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Abstract

Source coding is an essential part in digital communications. In error-prone transmission
conditions, even with the help of channel coding, which normally introduces delay, bit
errors may still occur. Single bit errors can result in significant distortions. Therefore,
a robust source decoder is desired for adverse transmission conditions. Compared to
the traditional hard-decision (HD) decoding and error concealment, soft-decision (SD)
decoding offers a higher robustness by exploiting the source residual redundancy and
utilizing the bit-wise channel reliability information. Moreover, the quantization codebook
index can be either mapped to a fixed number of bits using fixed-length (FL) codes, or
a variable number of bits employing variable-length (VL) codes. The codebook entry
can be either fixed over time or time-variant. However, using a fixed scalar quantization
codebook leads to the same performance for correlated and uncorrelated processes. This
thesis aims to improve the performance of speech and audio codecs with FL and VL codes.

The thesis can be divided into three main parts: Firstly, the concept of FL/SD decod-
ing is applied to the Adaptive Multi-Rate Narrowband (AMR-NB) and AMR Wideband
(AMR-WB) speech codecs, which are widely used in mobile speech communications. In
addition, new approaches exploiting both interframe and intraframe redundancy for the
spectral envelope parameters in both codecs are proposed. The speech quality is sig-
nificantly improved, both for AMR-NB and AMR-WB. Secondly, the links between the
FL/SD and VL/SD decoding algorithms are derived. The tradeoffs of the two SD decod-
ing approaches are discussed. Both the FL/SD and VL/SD decoding methods are applied
to High-Efficiency Advanced Audio Coding (HE-AAC), which is optimized for low bit rate
applications, such as mobile music streaming and digital radio broadcasting. Supported
by subjective listening tests, the audio quality shows a tremendous enhancement. Finally,
a new decoding approach is proposed to improve the scalar quantization performance for
correlated processes. Exploiting the source correlation and employing only a predictor at
the receiver side, a time-variant quantization codebook can be generated. This proposed
approach is advantageously applicable in both error-free and error-prone transmission
conditions, both with HD and SD decoding. It has also been applied to the G.726 and
G.722 Adaptive Differential Pulse Code Modulation (ADPCM) speech codecs, which are
utilized in cordless and IP telephony. An improved speech quality is observed.

il






Kurzfassung

Quellencodierung ist ein wesentlicher Bestandteil digitaler Kommunikationssysteme. Bei
fehlerhaften Ubertragungsbedingungen kénnen auch mit Hilfe der Kanalcodierung, die
normalerweise eine Verzogerung bewirkt, noch Bitfehler auftreten. Einzel-Bitfehler konnen
zu signifikanten Signalverzerrungen fithren. Daher ist ein robuster Quellendecoder fiir
schlechte Ubertragungsbedingungen erwiinscht. Gegeniiber der herkémmlichen Hard-
Decision (HD)-Decodierung und Fehlerverdeckung bietet die Soft-Decision (SD)-Decodie-
rung eine hohere Robustheit durch die Nutzung der Restredundanz der Quelle und die Ver-
wendung der bitweisen Kanalzuverlassigkeitsinformation. Auflerdem kann der Quantisie-
rungs-Codebuchindex entweder einer festen Anzahl von Bits unter Verwendung einer
festen Codewortlange (FL), oder einer variablen Anzahl von Bits mit variabler Code-
wortlinge (VL) zugeordnet werden. Der Codebucheintrag selbst kann entweder konstant
iiber der Zeit oder zeitvariant sein. Jedoch fithrt ein Codebuch unter Verwendung einer
festen skalaren Quantisierung zu gleiches Performanz fiir korrelierte wie fiir unkorrelierte
Prozesse. Diese Arbeit zielt darauf ab, die Leistung von Sprach- und Audio-Codecs mit
FL- und VL-Codes zu verbessern.

Die Arbeit lasst sich in drei Hauptteile unterteilen: Zunéchst wird das Konzept der
FL/SD-Decodierung auf den Adaptive Multi-Rate Narrowband (AMR-NB) und AMR
Wideband (AMR-WB) Sprach-Codec angewandt, die in der mobilen Sprachkommunika-
tion weit verbreitet sind. Zusétzlich werden fiir die spektrale Einhiillende neue Ansitze
unter Nutzung von Inter- und Intra-Rahmen-Redundanz vorgestellt. Die Sprachqualitit
wird sowohl fiir AMR-NB als auch fir AMR-WB deutlich verbessert. Als Zweites werden
mathematische Beziige zwischen FL/SD- und VL/SD-Dekodierungsalgorithmen abgeleitet.
Dabei wird der Trade-off der beiden SD-Decodierungs-Ansétze diskutiert. Sowohl das
FL/SD-, als auch das VL/SD-Decodierungsverfahren werden im Zuge des High-Efficiency
Advanced Audio Coding (HE-AAC) eingesetzt, welches fiir Anwendungen mit niedrigen
Bitraten, wie dem mobilen Musik-Streaming oder dem Digitalen Rundfunk, optimiert
ist. Im Rahmen subjektiver Hortests zeigt die Audioqualitit eine enorme Verbesserung.
Schliefllich wird ein neuer Dekodierungs-Ansatz zur Verbesserung der skalaren Quan-
tisierungsleistung von korrelierten Prozessen vorgestellt. Durch Ausnutzung der Quellen-
Korrelation und unter Verwendung eines Pradiktors im Empfanger kann ein zeitvariables
Codebuch erzeugt werden. Dieser vorgeschlagene Ansatz kann vorteilhaft sowohl bei
fehlerfreien, als auch bei fehlerbehafteten Ubertragungsbedingungen eingesetzt werden,
und zwar sowohl im Zuge der HD- wie auch der SD-Decodierung. Er wird auch auf
die beiden Adaptive-Differential-Pulse-Code-Modulation (ADPCM)-Sprachcodecs G.726
und G.722 angewandt, welche in der Schnurlos- und der IP-Telefonie standardisiert sind.
Dabei wird eine verbesserte Sprachqualitit erzielt.
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Chapter 1

Introduction

1.1 Concept of Robust Source Decoding

In digital communications, source coding transforms original source signals into a stream
of bits for the purposes of transmission or storage in a channel [Proakis, 2001, Gersho
and Gray, 1992]. At the receiver side, the bit stream is decoded and further reconstructed
to recover the original source information. In unreliable transmission conditions (i.e.,
noisy channels), the bit stream may be distorted and the original source information may
not be correctly recovered at the receiver side. The bit stream can be protected against
transmission distortions using channel coding. This introduces some redundancy in the bit
stream, which can be utilized at the receiver side to correct transmission errors [Bossert,
1999]. However, bit errors may still occur and result in degradation of the speech or audio
quality at the receiver side. In addition, usually some delay is introduced. Therefore, a
robust source decoder is necessary for adverse transmission conditions.

Residual redundancy is observed within the source signals (or codec parameters).
Shannon mentioned that the redundancy of the source can be utilized for robust decoding
at the receiver side [Shannon, 1948]:

“However, any redundancy in the source will usually help if it is utilized at
the receiving point. In particular, if the source already has a certain redun-
dancy and no attempt is made to eliminate it in matching the channel, this
redundancy will help combat noise.”

In the receiver, error concealment techniques are often used to conceal the erroneous
effect from the channel [Fingscheidt and Vary, 2001]. Typically a bad frame indicator
marking a frame as good or bad is employed in error concealment [ITU-T, 1999, ITU-T,
2006, ETSI, 1996, 3GPP, 2001a]. However, the bad frame indicator only represents a
coarse channel reliability information. Compared to the traditional hard-decision (HD)
decoding method or error concealment techniques, soft-decision (SD) decoding [Fing-
scheidt and Vary, 2001, Kliewer and Thobaben, 2005] provides a higher robustness by
exploiting the residual redundancy in terms of the a priori knowledge, expecting some
soft information, which represents the bit-wise channel reliability information.
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Moreover, quantization plays an important role in digital communications [Jayant
and Noll, 1984]. It assigns a sequence of signal samples to a sequence of discrete values
in a certain range, and thereby achieves a certain compression. The quantized signal
samples are represented by the corresponding quantization codebook indices, with either
fixed-length codes (FLCs) or variable-length codes (VLCs). The codebook entries can be
either fixed over time or time-variant. However, for correlated source processes, source
correlation cannot be exploited by a scalar quantization with time-invariant codebook
entries, and without any form of predictive encoding, since it is designed in the same way
both for correlated and uncorrelated processes.

This thesis aims to improve the performance of source codecs, in particular of speech
and audio codecs. For erroneous transmission conditions, the SD decoding algorithms can
be applied to speech and audio codecs, both for FLCs and VLCs. In order to improve
the scalar quantization performance for correlated processes, a new decoding approach
generating a time-variant scalar quantization codebook is proposed. This approach is
advantageously applicable in both error-free and error-prone transmission conditions, both
with HD and SD decoding. For the purpose of further validating the performance of the
proposed approach, it is applied to speech codecs for both error-free and error-prone
transmission conditions.

