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Abstract

This work deals with the advancement of wideband (i.e., 150 Hz to 7kHz frequency
range) hands-free systems (HFSs) for mono- and stereophonic cases of application.
Furthermore, innovative contributions to the corresponding field of quality evaluation
are made. The proposed HFS approaches are based on frequency-domain adaptive
filtering for system identification, making use of Kalman theory and state-space mod-
eling. Simultaneous satisfaction of several independent quality aspects is key to proper
speech enhancement system development. Therefore, functional enhancement mod-
ules are developed in this work, which improve one or more of these quality aspects,
aiming at not to harm others. In so doing, these modules can be combined in a flex-
ible way, dependent on the needs at hand. The monophonic HFS, enhanced in this
way, is evaluated according to automotive recommendations of the standardization
sector of the International Telecommunication Union (ITU-T Rec. P.1110/P.1130),
to prove its customized efficacy. Furthermore, a novel methodology and, based upon
this, a technical framework are introduced in this work to improve the prototyping and
evaluation process of automotive hands-free and in-car-communication (ICC) systems.
The monophonic HFS in several configurations hereby acts as device under test (DUT)
and is thoroughly investigated, which will show the DUT’s satisfying performance, as
well as the advantages of the proposed development process.

As current methods for the evaluation of HFSs in dynamic conditions oftentimes
still lack flexibility, reproducibility, and accuracy, this work introduces “Car in a Box”
as a novel, improved system for this demanding task. It will be shown, that it is able
to enhance the development process by performing high-resolution system identifica-
tion of dynamic electro-acoustical systems, as they are present, e.g., if a car’s driver
moves during a hands-free call. The extracted dynamic impulse response trajectories
are then applicable to arbitrary input signals in a synthesis operation. In so doing, a
realistic dynamic automotive auralization of a car cabin interior is available for HF'S
evaluation. It is shown that this system improves evaluation flexibility at guaranteed
reproducibility. In addition, the accuracy of evaluation methods can be increased
considerably by having access to exact, realistic impulse response trajectories acting
as a so-called “ground truth” reference. If the Car inaBox is included into an auto-
motive evaluation setup, there is no need for an acoustical car interior prototype to
be present at this stage of development, as will be shown. As these prototypes are
typically not available easily/cost-efficiently, the Car in a Box may therefore ease the
HF'S development process. As shown in this work, dynamic acoustic replicas may be
provided including an arbitrary number of acoustic car cabin interiors for multiple
developers simultaneously. With Car in a Box, speech enhancement system developers
therefore have an evaluation environment at hand, which can adequately replace the
real environment.






Zusammenfassung

Die vorliegende Arbeit beschéftigt sich mit der Weiterentwicklung breitbandiger (Fre-
quenzbereich 150 Hz bis 7kHz) Freisprechsysteme fiir mono- und stereophone Anwen-
dungsfille und liefert innovative Beitrage zu deren Qualitdtsmessung. Die vorgestellten
Verfahren basieren auf im Frequenzbereich adaptierenden Algorithmen zur Systemi-
dentifikation geméafl der Kalman-Theorie in einer Zustandsraumdarstellung. Bei der
Entwicklung von Systemen zur Sprachsignalverbesserung muss darauf geachtet wer-
den, verschiedenen unabhangigen Qualitdtsanforderungen gleichzeitig zu gentigen. Da-
her werden in dieser Arbeit funktionale Erweiterungsmodule dahingehend entwickelt,
dass mindestens eine dieser Qualitétsanforderungen verbessert wird, ohne andere ekla-
tant zu verletzen. Diese nach Anforderung flexibel kombinierbaren algorithmischen Er-
weiterungen werden geméf international anerkannter Empfehlungen des Standardisie-
rungssektors der International Telecommunication Union (ITU-T Rec. P.1110/P.1130)
in vorwiegend automotiven Testszenarien getestet und somit deren zielgerichtete Wirk-
samkeit bestétigt. Des Weiteren wird eine Methodensammlung und darauf autbauend
ein technisches System zur verbesserten Prototypentwicklung und Evaluation von au-
tomotiven Freisprech- und Innenraumkommunikationssystemen vorgestellt und bei-
spielhaft mit dem monophonen Freisprechsystem in diversen Ausbaustufen zur An-
wendung gebracht. Daraus entstehende Vorteile im Entwicklungs- und Testprozess
von Systemen zur Sprachverbesserung werden dargelegt und messtechnisch verifiziert.
Bestehende Messverfahren zum Verhalten von Freisprechsystemen in zeitvarianten
Umgebungen zeigten bisher oft nur ein unzureichendes Mafl an Flexibilitét, Reprodu-
zierbarkeit und Genauigkeit. In dieser Arbeit wird daher das “Car in a Box”-Verfahren
entwickelt und vorgestellt, mit dem zeitvariante elektro-akustische Systeme, wie zum
Beispiel Fahrerbewegungen im Fahrzeug wéihrend der Freisprechtelefonie, technisch
identifiziert werden kénnen. Darauthin kénnen die so gewonnenen dynamischen Im-
pulsantworten im Labor in einer Syntheseoperation auf beliebige Eingangsignale ange-
wandt werden, um realistische Testsignale unter dynamischen Bedingungen zu erzeu-
gen. Bei diesem Vorgehen wird ein hohes Mafl an Flexibilitat bei garantierter Repro-
duzierbarkeit erlangt. Es wird gezeigt, dass die Genauigkeit von darauf basierenden
Evaluationsverfahren zudem deutlich gesteigert werden kann, da mit dem Vorliegen
von exakten, realen Impulsantworten zu jedem Zeitpunkt der Messung eine sogenannte
“ground truth” als Referenz zur Verfiigung steht, welche unter regulidren Bedingun-
gen nicht verfigbar wire. Bei der Einbindung des “Car inaBox”-Systems in einen
Messaufbau fiir automotive Freisprechsysteme ist es bedeutsam, dass zu diesem Zeit-
punkt das eigentliche Fahrzeug, das ohnehin zum Entwicklungszeitpunkt neuartiger
Freisprechsysteme oft nur als Prototyp existiert und somit nur selten, und daher kost-
spielig, zur Verfigung steht, nicht mehr benétigt wird. Es wird gezeigt, dass eine
dynamische Fahrzeugakustikumgebung, wie sie im Entwicklungsprozess von automo-
tiven Sprachverbesserungsalgorithmen benétigt wird, in beliebiger Anzahl vollstédndig
und mindestens gleichwertig durch das “Car inaBox”-System ersetzt werden kann.
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Speech transmission index
System under test, see DUT
Super wideband

