out using 4-pin TRRS (tip-ring-ring-sleeve)
connector as described in Section 4.3.

Spectral subtraction and geometric approach methods were tested by adding noise to
VHSES speech material. Airport, babble, car, street, and train station noises from AURORA
database [60] and white noise are added at SNR of 15, 12, 9, 6, 3, 0, and —3 dB to form noisy
speech. The noisy speech was output from PC soundcard and input to the handset using TRRS
connector. The processed output was captured using ‘Focusrite Scarlett 2i2’ soundcard to
avoid excessive noise observed while capturing audio using PC soundcard. The degradation
in PESQ score because of loopback through the device is less than 0.01. The parameters

a=2, £=0.01, and y =1 were selected as parameters for spectral subtraction as reported in
[25]. A= %56 was used for both spectral subtraction and geometric approach. The recorded

processed signal was downsampled to 8 kHz for calculation of the PESQ scores. The PESQ
scores were obtained using the noise-free VHSES material as reference signal and the
recorded processed output as enhanced signal. Figure 5.3 shows the plots of PESQ scores for
different types of noises. Improvement of PESQ scores is observed at SNR levels of 12 dB to
-3 dB for all type of noises with both the methods. The geometrical approach performs better
than spectral subtraction in most of the cases. Table 5.1 shows the SNR improvement of both

methods for a PESQ score of 2, which is considered as lowest score for acceptable speech
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Table 5.1 SNR improvement (dB) for PESQ score of 2 using spectral subtraction (SS) and geometric
approach (GA) for different types of noises from AURORA database; speech: VHSES.

Noise Improvement
SS GA
Airport 1 6
Babble 0 4
Car 5 >10
Street 4 >10
Train 3 >6
White 4.5 6

Table 5.2 Improvement in PESQ scores by noise suppression using dynamic quantile tracking and
geometric approach for different types of noises; speech: 30 sentences from NOIZEUS.

Airport noise Babble noise
Input  Unprocessed Improvement Input Unprocessed Improvement
SNR Mean S.D. Mean S.D. SNR Mean S.D. Mean S.D.
6dB 221 0.15 0.29 0.16 6dB 196 0.13 0.26 0.14
3dB 201 0.17 033 0.16 3dB 178 0.15 0.23 0.20
0dB 181 0.8 035 0.18 0dB 161 0.19 0.17 0.24
Car noise Street noise
Input  Unprocessed Improvement Input Unprocessed Improvement
SNR Mean S.D. Mean S.D. SNR Mean S.D. Mean  S.D.
6dB 228 0.5 020 0.13 6dB 228 0.5 0.27 0.15
3dB 209 0.16 022 0.15 3dB 208 0.17 0.30 0.16
0dB 190 0.17 021 0.18 0dB 186 0.19 0.35 0.17
Train station noise White noise
Input  Unprocessed Improvement Input Unprocessed Improvement
SNR Mean S.D. Mean S.D. SNR Mean S.D. Mean  S.D.
6dB 252 0.14 022 0.14 6dB 189 0.15 0.32 0.26
3dB 233 0.15 027 0.14 3dB 173 0.8 0.26 0.24
0dB 192 0.19 034 017 0dB 157 0.19 0.18 0.26

quality. The processing resulted in SNR advantage of 0 — 5 dB for spectral subtraction and 6 —
10 dB for geometrical approach.
The processing is also tested using the 30 sentences from NOIZEUS database [61]

added with noises from AURORA database. As the geometric approach performs better than
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Figure 5.5 Non stationary noise suppression using dynamic quantile tracking based speech
enhancement. (a) unprocessed noisy signal with modulated white noise, (b) processed using
spectral subtraction, and (c) processed using geometric approach
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Figure 5.6 Non stationary noise suppression using dynamic quantile tracking based speech
enhancement. (a) unprocessed noisy signal with babble, white and car noise, (b) processed using
spectral subtraction, and (c) processed using geometric approach
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spectral subtraction, the processing is carried out only using geometric approach. Figure 5.4
shows the PESQ scores along with the standard-deviation based error plot. It shows an SNR
improvement of 3 — 6 dB at PESQ score of 2. Table 5.2 shows the PESQ improvement for
different noises.

The processing is tested for various non-stationary noise conditions. Figure 5.5 shows
spectra for processing of speech added with amplitude modulated white noise. VHSES speech
segment is repeatedly concatenated and added to modulated white noise resulting to SNR
varying from -6 dB to 0 dB. The spectral subtraction method results in residual musical noise
which can be seen as dark speckles on spectrogram. Figure 5.6 shows an example for varying
noise environment. VHSES speech segment is repeatedly concatenated and added to babble,
white and car noise at 0 dB SNR. The spectra show adaptation of noise estimation with
different noise environment.