1.2 Brief Overview of Some Important Speech and
Audio Codecs

Waveform coding is considered as an early precursor of speech coding, where speech sam-
ples are quantized and transmitted, known as pulse code modulation (PCM) (ITU-T
Recommendation G.711 [ITU-T, 1972]) and Adaptive Differential Pulse Code Modula-
tion (ADPCM) (ITU-T Recommendation G.726 [ITU-T, 1990] for narrowband speech
(sampling frequency fs =8 kHz), and G.722 [ITU-T, 1988] for wideband speech (f; =16
kHz)).

Currently the most widely used speech coding scheme, follows the so-called hybrid
coding approach according to the code-excited linear prediction (CELP) algorithm, which
is adopted in the Adaptive Multi-Rate (AMR) [3GPP, 1999a] and AMR Wideband (AMR-~
WB) [3GPP, 2001b] speech codecs. AMR (or AMR-NB) and AMR-WB are two important
speech codecs widely used in mobile communications today.

Aiming at providing high speech quality at low bit rates and offering good quality for
generic audio signals, the ITU-T Recommendation G.718 [ITU-T, 2008] is designed for
internet protocol (IP) transport applications on fixed, wireless, and mobile networks. It
supports bit rates from 8 kbps to 32 kbps and is highly robust to packet losses. Recommen-
dation G.718 includes a two-stage coding structure supporting narrowband or wideband
signals: The lower two layers are on the basis of the CELP approach, while in higher
layers transform coding according to the overlap-add modified discrete cosine transform
(MDCT) is used. G.718 is also interoperable with the AMR-WB standard [Jelinek et al.,
2009].
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The Moving Picture Experts Group (MPEG) has standardized several audio com-
pression formats: Starting with the most famous MPEG-1 or MPEG-2 Audio Layer III
standard, known as MP3, and followed by advanced audio coding (AAC), the MPEG-
4 High-Efficiency Advanced Audio Coding (HE-AAC) [ISO/IEC, 2005] was designed to
offer high audio quality at a low bit rate. In order to merge the general audio coding
and speech coding into one solid design, the MPEG Unified Speech and Audio Coding
(USAC) [ISO/IEC, 2012] was designed, especially for applications with limited or varying
bandwidth. It is based on the predecessors MP3, AAC, and HE-AAC, but works more
efficiently [Neuendorf et al., 2013]. Instead of using Huffman coding (as in HE-AAC),
arithmetic coding is used in USAC, which is still a kind of variable-length coding.

The currently newest standard is the Enhanced Voice Services (EVS) [3GPP, 2014a]
codec which offers equally high quality both for generic audio and speech [Ericsson, 2014].
As the successor of the current mobile HD speech codec AMR-WB, EVS extends the
audio bandwidth up to 20 kHz and provides better compression efficiency and robustness
against transmission errors. It supports narrowband, wideband, super-wideband, and
fullband audio, with the bit rates ranging from 5.9 to 128 kbps. With the evolution of
mobile systems, the EVS codec is particularly designed for Long-Term Evolution (LTE),
but it still brings benefits to any circuit-switched system and voice over IP (VoIP) [Nokia,
2015]. Finally it is interoperable with AMR-WB.

For erroneous transmission conditions, in order to improve the speech and audio quality
after decoding, the concept of soft-decision decoding can be applied to any codec for those
applications where bit errors may occur. For the codecs G.718, USAC, and EVS, where
packet loss is likely to occur, much research focuses on frame loss concealment. In this
thesis, the important and still very popular ADPCM, AMR-NB, AMR-WB, and HE-AAC
codecs are studied.

1.3 Outline of the Thesis

This thesis is divided into three main parts:

e The first part focuses on the FL/SD decoding, including the theoretical description
of the FL/SD decoding algorithm inspired from [Fingscheidt and Vary, 2001] and
the application of FL/SD decoding to speech codecs and an audio codec.

e The second part concentrates on the VL/SD decoding, including a retrospective
look of the VL/SD decoding algorithm having its roots in [Kliewer and Thobaben,
2005] and the application of VL/SD decoding to an audio codec.

e The last part is mainly about an improved decoding approach generating a time-
variant scalar quantization codebook, including the theoretical elaboration and its
application to speech codecs.

Chapter 2 begins with a general description of source parameter encoding and decod-
ing. First the source parameter models including the modeling of unquantized parameters,
the quantization approaches, and the modeling of quantized parameters are introduced.
Thereafter, the channel models and the modulation technique used in this thesis are
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described. Finally, the traditional FL/HD decoding method and the existing FL/SD
decoding approach used in this thesis is briefly presented.

Chapter 3 is dedicated to the application of FL/SD decoding to the AMR-NB and
AMR-WB speech codecs. Moreover, new approaches utilizing both interframe and in-
traframe redundancy for the spectral envelope parameters in both AMR-NB and AMR-
WB are proposed. The performance of using the FL/SD decoding algorithm in AMR-NB
and AMR-WB, and employing the corresponding FL/HD decoding method or the stan-
dard error concealment scheme is compared.

Chapter 4 introduces the VL/SD decoding method, and provides a new insight of the
definitions of stage boundaries and state intervals in the trellis representation. In addition,
the links between the VL/SD decoding and FL/SD decoding approaches are explored. At
the end, the performance tradeoffs of VL/SD and FL/SD decoding depending on block
lengths, source correlation, and quantization bit rates are discussed.

Chapter 5 elaborates the application of FL/SD decoding to the parameter global gain
and of VL/SD decoding to the scale factor parameters and quantized spectral coefficients
in MPEG-4 HE-AAC. Furthermore, for the quantized spectral coefficients with unsigned
Huffman codebooks, a new trellis representation considering sign bits is proposed. The
performance comparison between SD decoding, HD decoding, and standard error conceal-
ment is discussed.

Chapter 6 proposes a new decoding approach to improve the quantization performance
for correlated processes, even for error-free transmission conditions. Without changing
the standard encoder and based on a predictor at the receiver side, a time-variant quan-
tization codebook is generated. The performance of using the standard and proposed
approaches both for error-free and error-prone transmission conditions is presented. In
adverse transmission conditions, both HD and SD decoding schemes are adopted.

Chapter 7 emphasizes the application of the improved scalar quantization approach in
Chapter 6 to the G.726 and G.722 ADPCM speech codecs, both for error-free and error-
prone transmission conditions, with a focus on HD decoding. The performance difference
between employing the standard and the proposed decoders is depicted.

Chapter 8 presents concluding remarks of this thesis.



Chapter 2

Aspects of Source Parameter
Encoding and Decoding

In digital communications, for transmission and storage purposes, the source parameters
are transformed to a bit stream at the encoder side and recovered at the decoder side,
which are known as source encoding and decoding, respectively. This chapter presents
the general aspects of source parameter encoding and decoding. For the source parameter
encoding, the source parameter models including modeling of unquantized parameters,
quantization of parameters, and modeling of quantized parameters are explained in Sec-
tion 2.1. The transmission channel models and a relevant modulation technique are
introduced in Section 2.2. At the end, the hard-decision (HD) and soft-decision (SD)
decoding approaches are presented in Section 2.3, with the focus on fixed-length codes
(FLCs) in this chapter. Decoding approaches for variable-length codes (VLCs) will be
explained in Chapter 4.

2.1 Source Parameter Models

This section describes the relevant source parameter models. For the source parameter
encoding, the autoregressive (AR) process, which is usually used for modeling of unquan-
tized parameters, is first introduced. Thereafter, different quantization approaches are
presented, and the quantization approaches of the codec parameters used in this thesis
are listed. The Markov process used to model the quantized parameters with the statis-
tical knowledge (i.e., a priori knowledge) is described afterwards. Finally, the channel
models, the traditional fixed-length hard-decision (FL/HD) decoding method, and the
existing fixed-length soft-decision (FL/SD) decoding used in this thesis are explained.

2.1.1 Modeling Unquantized Parameters

In speech coding, considering a simplified model of the vocal tract, the unquantized codec
parameters are often modeled based on the AR process [P. Vary, 2005]. The block diagram

5
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Figure 2.1: Block diagram of the Npth-order autoregressive process [Jayant and Noll,
1984]).

of the AR process of order N, (AR(N,)) is shown in Fig. 2.1. The AR(NV,) process output
parameter @ at frame £ € {1,2,...}' satisfies [Jayant and Noll, 1984]

Np

U=+ Y U, (2.1)

=1
typically with a zero-state initialization. Herein, €, represents the innovation, a, de-
notes the predictor coefficient, with » € {1,2,...,N,}. Assuming the speech signals
are stationary for short time intervals of 20 to 400 ms, the predictor coefficients can be
adapted on a short-term basis and determined with linear prediction techniques, either
with the auto-correlation method or the covariance method [P. Vary, 2005]. The efficient
Levinson-Durbin algorithm is often used for the auto-correlation method.