Normalized system distance

Terminal

Terminal coupling loss

Weighted TCL, see TCL

Total harmonic distortion

Telecommunication objective speech quality assessment
Transmit/send direction
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List of Abbreviations

— UVW —

UART Universal asynchronous receiver/transmitter

UMTS Universal mobile telecommunications system

USB Universal serial bus

VAD Voice activity detection

VD-MCSSFDAF  Variationally-diagonalyzed MCSSFDAF, see MCSSFDAF

VDA Verband der Automobilindustrie (German association of au-
tomotive industry)

VoIP Voice over Internet Protocol

WB Wideband (frequency range: 150 Hz to 7kHz)

— XYZ —

XLR (a standardized connector for electrical interconnections), e.g.,
see AES

The absence of trademark or copyright symbols in this work does not imply that no trademark or
intellectual property rights have to be considered.



List of Mathematical Symbols

PP

SRR

>
v\_/vvz\_/ — S
FE

e —

—_———
—

[e]

KRPREAMP

Scalar entity

Frequency-domain or constant entitiy
Vector

Matrix

Conjugate complex operator
Transpose operator

Hermitian transpose operator
Estimated value

Decimated value

Modified parameter / Far-end signal
Constrained value

Predicted value

Smoothed value

Full-length signal, i.e., whole audio file
Euclidian norm

Hadamard product

Amplifier gain factor

Shadow filter overestimation factor

Equalizer offset factor

Process noise covariance overestimation factor

Fader gain factor

Operating point factor

NLMS delta coefficient signal

The smallest possible number, which, if added to the divisor of
a fraction, avoids a division by zero on the current computing
platform

Noise threshold

Adaptive noise floor

Figure-of-merit argument

Relative error

Equalizer gain factor

PREAMP gain factor
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List of Mathematical Symbols

A Smoothing factor

AE ERLE smoothing factor

AEQ Equalizer smoothing factor

Ap Interpolation smoothing factor
AQ Q-measure smoothing factor
iy Postfilter update smoothing factor
Ao, Error PSD smoothing factor
Ays Measurement noise covariance smoothing factor
I Step size

v Sum index

p Perfect sweep sequence stretch factor
o Standard deviation

S Microphone sensitivity

T Time delay

T0 Direct path time delay

w Rotation speed

A Delta / difference

b Azimuth angle

D, Error signal PSD

Ppq Current equalizer PSD

PrQ target Target equalizer PSD

Dy, Near-end speech signal PSD
Do nn Noisy speech signal PSD
Doy Converge state

D Echo path covariance

a(n) Accelerometer signal

b Passenger position index

d(n) Echo signal

e(n) Error signal

f) Arbitrary function

fe Cut-off frequency

fm Modulation frequency

g Noise calibration factor
h Impulse response

i General index

j Imaginary unit

k Frequency bin index

l Frame index

m Microphone index
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List of Mathematical Symbols

Sample index

Background noise signal

Time-domain perfect sweep sequence

Primary or sagittal channel index, e.g., front or rear
Residual echo signal

Residual echo signal (after postfiltering)

Secondary or lateral channel index, e.g., left or right
Speech signal

SIDETONE output signal

Time index

External party speech signal

Far-end signal

HRTF output signal

(Virtual) microphone signal

Markovian forgetting factor

Number of passenger positions

Flat-top Hann window with transition length O
Lombard gain

K-point DFT matrix

DFT length

Shadow filter look-back frames

Level of signal d at the microphone position
Level of background noise signal (A weighted)
Number of microphone channels

Impulse response length

Impulse response length (ground truth)

AEC filter length

Postfilter length

Decimated postfilter length

Overlap-add length

Perfect sweep sequence length

Perfect sweep sequence

Frame shift / block length

Reverberation time (sound pressure level decrease of 60 dB)
Full-scale ADC input voltage (differential) of AD1939
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