The average time taken for computation per frame is measured as the difference of the
average CPU time taken per block with and without noise suppression module. The average
CPU time taken per block for noise suppression with spectral subtraction and geometric
approach is measured to be 0.75 and 1.1 ms respectively. This corresponds to average
CPU time overhead of 0.3 and 0.65 ms for spectral subtraction and geometric approach,

respectively.

5.6  Summary

Noise suppression using dynamic quantile tracking based noise estimation is implemented as
a processing module in the hearing aid app. The processing has been validated by informal
listening and objective evaluation using PESQ. An SNR advantage of 3 — 6 dB is achieved by
speech enhancement using noise suppression module. The processing time per block is
measured to be 0.3ms and 0.65ms for spectral subtraction and geometric approach,

respectively.
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Chapter 6

SUMMARY AND CONCLUSION

A digital hearing aid has been implemented as a smartphone app for improving speech
perception by persons with sensorineural hearing loss. Background noise suppression is
implemented to reduce the effect of external spectral masking and speech audibility. Dynamic
guantile tracking based noise estimation along with generalized spectral subtraction and
geometric approach to spectral subtraction are implemented for noise suppression. Sliding-
band dynamic range compression technique is incorporated to alleviate the problems of
frequency dependent elevation of hearing thresholds and loudness recruitment. It provides
user-configurable frequency selective amplification and dynamic range compression. The
implementation enables the user to configure the processing parameters in an interactive and
real-time mode using a graphical touch interface.

The app has been developed and tested using Nexus 5X with Android 7.1 OS. The
audio latency of the application is measured to be 45 ms, making it suitable for face-to-face
communication. The app is tested by informal hearing and objective evaluation. The sliding-
band compression does not introduce perceptible distortions associated with the single-band
and multi-band compression technigques. Background noise suppression is evaluated by using
PESQ scores. Enhancement of speech corrupted with different types of additive stationary
and non-stationary noise showed improvement in speech quality to be equivalent to an SNR
advantage of 3 - 6 dB.

The average CPU time per frame taken by the processor thread for audio loopback
(inclusive of FFT and IFFT operations) without any processing modules is measured to be
0.45 ms. The average CPU time for compression is measured to be 0.85 ms. The average CPU
time for processing is measured to be 0.3 and 0.65 ms for spectral subtraction and geometric
approach respectively.

The average CPU time for processing of a 5 ms frame with both compression and
noise suppression modules does not exceed 2 ms. Hence, there is scope for incorporating
other processing techniques for speech enhancement such as CVR enhancement [33], dichotic
presentation [36], multiband frequency compression [31] etc., for extending the usability of

the app.
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Use of the app by a large number of hearing impaired listeners is needed for its real
life evaluation and its further enhancement. VVoIP (Voice over internet protocol) feature needs
to be implemented in the app to enable usage of hearing aid during voice calls.
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APPENDIX A

User Manual for ‘Hearing Assistant’

"Hearing Assistant” enables the use of the mobile handset as a hearing aid without needing
any specialized hardware other than its headset. To enable comfortable hearing, the app
consists of the following processing modules:

e Noise suppression: It decreases the interference of external noise in the input speech
and acts as a pre-processing module for compression.

e Compression: It maps the input sound level into the dynamic range set interactively.

The operation is controlled through homescreen. Each module has its ‘settings’ screen.

Homescreen
The playback controls of app and processing modules are available in the homescreen. The

following table provides functions of each button in homescreen

» Starts the hearing aid playback.
. Stops the hearing aid playback.

Toggle the processing module on/off.

Q Opens the settings page of the processing module.

Noise Suppression Settings
The noise suppression settings consist of parameters for speech enhancement using spectral

subtraction. The user-settable parameters are defined as following:

Suppression  Extent of spectral subtraction. Higher value leads to increased noise reduction
Level at a cost of attenuation of speech.

The noise floor to reduce annoyance due to musical noise generated during

Noise Floor ¢ ppression of background noise.

The noise suppression settings is disabled in ‘Hearing Assistant 1.2.2°. The speech
enhancement is carried out using geometric approach based spectral subtraction, which does

not need any user-set parameter.
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Compression Settings

The compression module settings consist of curves to set frequency-dependent hearing levels,
along with buttons to store/load settings and undo/redo button. The curves represent the
output sound levels with respect to frequency. They can be changed by dragging the thumb
points (circles on the curve) to the required position. It is advised to get the initial settings
done by an audiologist. The following table describes the functions of the Ul elements.

Sets the level at which the soft sounds need to be played. Increase in value leads to
increased gain.

Sets the maximum level at which loud sounds need to be played.

Saves the current settings into the selected memory store.

. Sets the comfortable level at which the sounds are comfortably heard.

‘ Loads the previously stored curves into the current settings.

The 'In" and 'Out’ indicator levels show the total input power and output power in dB. The
current sliding band smoothened input spectrum is overlaid on the curves. The app can be

used in background by starting the app and switching to other apps.
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