The AR process implies that the successive parameters are correlated. For a stationary
random process, the correlation coefficient of the parameters @, at the current frame index
¢ and 1y, at the frame index ¢ — 5 is defined by [A. Papoulis, 2002]
_ Ef{ag -t} — B*{a,}

2
T4

Pigiio-nc (22)
with E{-} being the expectation value. Note that the correlation coefficients are not the
same as the values of the predictor coefficients in the AR(N,,) process. However, for the
AR(1) process, using the auto-correlation method, the only predictor coefficient a can be
obtained by [P. Vary, 2005]

aa(1) Bt -t}

ST ) BGH o

which leads to a=pg, 4, ,, if the expectation value fulfills E{a,} = 0.

2.1.2 Quantization of Parameters

In digital communications, quantization is needed for analog-to-digital conversion and for
source coding as well [P. Vary, 2005]. A sequence of parameters is assigned to a sequence
of discrete values in a certain range. After quantization, the unquantized parameters are
represented by the corresponding quantization codebook indices. As mentioned in [Gray
and Neuhoff, 1998], three categories of quantizers can be identified as:

"Without loss of generality, a frame-based parameter with frame index ¢ is assumed in this chapter.
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e Scalar quantization [Lloyd, 1982, Max, 1960] which assigns a single input (un-
quantized) parameter to a single output (quantized) parameter, or vector quan-
tization [Linde et al., 1980] which maps a vector of input parameters to a vector of
output parameters;

Quantizers with fixed-rate coding having the same codeword length for each quan-
tization codebook index [Oliver et al., 1948, Hui and Neuhoff, 2001], or quantizers

with variable-rate coding having variable codeword length and providing a better
compression performance [Lookabaugh et al., 1993];
Quantizers being memoryless with a fixed quantization codebook [Lloyd, 1982, Max,

1960, Kleijn and Hagen, 1996], or quantizers having memory with either a time-
invariant or a time-variant codebook, with the memory standing for the statistical
properties of the source process [Jayant and Noll, 1984, Jayant, 1974, McDonald,
1966].

The above quantization approaches used for the parameters of speech and audio codecs
in this thesis are listed as follows:

(1) Scalar quantization: Adaptive codebook and fixed codebook gains in the Adaptive
Multi-Rate Narrowband (AMR-NB) speech codec, and spectral coefficients in the
High-Efficiency Advanced Audio Coding (HE-AAC) audio codec;

(2) Vector quantization: Line spectral frequencies (LSFs) in AMR-NB, immittance spec-
tral frequencies (ISFs) and vector-quantized codebook gain (VQ gain) in the AMR
Wideband (AMR-WB) speech codec;

(3) Fixed-rate quantization: Parameters mentioned above in items (1), (2);

(4) Variable-rate quantization: Spectral coefficients in the HE-AAC audio codec;

(5) Memoryless quantization: Parameters mentioned above in items (1)-(5);

(6) Quantizers having memory: Difference signal in the Adaptive Differential Pulse

Code Modulation (ADPCM) speech codec.

2.1.3 Modeling Quantized Parameters

The quantized parameter can be modeled as a Markov process of Nth order:
P(x¢ | Xpo1, oy Xe-n, Xe-n—1, ) = P(Xe | Xeo1, 0, Xe-n), (2.4)

with x, being the bit combination of the quantized parameter at frame ¢. The statistical
knowledge of a Markov process is known as the joint probabilities P(x¢, X—1, ..., X¢—n) OF
the conditional probabilities P(x, | X,—1,...,X¢—n), which are defined as a priori prob-
abilities or a priori knowledge [Fingscheidt and Vary, 2001]. Typically, modeling the
quantized parameter as a zeroth-order and first-order Markov process, a zeroth-order a
priori knowledge (AKO) P(xgi)) and first-order a priori knowledge (AK1) P(xy) | xf;l)l)
can be obtained, with xé’) and xfﬂl representing the bit combinations from the current
frame ¢ and the previous frame ¢ — 1, respectively.

The a priori knowledge is obtained in the training process in advance, by processing
a large database. After counting and normalizing the occurrence frequencies of different
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pairs of quantizer output symbols, the AKO term can be computed by

2M—1
Px) = X P xy). (25)

Jj=0
with M being the quantization bit rate (i.e., the number of bits for transmitting a sin-
gle parameter). According to the chain rule [A. Papoulis, 2002], the AK1 term can be
obtained by
) _ P(Xiz)v X5 )1)
1 21U

P(x( | x;” :
Z P (f) Xp l

(2.6)

As mentioned in Chapter 1, Shannon noted the value of utilizing the redundancy in
the source at the receiver side [Shannon, 1948]. Once the a priori knowledge is known,
the residual redundancy (in bits?), which can be utilized for error concealment, is worth
being observed. Modeling the quantized parameter as a zeroth-order Markov process, the
entropy representing the minimum bits needed for coding a parameter can be calculated
by [Jayant and Noll, 1984]

2M 1

Z P(x{”)log,P(x\). (2.7)

Assuming an Nth-order Markov process, the conditional entropy is given by

H(xe | %o, Xeon) = — Z Z Z P(Xii)-,xyju'“ axi}i)fv)
i=0  j=0 h=0 (2.8)
i j h
'IOgZP(XE ) | ngf)lv e -,X;JN)'
As a consequence, the residual redundancy is written as [Jayant and Noll, 1984]
AR:]\/I—H(X(/ |Xé‘,17"' ,X({,N). (29)

Following [Fingscheidt, 2008], (2.9) is determined by AR = AR4q + AR., with the
utilizable, distribution-dependent residual redundancy

ARd =M — H(X[), (210)
and the wtilizable, correlation-dependent residual redundancy AR, (also known as the
mutual information Z(x;X¢—1, . .., X—n)) being obtained by

ARC:H(X[)fH(Xg | X/_l,...,X[_N). (211)

For an AR source process, the Markov process order N is not necessarily the same as
the AR process order N,. After the quantization of the parameters taken from an AR
process, the Markov property from (2.4) may not fully hold, due to the distortion by the

2For the simplicity of description, the unit bit is used instead of bit per parameter.
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N
1 2 3 4 5 6 7 8
1 10406 0.426 0.432 0434 0435 0436 0.436 0.437
2 | 0.777 0.801 0.804 0.807 0.811 0.819 0.834 0.862

(a) M € {1,2} bit

M

M=3 bit, N M =4 bit, N
1 2 3 4 5 6 1 2 3
1.032 1.040 1.045 1.066 1.124 1.263 || 1.146 1.156 1.209

(b) M € {3,4} bit

Table 2.1: Residual redundancy AR, for different quantization bit rates M € {1,2,3}
and different Markov process orders N; Gaussian AR(1) samples with a=0.9, subject to
Lloyd-Max quantization assumed.

quantization error, especially for low rate quantization with large quantization error. The
conditional entropy satisfies [A. Papoulis, 2002]

M Z H(X[) Z H(X@ ‘ X[,l) Z H(Xg | X1y 7Xz,)\/) Z H(X[ | Xp—1y--- ,Xf,(]\ur;{/)),

(2.12)
with » € {0,1,2,...}. For an M-bit scalar Lloyd-Max quantizier applied to Gaussian
AR(1) samples with a = 0.9, the residual redundancies AR in (2.9) and AR, in (2.11)
increase with the rise of Markov order N, as the AR, results show in Tab.2.1. In other
words, more redundancy can be exploited by modeling a higher order Markov process.
Moreover, if H(x¢|Xp—1,... ., Xe—n) =H(X¢ | Xp—1,.. ., Xe—(N+4x)), ' > 0, this implies no
statistical dependence between x; and X, (v [Fingscheidt, 1998]. In that case, no extra
residual redundancy can be utilized with the assumption of a Markov process order higher
than N. In addition, if the bit rate is high enough, the wutilizable, correlation-dependent
residual redundancy AR, for N = N, already turns out to be approximately the total
correlation-dependent residual redundancy® [Fingscheidt, 2008].

2.2 Channel Models

The channel is a medium used to transmit a signal from the transmitter side to the receiver
side. The transmitted signals can be influenced by the interference on the channel. The
mathematical models are found to reflect the characteristics of the transmission channel
easily [Jayant and Noll, 1984]. The channel models and modulation technique adopted in
this thesis are described in this section.

3Note that 4 bit is not high enough for this.
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AWGN Channel

Cpy ;m a A

O

Figure 2.2: The block diagram of an AWGN channel [Proakis, 2001].

2.2.1 Additive White Gaussian Noise (AWGN) Channel With
Binary Phase-Shift Keying (BPSK)

AWGN Channel

The additive white Gaussian noise (AWGN) channel is an often used channel model in
digital communications, with signals being distorted by additive white Gaussian noise.
As depicted in Fig. 2.2, the received (real-valued) symbol &, is obtained by adding the
transmitted modulated symbol ¢, and the noise o,/, with n’ being the symbol time index.
The white Gaussian noise signal o, satisfies a constant power spectral density and a zero-
mean Gaussian distribution. The probability density function (PDF) of the noise o, is
defined by [Proakis, 2001]

plow) = . exp( - M) (2.13)
" Ve, 202 /7 '
with the variance of the noise 02 , = Ny/2, which is the constant noise power spectral

density. The white Gaussian noise signals are statistically independent from each other.
Therefore, an AWGN channel is considered as a memoryless channel. The conditional
PDF of the received symbol given the transmitted symbol can be written as [Proakis,
2001]

~ 1 én’ — G 2
Pl | ) = N .Cxp(f ( N ) ) (2.14)

BPSK Modulation

In digital communications, modulation allows the (digital) bit stream (i.e., message signal)
to be transmitted over a bandpass frequency range in the channel, by varying the carrier
signal. Phase-shift keying modulation varies the phase of the carrier signal, while the
amplitude and the frequency remain the same. As the signal space diagram for binary
phase-shift keying (BPSK) signals in Fig.2.3 shows, the BPSK modulated symbols are
represented by ¢, € {® = +/E,, ) = —/E,} corresponding to the transmitted
bipolar bit +1 and -1, respectively [Proakis, 2001]. Herein, the signal energy per bit E,
equals the signal energy per symbol Ey (i.e., the symbol time index n’ is just the bit
index).
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M 0 0 I

Figure 2.3: The signal space diagram of BPSK signals (I-axis: in phase compo-
nent) [Proakis, 2001].

Figure 2.4: The state diagram of a Gilbert-Elliott channel [Gilbert, 1960].

For BPSK modulation, the log-likelihood ratio is defined as [Proakis and Salehi, 2001]

~ p(ﬁn’ ‘ Cp/ = Cw))
L(¢y) = log—————=. 2.15
(( ) ng(én’ ‘ o = (3(1>) ( )
Applying (2.14) to (2.15) and assuming the assignment of the bit #,(m) (mth bit in
the received bit combination %, at frame ¢) to ¢, it can be derived that* [Hagenauer,
1980, Hagenauer, 1995]

exp(—(éw + VEp)?/No) (2.16)

The factor 1/v/Ej, plays a normalization role, therefore, the L(#,(m)) is proportional
E
to the received symbol ¢,,. Herein, Fb is the so-called signal-to-noise ratio (SNR) per

0
bit [Proakis, 2001] reflecting the channel condition.

2.2.2 Gilbert-Elliott Channel

The Gilbert-Elliott (GE) channel model [Gilbert, 1960] is widely used to describe burst
errors in transmission channels. A GE channel is a time-variant channel with two channel
states: good (G) and bad (B). The state changing process is considered as a first-order
Markov process. As it is shown in the state diagram in Fig. 2.4, the transition probability
from good to bad is denoted as P, while the one from bad to good is represented by
Q. Correspondingly, the transition probability from good to good and bad to bad is
represented by 1 — P and 1 — @, respectively. For a steady state, the stationary state
probabilities P and Pp satisfy [Turin, 1998]

(2.17)

(Pe,Pi) = (Pe,Pr) - (1 -rr ) ,

Q 1-Q

4Note that d¢(m) = sign(L(#,(m))) = sign(é,).
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and PB =

and Pg + P = 1, which results in Pg = P [Hagenauer, 1980].

P
P+Q
The average bit error probability of a GE channel can be calculated by [Hagenauer, 1980]

BER = Pg - BERg, + Py - BERy, (2.18)

with BERg and BERp being related to the respective SNRs Ej/Ny|gooa and Ey/No|paa
for the good and bad channel state.

2.3 Fixed-Length (FL) Soft-Decision (SD) Decoding
of Parameters

Error concealment is often used to conceal effects from transmissions over error-prone
channels and to improve the robustness of the system. The common ground of the error
concealment adopted in plain speech waveform transmission [ITU-T, 1999], ADPCM-
coded speech [ITU-T, 2006, Serizawa and Nozawa, 2002], and hybrid speech coders such
as Global System for Mobile Communications (GSM) [ETSI, 1992a, ETSI, 1995], GSM
Enhanced Fullrate (EFR) [ETSI, 1996], AMR-NB [3GPP, 1999b], and AMR-WB [3GPP,
2001a] is that each of the received frames is marked as good or bad by a bad frame
indicator (BFI), which can be considered as a coarse channel reliability information. Signal
substitution is performed once a bad frame is indicated. Accordingly, when a bad frame
is indicated by the BFI, the whole frame will still be replaced although only some less
important bits might be distorted. On the other hand, when a good frame is indicated,
the whole frame will be regarded as reliable even if a lot of bits are corrupted.

Instead of receiving hard-decided bits as in traditional HD decoding, SD decoding,
which expects soft information representing bit-wise channel reliability information from
the demodulator [Cuperman et al., 1994] or channel decoder [Hagenauer and Hoeher,
1989, Huber and Riippel, 1990], has been considered as a robust means for error conceal-
ment. The residual redundancy observed in quantizer outputs (Section 2.1.3) can be uti-
lized for SD decoding. In the 90’s, using the soft information in the form of log-likelihood
ratios (LLRs), Fingscheidt and Vary proposed a (fixed-length) soft-decision source decod-
ing paradigm [Fingscheidt and Vary, 1996, Fingscheidt and Vary, 2001], which has been
applied to speech and audio decoders: A-law PCM and GSM Fullrate speech coding [Fing-
scheidt and Vary, 2001], G.726 and G.722 ADPCM [Fingscheidt, 2003, Lépez-Oller et al.,
2016], high-quality PCM audio [Pflug and Fingscheidt, 2011a], AMR-WB [Han et al.,
2013], and also distributed automatic speech recognition (DSR) [Ion and Hab-Umbach,
2006, Peinado et al., 2005]. Moreover, much research has focused on joint or iterative
source-channel coding with soft-decision reconstruction, such as mixed-excitation linear
predictive (MELP) speech coding [Fazel and Fuja, 2003], image and video coding in

JPEG 2000 [Fresia and Caire, 2010] and H.264/AVC [Nasruminallah and Hanzo, 2009],
respectively.

Along with the standardization of speech and audio codecs in the packet-switched
networks, some research also focuses on packet loss concealment. There are mainly two
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Figure 2.5: The block diagram of the transmission system with hard-decision decod-
ing [Fingscheidt and Vary, 2001].

time-domain concealment paradigms [Lecomte et al., 2015a]: the waveform-based ap-
proach such as, e.g., time scale modification [Roucos and Wilgus, 1985], and the most
commonly used parameter-based approach (as it is applied in the G.718 codec). The
most recent enhanced voice services (EVS) codec includes several packet loss concealment
approaches related to signal classification, spectral envelope representation, algebraic code
excited linear prediction (ACELP) modes, modified discrete cosine transform (MDCT)
modes, and bandwidth extension [3GPP, 2014b]. The detailed description can be found
in [3GPP, 2014b, Lecomte et al., 2015b]. Note that this thesis focuses on the bit error
concealment, where not the whole frame is considered as being lost. Although SD decod-
ing algorithms can directly be applied to packet loss conditions, considering the LLRs to
be zero, the SD decoding approach may need further modification for the needs of packet
loss applications.

This section presents the traditional HD decoding and the SD decoding as proposed
in [Fingscheidt and Vary, 2001]. In addition, different to [Fingscheidt and Vary, 2001]
only with a forward recursion, the forward-backward algorithm (BCJR algorithm) [Bahl
et al., 1974] is also described.

2.3.1 Hard-Decision (HD) Decoding

The block diagram of the transmission system with HD decoding is depicted in Fig.2.5.
The unquantized source parameter (or source sample, source symbol, source signal) @, is
first quantized to u, with quantization codebook index i € Z = {0,1,...,2™ —1}. Via
bit mapping (BM), the quantized parameter w, is represented by the bit combination
x¢ = (20(0), 20(1), ..., ze(m), ..., xe(M—1)), with z,(m) € {—1,+1} in bipolar notation.
The BM is assumed to be based on the natural binary code (NBC) [Jayant and Noll,
1984]. After transmission over the equivalent channel which may include channel cod-
ing/decoding, modulation/demodulation, the inverse bit mapping (BM ') is performed
at the receiver side. It transforms the received bit combination X, to the received param-
eter 1y, based on the quantization codebook. In this thesis, the equivalent channel either
is an AWGN channel with BPSK modulation or a GE channel, both without any channel
coding.

2.3.2 SD: A Posteriori Probabilities (APPs)

Instead of receiving the bit combination %X, as in HD decoding, the LLRs representing
bit-wise channel reliability information are expected by the SD decoding. The block di-
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Soft-Decision Decoder

N & 15 () (1) % N
L(%) Transition P (%o’ )k A Posteriori | P/ ‘X{)‘ Estims Ut
Probability P Probability T »| [stimator >
h
h
1 |
5
Prediction E
Probability D
h
7Y x
: :
' '
H h
Oth-order Bocoooo '
@ priory 1st-order
knowledge a priori knowledge
(AKO) (AK1)

Figure 2.6: The block diagram of a soft-decision decoder [Fingscheidt and Vary, 2001].

agram of SD decoding from [Fingscheidt and Vary, 2001, Fingscheidt, 2008] is depicted
in Fig.2.6. The core of SD decoding is to compute the a posteriori probabilities (APPs)
P(xy) \ fq,f({_l), which represent the probability of a possibly transmitted bit combina-

tion XEZ) given the bit combinations X! = (%, %:7!) = (%4, %/_1, ..., %) received in frames
1,2,...,¢. According to the chain rule, the APPs P(xy) | %0, %) can be derived by

P(% | x %07 - P | %) - P

P(xy” | %, %(71) = P (%, %571
bl |

) (219
_ PG| X &Y PO | %)
Pk, | %) .
Assuming a memoryless channel, (2.19) can be further written as
D)o ol 1 5 i i) | ol
P(x [ 2027 = 5 P [ ) P(x [ 27, (2.20)

with C=P(%| f(f’l) being a constant concerning indices i €Z. In practice, the constants®

C' is used to ensure Y P(x{" | &, %{7") =1, which results in C' = > P(xe| xPy - P
=4 fez

%471). The APPs in (2.20) include the channel transition probabilities P(%; | xé')) and the

so-called predictive a priori probabilities (prediction probabilities) P(xfp [ %67,

5In this thesis, the constant C' is always used to normalize the sum of all left-hand-side probabilities
of the equation to one, and it may have different values in different equations.



2.3.2. SD: A Posteriori Probabilities (APPs) 15

Channel Transition Probabilities

Note that from [Fingscheidt, 2008, Pflug and Fingscheidt, 2013a, Pflug, 2013], it is known
that regardless what functionalities being included in the equivalent channel (memoryless
or with memory), a memoryless channel is assumed by SD decoding. The channel transi-
tion probabilities (transition probabilities), which represent the probabilities of a received

)

bit combination X, given a probably transmitted bit combination x/ , are calculated by

M—-1

Pk, | x)") = [ Plac(m) | =)’ (m)), (2.21)

m=0

with #,(m) being the received hard-decided mth bit of X, and I?)(m) being a possibly
transmitted mth bit of x;), respectively. The conditional probability P(Z.(m) | xy)(m))
can be written as

. i 1= BER(m), if 2¢(m)=2{"(m),
P(&y(m) | 2 (m)) = o(m), e (m), 2.22
(Fe(m) [ 2" (m)) { BER/(m), else, (222)
with the bit error probability BER being obtained by [Hagenauer, 1995]
1
BER,(m) (2.23)

~ T+ exp(|L(E(m)))

Predictive A Priori Probabilities

The residual redundancy is exploited in terms of the a priori knowledge and further used
to compute the predictive a priori probabilities (prediction probabilities). Modeling the
quantized parameter as an Nth-order Markov process, an Nth-order a priori knowledge
is stored with 2¥(+1D words of memory. The choice of N is usually determined by
considering the tradeoffs between the complexity and the performance of the SD decoder,
as well as by the observed residual redundancy [Fingscheidt and Vary, 2001]. If the
corresponding complexity is acceptable for an SD decoder, the SD decoding performance
can be better improved with a higher Markov process order N, since more redundancy is
exploited (see (2.12)).

The prediction probabilities P(xéi) | %71 imply a possibly transmitted bit combination

xy’% given the past received bit combinations X.~! from frame 1 to £—1.

Modeling the quantized parameter as a zeroth-order Markov process, the prediction
probability is simply

P(x{” | %{7") = P(x"). (2.24)

According to the chain rule, the prediction probability of the first-order Markov process
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can be derived as follows [Fingscheidt7 1998, Fingscheidt, 2008]:

P(x) | %) = Y P(x x| %0, %07?)
JET
ZP x[ ,xf 1 X1, x{ )
= (2.25)
P(%e_1,%(7)
5SRO xRl xR 57,
jeT

In addition, due to the high complexity using AK1 for digital audio samples quantized
with 16 bits per sample [Pflug and Fingscheidt, 2011b] or uncoded high quality speech
signals with M > 16 bits [Pflug and Fingscheidt, 2012], the prediction probabilities can
also be obtained based on higher-order adaptive prediction using the normalized least-
mean-squares (NLMS) algorithm.

A Posteriori Probabilities (APPs)

Typically, the APPs with AKO and AK1 are used. According to (2.24), the APP in (2.20)
with AKO turns out to be

i . 1 . i i
Plx) | 0. %7) = 5Pl | %) - P(x()). (2:26)
Moreover, applying (2.25) to (2.20), the APP with AK1 becomes
. 1 N i
Pl | %0 %07 = 5Pl | ) PO |x7) Py [ R 7%, (227)
JET

with P(x; 1 | %01, %72) being the APP from the previous frame.

Note that the APP with AK1 can also be derived directly as [Fingscheidt and Vary,
2001]:

ZP xélx;g f(i 1)

P(x{ | %, %) = = -
P(%,, %) (2.28)
1
=5 P(%e | x(") - S P(x! ) P, | %omq, %072,
JET

Forward-Backward Algorithm (BCJR Algorithm)

Using AK1, the APP calculation in (2.27) is a forward recursion only considering the
past information. Taking also the future information into account, assuming a block of
B consecutive parameters (Le., £ € {1,2,...,B}), the APPs with AK1 can be calculated
by the forward-backward algorithm (BCJ R algorithm) [Bahl et al., 1974]:

1) = (i) - Be(i) A
’ S aulf) ’

fez

(2.29)
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with a(i) = P(%¢, x") being calculated in the forward recursion and (i) = P(xZ, | )
being computed in a backward recursion, respectively.

The forward recursion is processed as

aeli) = Pl | %) - P | xi21) - (i), (2:30)
jez
with the initial value a;(i) = P(X; | x{y. P(x(li))A In (2.30), P(x?) | xé@l) is the AK1
term, and P(%X, | xgl)) denotes the channel transition probabilities based on (2.21).

The backward recursion can be derived by

Beli) = S Py 1 x) - P(Resr | x(0) - B (), (2.31)

hel
with the initial value 8p(i) = 1.

Note that the AK1 term is required by the forward-backward algorithm. If the AK1
term P(xgi)l | xfgi)) is replaced by the AKO term P(XEZTI)7 the BCJR algorithm turns out
reduce to only the forward recursion, due to the fact that the backward probability 5(i)
is then independent of ¢ (i.e., B(7) is then the same for all ¢ € 7 at frame ¢). Considering
Be(i) as a constant, B(¢) is canceled out in the numerator and denominator in (2.29),
with only the forward probability a,(i) being taken into account, which leads to the APP
calculation (2.26).

2.3.3 SD: Parameter Estimation

As shown in Fig. 2.6, after the calculation of the APPs, an estimation of the parameter is
performed. According to the corresponding quantization codebook, the parameter can be
estimated either by minimum mean-square error (MMSE) estimation [Melsa and Cohn,
1978]:

=3 u P | %, %071, (2.32)

=

with 4 being the quantization codebook entry for quantization index 7, or by maximum
a posteriori (MAP) estimation:

e = ™™ with " = arg max P(x\” | &, %{71). (2.33)

2.4 Summary

Some general aspects of source parameter encoding and decoding are introduced in this
chapter. The modeling of unquantized codec parameters is often based on an autore-
gressive (AR) process. The source parameters are quantized for transmission and storage
purposes. Three categories of quantization approaches are differentiated. The quantized
parameters can be modeled as a Markov process, with the statistical description of the
Markov process being given by the a priori knowledge. Utilizing the a priori knowledge
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and the bit-wise channel reliability information, the soft-decision (SD) decoding approach
can offer a better robustness of the source decoder than using hard-decision (HD) de-
coding. This is done by performing an a posteriori probability (APP) calculation and a
parameter estimation. The SD decoding approach depicted in this chapter will be applied
to the Adaptive Multi-Rate Narrowband (AMR-NB) and AMR Wideband (AMR-WB)
speech codecs in Chapter 3.



Chapter 3

Improving AMR Narrowband and
Wideband by Fixed-Length
Soft-Decision Decoding

A good speech quality is desired for error-prone transmission conditions in mobile com-
munications. The fixed-length soft-decision (FL/SD) source decoding presented in Sec-
tion 2.3 can be advantageously applied to mobile communications. In this chapter, the
FL/SD decoding scheme is applied to the Adaptive Multi-Rate Narrowband (AMR-NB)
and AMR Wideband (AMR-WB) speech decoders. Section 3.1 introduces the standard
AMR speech coding including an analysis of the encoding and decoding in AMR-NB and
AMR-WB. The standard error concealment proposed in 3GPP Technical Specifications
TS 26.091 and TS 26.191 is described in Section 3.2. In Section 3.3, the application of
FL/SD decoding to codec parameters is described in detail and followed by comparing the
computational complexity of all proposed SD decoding algorithms. Finally, the simulation
setup and simulation results are presented and discussed in Section 3.4.

3.1 AMR Speech Coding

Different to narrowband speech communication with speech frequencies in the range of
300. . .3400 Hz, wideband speech communication covering frequencies range of 50. ..7000 Hz
offers a better speech quality and intelligibility. The Adaptive Multi-Rate Narrowband
(AMR-NB) [3GPP, 1999a] and AMR Wideband (AMR-WB) [3GPP, 2001b] are two
speech codecs applied to Global System for Mobile Communications (GSM), Universal
Mobile Telecommunications System (UMTS), and Long-Term Evolution (LTE) [Nokia,
2015]. A flexible network-controlled rate operation is allowed for AMR-NB and AMR-WB
to select the best operation mode to meet the channel requirements. Both AMR-NB and
AMR-WB employ the widely used speech coding scheme algebraic code excited linear
prediction (ACELP) coding. In this section, the analysis of the encoding, decoding, and
the codec parameters in the AMR-NB and AMR-WB speech codecs is presented.

19
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Figure 3.1: The block diagram of the AMR-NB encoder; the split matrix quantization
(SMQ) is specific to the 12.2 kbps mode [Tian, 2015].

3.1.1 AMR Narrowband

The AMR-NB speech codec has been standardized as 3GPP Technical Specification T'S
26.090 with a sampling rate of 8 kHz and eight modes varying bit rates from 4.75 kbps
to 12.2 kbps [3GPP, 1999a]. The widely used 12.2 kbps mode is compatible with the
GSM Enhanced Fullrate (EFR) speech codec and is therefore focused in this thesis. The
AMR-NB encoding and decoding in [3GPP, 1999a] is briefly described as follows.

AMR-NB Encoding

The block diagram of the AMR-NB encoder operating at 12.2 kbps mode is depicted in
Fig.3.1. In each frame, a block of 160 speech samples (20 ms per frame) with 13-bit
uniform pulse code modulation (PCM) format is transformed to a block of bit stream
with 244 bits. Based on the ACELP coding model, an analysis of speech input sam-
ples is first performed to extract parameters: two sets of line spectral frequencies (LSFs)
for each frame; the adaptive code book index (pitch delay), the adaptive codebook gain
(pitch gain), the fixed codebook gain, and the fixed codebook index for each subframe.
Via a corresponding quantizer/lookup table, the parameters are represented by the as-
sociated quantization codebook/lookup table indices. After bit mapping (BM), the bit
combinations of all the codec parameters are finally multiplexed and transmitted.

AMR-NB Decoding

Fig. 3.2 shows the block diagram of the AMR-NB decoder. The received bit stream is
first demultiplexed to bit combinations of the corresponding codec parameters. With
inverse bit mapping (BM~!) and a corresponding quantization codebook/lookup table,
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Figure 3.2: The block diagram of the AMR-NB decoder [Tian, 2015].

the bit combinations are transformed to codec parameters, which are finally synthesized
to speech output samples. The analysis of each parameter [3GPP, 1999a] is elaborated in
the following.

Line Spectral Frequencies (LSFs)

For the 12.2 kbps mode, the linear prediction (LP) analysis is performed twice per frame,
which leads to 20 LP filter coefficients. For the purpose of quantization and interpola-
tion, the two sets of LP coefficients are transformed to the LSF representation. Using a
first-order moving-average (MA) predictor, the two residual LSF vectors, which are cal-
culated by subtracting the predicted LSF vector from the mean-removed LSF vectors, are
jointly quantized employing split matrix quantization (SMQ). The matrix consisting of
two residual LSF vectors is split into 5 submatrices of 4 (2 x 2) entries, with two elements
from each LSF residual vector. The 5 LSF submatrices are (vector) quantized with 7, 8,
8+1 (sign bit), 8, and 6 bits, respectively.

Adaptive Codebook Index (Pitch Delay)

The adaptive codebook search and fixed codebook search are performed on a subframe
basis. The parameters of the adaptive codebook include the adaptive codebook index
(pitch delay) and the adaptive codebook gain. A number of fractional values in the range
of [172,942] with the resolution being §, and integers in the range of [95, 143] is used
for the pitch delay in odd subframes and encoded with 9 bits. For even subframes, the
relative delay of the previous odd subframe is encoded with 6 bits and in the range of
[Ty —8,T1 + 7%] with a resolution of %‘ Herein, 77 is the nearest integer to the pitch delay
from the previous (odd) subframe.
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Track | Pulse indices Pulse positions
1 0,5 0,5,10,15,20,25,30,35
2 1.6 1,6,11,16,21,26,31,36
3 2,7 2,7,12,17,22,27,32,37
4 3.8 3,8,13,18,23,28,33,38
5 49 4,9,14,19,24,29.34,39

Table 3.1: Potential (non-zero) pulse positions for the fixed (algebraic) codebook in AMR-
NB with 12.20 kbps mode [3GPP, 1999a].

Adaptive Codebook and Fixed Codebook Gains

The adaptive codebook gain is quantized by a 4-bit non-uniform scalar quantizer. A
fourth-order MA prediction is used for the quantization of the fixed codebook gain. The
correction factor which is the ratio between the (true) fixed codebook gain and the esti-
mated gain is actually quantized by a 5-bit quantization codebook.

Fixed Codebook Index

In the ACELP coding model, an algebraic codebook is used as the fixed codebook, which
has all-zero codevectors except a few non-zero pulses with the amplitude being +1 or —1.
The 8 kHz sampling frequency leads to 40 samples per subframe. As shown in Tab. 3.1,
the 40 positions are divided into 5 tracks of interleaved positions, with 2 non-zero pulses in
each track (a total of 10 non-zero pulses). This algebraic structure of the fixed codebook
requires no codebook storage (i.e., no lookup tables for the codebook vectors). Each pulse
position in one track is encoded with 3 bits and an additional 1 bit is needed to represent
the sign of the first pulse. An opposite sign is recognized if the second pulse position is
smaller than the first pulse position, while the same sign is determined if the second pulse
position is larger. Therefore, a total of 35 bits are used for encoding the fixed (algebraic)
codebook index.

Bit Allocation Table

The bit allocation of the 20-ms frame in AMR-NB with 12.2 kbps mode is shown in
Tab. 3.2.

3.1.2 AMR Wideband

In 2001, AMR-WB was standardized as 3GPP Technical Specification TS 26.190 with 16
kHz sampling rate and nine operating bit rates ranging from 6.6 kbps to 23.85 kbps [3GPP,
2001b]. Because of the ACELP coding scheme, the encoder and decoder in AMR-WB
are similar to those in AMR-NB. Therefore, Figs. 3.1 and 3.2 can also be referenced for
the block diagram of the encoder and decoder in AMR-WB. Without too much loss of
generality, the investigation in this thesis focuses on the widely-used 12.65 kbps mode,
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First Second Third Fourth Total
Parameters

subframe| subframe| subframe| subframe per

frame
2 LSP sets 38
Pitch delay 9 6 9 6 30
Adaptive codebook gain 4 4 4 4 16
Fixed codebook index 35 35 35 35 140
Fixed codebook gain 5 5 5 5 20
Total 244

Table 3.2: Bit allocation table of one frame for AMR-NB operating at 12.2 kbps
mode [3GPP, 1999a].

with 253 bits in each frame. The AMR-WB encoding and decoding processes in [3GPP,
2001b] are listed below.

AMR-WB Encoding

In the AMR-WB encoder, a block of 320 speech samples (16-bit linear encoded PCM
format) corresponding to a 20-ms frame with four subframes is analyzed to extract various
parameters: a voice activity detector (VAD) flag and the immittance spectral frequencies
(ISFs) for each frame; an LTP filtering flag, the adaptive codebook index (pitch delay),
the fixed (algebraic) codebook index, the VQ gain for each subframe. The analysis of
these parameters is performed at 12.8 kHz sampling rate, which leads to 64 samples in
each subframe.

AMR-WB Decoding

The decoding process is similar to the one in AMR-NB. The reconstructed speech samples
are finally upsampled to 16 kHz. In the following, the relevant codec parameters are
analyzed.

Immittance Spectral Frequencies (ISFs)

In the frequency domain, a number of 16 LP filter coefficients is first transformed to ISFs
for quantization and interpolation purposes. Thereafter, applying a first-order moving-
average prediction, the residual ISF vector is quantized by a combination of split vector
quantization (SVQ) and multistage vector quantization (MSVQ). The residual ISF vector,
which is the difference between the mean-removed ISF vector and the predicted residual
vector, is first split into two subvectors of 9 and 7 dimensions, with each subvector being
quantized in two stages. Both subvectors are quantized with 8 bits in the first stage. In
the second stage, for the operation at 12.65 kbps, the quantization error vectors are split
into three subvectors (each with 3 dimensions and 6 bits, 7 bits, and 7 bits, respectively)
and two subvectors (3 and 4 dimensions, both with 5 bits), respectively.
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First Second Third Fourth Total
Parameters
subframe| subframe| subframe| subframe per
frame
VAD flag 1
ISFs 46
LTP-filtering flag 1 1 1 1 4
Pitch delay 9 6 9 6 30
Fixed codebook index 36 36 36 36 144
VQ gain 7 7 7 7 28
Total 253

Table 3.3: Bit allocation table of one frame for AMR-WB operating at 12.65 kbps
mode [3GPP, 2001b].

Adaptive Codebook Index (Pitch Delay)

For the AMR-WB 12.65 kbps mode, the pitch delays are encoded with 9bits and 6 bits
for odd and even subframes, respectively. For the pitch delay in the odd (first and third)
subframes, a total number of 512 pitch delays include fractional values with an interval
of 1 in the range of [34,1273], an interval of § in the range of [128,1591], and integers in
the range of [160,231]. Just as in AMR-NB, the relative difference to the previous odd
subframe is 6-bit encoded in the even subframes. The pitch delay with an interval of % is
in the range of [T7 — 8,7} + 7%], with 7} being the nearest integer to the pitch delay of
the previous subframe.

Vector-Quantized Codebook Gain (VQ Gain)

The adaptive codebook gain and correction factor are two-dimensional vector-quantized
using a 7-bit codebook in each subframe, with the correction factor being the ratio between
the true fixed codebook gain and an estimated fixed codebook gain.

Fixed Codebook Index

Similar to AMR-NB, in each subframe, the 64 pulse positions (representing the fixed
codebook indices) are predefined and divided into 4 tracks. For the 12.65 kbps mode, the
codevectors include 8 non-zero pulses, with 2 pulses in each track. Each pulse position
is encoded with 4 bits, which results in a number of 36 bits being used for the fixed
(algebraic) codebook index.

Bit Allocation Table

The bit allocation of 20-ms frame for the AMR-WB operating at 12.65 kbps mode is listed
in Tab. 3.3.
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3.2 Standard Error Concealment in AMR

In 3GPP Technical Specifications TS 26.091 [3GPP, 1999b] and TS 26.191 [3GPP, 2001a],
the error concealment techniques are based on a bad frame indicator (BFI), which is used
to mark the frame either as bad/lost (BFI=1), or good (BFI=0). Once a bad/lost frame
is indicated (BFI=1), a substitution is performed either using repetition or extrapolation
of the previous good frames. In this section, the standard error concealment in AMR-NB
and AMR-WB from [3GPP, 1999b] and [3GPP, 2001a] is described in brief.

3.2.1 AMR Narrowband

For the error concealment in AMR-NB, the LSFs are based on the values of the previous
frame and a (predefined) average LSF vector. The pitch delays are replaced by the values
from the fourth subframe of the previous frame. The adaptive and fixed codebook gains
are replaced by attenuating the values from the previous subframes. The substitution
thereby gradually results in muting. Moreover, the fixed (algebraic) codebook indices are
used as they are received even in a bad frame, while they are randomly chosen (in the
range of [-1, +1]) when no data at all is received.

In addition, if the BFI of the current received frame is set to 0 (error-free) but BFI is
equal to 1 for the previous received frame, the adaptive and fixed codebook gains of the
current frame are taken from the last good subframe at times.

3.2.2 AMR Wideband

Two frame types: SPEECH BAD for an erroncous frame and SPEECH_LOST for a lost frame
are distinguished for the error concealment of pitch delays, VQ gains, and fixed (alge-
braic) codebook indices in AMR-WB. Therefore, if BFI is set to one, different ways of
substitution will be applied for the erroneous or lost case. For the SPEECH_BAD case, the
pitch delays are just taken as the current received at times, while they are taken from the
previous good frame at times when SPEECH_LOST is set. The fixed (algebraic) codebook
indices are used as they are received once SPEECH_BAD is set, while being randomly chosen
for the SPEECH LOST case.

Moreover, for the case of BFI=0 at the current received frame and BFI=1 at the
previous frame, the fixed codebook gains are based on the values from the last good
subframe at times. Accordingly, the reliability of a frame (error-free, erroneous, or lost)
is distinguished only by the value of the BFI.

3.3 New AMR Parameter Soft-Decision Decoding

Instead of using a BFI, SD decoding adopting bit-wise channel reliability information
can offer better speech quality. Utilizing soft information, the performance of AMR-
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Parametors LSF submatrices (index i) | Pitch delays Adaptive Fixed
1 2 3 4 5 odd  even | codebook gains | codebook gains
ARy (bits) | 1.78 1.14 097 0.84 1.34 | 0.54 0.90 0.34 0.63
AR, (bits) | 0.40 0.79 0.89 0.53 0.39 | .39  0.40 0.18 0.59
AR (bits) | 2.18 1.93 1.86 1.37 1.72|1.93 1.30 0.52 1.22

Table 3.4: Contributions to residual redundancy AR of parameters LSFs (interframe
redundancy), pitch delays, adaptive and fixed codebook gains in AMR-NB: ARy being
the wtilizable, distribution-dependent residual redundancy (equation (2.10)), and AR,
being the utilizable, correlation-dependent residual redundancy (equation (2.11)).

LSF LSF LSF
submatrix submatrix submatrix
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Figure 3.3: Exploiting interframe and intraframe redundancy of LSF submatrices in terms
of AK1 a priori knowledge.

NB and AMR-WB has been improved in [Lahouti and Khandani, 2007, Othman et al.,
2007, Othman et al., 2009]. However, not all important codec parameters have been
improved by utilizing soft information. In this section, a more robust AMR-NB or AMR-
WB decoding is proposed by applying the SD decoding in Section 2.3 to the relevant
codec parameters in AMR-NB and AMR-WB. Additionally, approaches exploiting both
interframe and intraframe residual redundancy of the parameters LSFs and ISFs are also
proposed and further implemented in the AMR-NB and AMR-WB decoders. Finally, the
computational complexity is discussed.

3.3.1 AMR Narrowband

In this section, the application of the SD decoding to the AMR-NB codec parameters LSFs,
pitch delays, adaptive and fixed codebook gains is elaborated. Modeling the correspond-
ing quantized parameters as zeroth-order and first-order Markov processes, the residual
redundancy based on (2.9) and (2.11) in Section 2.1.3 for each parameter is depicted in
Tab. 3.4. Note that the interframe redundancy for LSFs is considered in Tab. 3.4.
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LSF n=1 n=2 =3 n=4
submatrices =2 n=3 n=4 n=5|n=3 n=4 n=5|n=4 n=5|n=5
ARcingra (bits) | 059 029 019 0.20 | 0.67 0.38 0.26 | 0.64 029 | 0.37

Table 3.5: Intraframe residual redundancy between two LSF submatrices  and 7.

Line Spectral Frequencies (LSFs)

(1) Eaploiting Interframe Residual Redundancy

The 5 LSF submatrices LSF, at frame ¢ are quantized with 7, 8, 8+1, 8, and 6
bits, with n € {1,2,...,5} being the LSF submatrix index. As shown in Fig. 3.3, the
black filled circle (n = 3) represents the current LSF submatrix index 1. A number of
128, 256, 512, 256, and 64 a posteriori probabilities (APPs) can be obtained respectively.
Performing the APP calculations for all 5 submatrices in parallel, (2.26) and (2.27) are
calculated five times in each frame with an effective number of bits M, € {7,8,9,8,6},
respectively. Note that for the submatrix 3 with 8 bits plus one sign bit, a number
of 512 (2%) APPs is computed, adopting a codebook with a number of 512 codebook
entries (i.e., 256 positive and their corresponding negative values). Fig. 3.3(a) depicts the
exploitation of the interframe residual redundancy of LSF submatrix in terms of first-order
a priori knowledge (AK1).

(2) Euxploiting Inter- and Intraframe Residual Redundancy

Considering the correlation between different LSF submatrices, in analogy to (2.11),
not only the interframe but also the intraframe residual redundancy of LSF submatrices
can be observed by

A1—‘20,intra = H(XZJ]) - H(Xl,n ‘ Xl,ﬁ)v (31)

with 77 being the other LSF submatrix indices, excluding 7. The AR . results are
depicted in Tab.3.5. Two approaches can be derived for exploiting both inter- and in-
traframe redundancy.

(2a) Approach 1: Exploiting Interframe Redundancy and Intraframe Redundancy of Only
Adjacent LSF Submatrices

The interframe redundancy and the intraframe redundancy of only adjacent LSF sub-
matrices are taken into account in Approach 1 (see Fig.3.3(b)). The APPs become a prob-
ably transmitted bit combination x% given the past received bit combinations from frame
1 to ¢ of three LSF submatrices (the current calculated 7 and two adjacent n — 1,7+ 1),
and satisfy (see Appendix A)
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with the term P(x, i | %4 ,]l,xf o LRE 1) being the APPs from the previous frame

¢ — 1 for LSF submatrix 7 and the terms P (%, | xé,jn)il),P(f(g,,]H | ngn)ﬂ) being the
transition probabilities calculated from (2.21), and f, j, h being the M,-, M, -, and
M,,1-bit quantization indices for LSF submatrix 1, n — 1, n + 1, respectively.

From Fig.3.3(b) and (3.2), it ca11 be seen that the interframe redundancy in terms of
the a priori know ledge P(x[) | xﬁ ) and the intraframe redundancy in terms of the a

priori knowledge P(x[ 7| Xz ,,) w1th 7€ {n—1,n+ 1}, are exploited in Approach 1.

(2b) Approach 2: Ezxploiting Interframe Redundancy and Intraframe Redundancy of Both
Adjacent and Non-Adjacent LSF Submatrices

Different to Approach 1, the intraframe redundancy of both adjacent and non-adjacent
LSF submatrices is considered in Approach 2, as shown in Fig.3.3(c). According to the
chain rule, taking =3 as an example!, the APPs representing a possible transmitted bit

(1)

combination ;) given the past received bit combinations (X{, ,,%{, 1, %{ %[, 1, %], o)

from frame 1 to £ of all the five LSF submatrices can be calculated by (see Appendix A)

1 N n
(Xﬁn|x1n 2 X1n 1 an Xf D Xf n+2) W‘P(Xgmxfn)
P(Xl,n)
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(3.3)

Note that the term P(xz o1 Xi,) with ) € {1,2,3,4,5} is actually the APP calculation
(2.27) only using interframe redundancy. From Fig.3.3(c) and (3.3), it can be seen that

!Note that the LSF submatrix index 1 = 3 is taken as an example to describe the equations in this
thesis, the other values of 7 can be easily derived.
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Figure 3.4: The process of the APP calculation for the pitch delay.

the interframe redundancy in terms of the a priori knowledge P(x, z) | x 1) for all
five LSF submatrices and the intraframe redundancy in terms of the a priori knowlodgo
P(x% | X%) is exploited in Approach 2, with 7j € {n —2,n— 1,7+ 1,7+ 2}.

Finally, based on (2.26), (2.27), (3.2), or (3.3), each LSF submatrix can be estimated
by an minimum mean-square error (MMSE) estimator (2.32), with the respective M,-bit
quantization codebook.

Adaptive Codebook Index (Pitch Delay)

The pitch delay requires 512 and 64 APPs for 9 bit and 6 bit coded odd and even sub-
frames, respectively. The relative difference to the previous odd subframe is actually en-
coded in the even subframe. Therefore, for the left-hand-side APP calculation with AK1
in (2.27) of both odd and even subframes, the right-hand-side past APP term in (2.27)
should always be taken from the previous odd subframe. Similar to the work in [Han
et al., 2013], Fig. 3.4 shows the APP calculation of pitch delay for odd subframes and even
subframes. The APP calculation of odd subframes (A=1,3,5,...) can be performed by
(recursion as (2.27)!):

511

1
P(x}) | %y, &)%) = Pl x{ ZP D1x0,) - PxPy | Rao, X171, (3.4)
with X, being the current received bit combination of the odd subframe at global subframe
index A and 7 € {0,1,...,511}.

Differently, the APP calculation of even subframes (A = 2,4,6,...) (no recursion!)
turns out to be:

1 R i 511 : R L
PON 19057 = 5 PE [ y0) - X PO [0 - Pely [ %0279, (35)
=0
with i € {0,1,...,63}, ¥, being the current received bit combination of the even subframe

at the global subframe index A, and x,_; being the bit combination of the previous odd
subframe at the global subframe index A—1. Note that the right-hand-side APP term
in (3.5) is exactly the same as the left-hand-side APP term in (3.4) at the last subframe
A—1.

Accordingly, the training process is different for the odd and even subframes. As
shown in Fig. 3.5, the AK1 term P(xéz) \ X§J_)1) should be obtained separately for odd and



3. Improving AMR Narrowband and Wideband by Fixed-Length

30 Soft-Decision Decoding
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Figure 3.5: Training process of the a priori knowledge for the pitch delay: Generation of
AK1 matrix for odd (a) and even (b) subframes [Han et al., 2013].

even subframes: For the calculation of the 512x512 AK1 matrix for odd subframes, the
odd subframes are counted in pairs (A = 1 and A = 3; A = 3 and A = 5; ...), while the
even subframes are counted in pairs (A = 1 and A = 2; A = 3 and A = 4; ...) for the
calculation of the 512x64 AK1 matrix for even subframes.

In addition, the residual redundancy for the even subframes can be obtained by AR, =
H(yy) = H(yx | xx-1), with o
H(yx [x0-1) = =3 30 POY,x7y) - logy Py [0 (3.6)
i=0 j=0
As can be seen in Tab.3.4, AR, for even subframes is very small due to the relative
coding of the delay. It is found that the maximum a posteriori (MAP) estimator (2.33)
is appropriate for the estimation of pitch delays.

Adaptive Codebook and Fixed Codebook Gains

For the 5-bit quantized correction factor of the fixed codebook gain and the 4-bit quantized
adaptive codebook gain, a number of 32 and 16 APPs from (2.26) or (2.27) is required,
respectively. The received correction factor and fixed codebook gain can be estimated by
an MMSE estimator from (2.32), with M = 5 and M = 4, respectively.

Complexity Evaluation

The computational complexity of APP calculations (2.26), (2.27), (3.2), and (3.3) for a
specific LSF submatrix 7 is discussed in this section, since the other parameters share the
same APP calculation equations (2.26) and (2.27), but just replace the quantization bit
rate M. Considering the multiplications (without the multiplication with the normaliza-
tion constant %), the number of necessary arithmetic operations?, the ROM? requirements

2As in (3.2) and (3.3), 7 = 3 is taken as an example here, the other values can be obtained straight-
forwardly.
3read-only memory
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Eauation Arithmetic ROM requirements | RAM requirements
d operations (words) (words)
(226) 2M,7 2M,7 2Mn
(227) 2]\1,7 . (2]\1,7 + 1) 22]\1,7 2. 2A'1n
(3 2) 2Mn ) (2“‘”71 + 21\% ) (2‘“’#1 + 21&% + 21’%,#1 +

. 21\/17F1 + 2]\'17#1 + 3) QNI,, + 2M,,H> 21”,, + 2]\1,?“
2Mn . (2Mr 41 4
2]\/I,ﬁz . <2D1,ﬁ2 +1+ 21\1” + 221\/1,7,2 +
1) + 2Mm1 . 22Mn—1 4 92Mni1 4 ) )
) ) 2. (2Mr2 4 oM
(33) (QM’H +1+ 1) + 22M”+2 + 2‘”" . 21L1n<+ 21\1,,“ +2Mm2)
Mt L (2Mnt1 ] 4 | (22Ma-2 4 22Mno1 4
1) + 2Mn+2 . (21%%2 + 22Mn+l + 221\47&2)
1+1)+5)

Table 3.6: The number of the arithmetic operations, ROM requirements, and RAM re-
quirements in AMR-NB.

(for the a priori probabilities), and the RAM? requirements are listed in Tab. 3.6.

Note that the number of arithmetic operations in (3.3) also considers the APP calcu-
lation based on (2.27), which finally results in a number of 27 . (2M7 42 4 (2Mn2 4 1) 4
(2Mr1 4-1)2 4 (2Mn 4 1)2  (2Mw2 4-1)2) arithmetic operations. The AMR-NB codec with
a frame length of 20 ms results in a number of 50 frames per second. Therefore, given a
specific LSF submatrix n = 3 