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Intellectual Property Rights

IPRs essential or potentially essential to the present document may have been declared to ETSI. The information
pertaining to these essential IPRs, if any, is publicly available for ETSI member s and non-member s, and can be found
in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to ETS in
respect of ETS standards', which is available from the ETS| Secretariat. Latest updates are available on the ETSI Web
server (http://webapp.etsi.org/| PR/home.asp).

Pursuant to the ETSI IPR Palicy, no investigation, including I PR searches, has been carried out by ETSI. No guarantee
can be given as to the existence of other IPRs not referenced in ETSI SR 000 314 (or the updates on the ETSI Web
server) which are, or may be, or may become, essential to the present document.

Foreword

ThisETSI Standard (ES) has been produced by ETSI Technical Committee Speech Processing, Transmission and
Quality Aspects (STQ), and is now submitted for the ETSI standards Membership Approval Procedure.

Introduction

The performance of speech recognition systems receiving speech that has been transmitted over mobile channels can be
significantly degraded when compared to using an unmodified signal. The degradations are as a result of both the low
bit rate speech coding and channel transmission errors. A Distributed Speech Recognition (DSR) system overcomes
these problems by eliminating the speech channel and instead using an error protected data channel to send a
parameterized representation of the speech, which is suitable for recognition. The processing is distributed between the
terminal and the network. The terminal performs the feature parameter extraction, or the front-end of the speech
recognition system. These features are transmitted over a data channel to aremote "back-end" recognizer. The end
result is that the transmission channel does not affect the recognition system performance and channel invariability is
achieved. ES 201 108 [1] specifies the mel-cepstrum Front-End (FE) to ensure compatibility between the terminal and
the remote recogni zer.

For some applications, it may be necessary to reconstruct the speech waveform at the back-end. Examples include:

. Interactive Voice Response (1VR) services based on the DSR of "sensitive" information, such as banking and
brokerage transactions. DSR features may be stored for future human verification purposes or to satisfy legal
requirements.

. Human verification of utterancesin a speech database collected from a deployed DSR system. This database
can then be used to retrain and tune models in order to improve system performance.

. Applications where machine and human recognition are mixed (e.g. human assisted dictation).

In order to enable the reconstruction of speech waveform at the back-end, additional parameters such as fundamental
frequency (FO) and voicing class need to be extracted at the front-end, compressed, and transmitted. The availability of
tonal parameters (FO and voicing class) is also useful in enhancing the recognition accuracy of tonal languages,

e.g. Mandarin, Cantonese, and Thai.

The present document specifies a proposed standard for an Extended Front-End (XFE) that extends the Mel-Cepstrum
front-end with additional parameters, viz., fundamental frequency FO and voicing class. It aso specifies the back-end
speech reconstruction a gorithm using the transmitted parameters.

ETSI
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1 Scope

The present document specifies algorithms for extended front-end feature extraction, their transmission, back-end pitch
tracking and smoothing, and back-end speech reconstruction which form part of a system for distributed speech
recognition. The specification covers the following components:

a) theagorithm for front-end feature extraction to create Mel-Cepstrum parameters,

b) thealgorithm for extraction of additional parameters, viz., fundamental frequency FO and voicing class;
c) theagorithm to compress these featuresto provide alower data transmission rate;

d) theformatting of these features with error protection into a bitstream for transmission;

€) thedecoding of the bitstream to generate the front-end features at a receiver together with the associated
algorithms for channel error mitigation;

f)  theagorithm for pitch tracking and smoothing at the back-end to minimize pitch errors;
g) thealgorithm for speech reconstruction at the back-end to synthesize intelligible speech.

NOTE: The components (a), (c), (d), and (e) are aready covered by the ES 201 108 [1]. Besides these (four)
components, the present document covers the components (b), (f), and (g) to provide back-end speech
reconstruction and enhanced tonal language recognition capabilities. If these capabilities are not of
interest, the reader is better served by (un-extended) ES 201 108 [1].

The present document does not cover the "back-end" speech recognition algorithms that make use of the received DSR
front-end features.

The algorithms are defined in a mathematical form, pseudo-code, or as flow diagrams. Software implementing these
algorithms written in the 'C' programming language will be provided with the final published version of the present
document. Conformance tests are not specified as part of the standard. The recognition performance of proprietary
implementations of the standard can be compared with those obtained using the reference 'C' code on appropriate
speech databases.

Itis anticipated that the DSR bitstream will be used as a payload in other higher level protocols when deployed in
specific systems supporting DSR applications.

The Extended Front-End (XFE) standard incorporates tonal information, viz., fundamental frequency FO and voicing
class, as additional parameters. Thisinformation can be used for enhancing the recognition accuracy of tonal languages,
e.g. Mandarin, Cantonese, and Thai.

The Extended Front-End (XFE) standard incorporates V oice Activity information as part of the voicing class
information. This can be used for segmentation (or end-point detection) of the speech data for improved recognition
performance.

ETSI
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2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present
document.

* References are either specific (identified by date of publication and/or edition number or version number) or
non-specific.

» For aspecific reference, subsequent revisions do not apply.
» For anon-specific reference, the latest version applies.

Referenced documents which are not found to be publicly available in the expected location might be found at
http://docbox.etsi.org/Reference.

[1] ETSI ES 201 108: " Speech Processing, Transmission and Quality Aspects (STQ); Distributed
speech recognition; Front-end feature extraction algorithm; Compression algorithms’.

[2] ETSI EN 300 903: "Digita cellular telecommunications system (Phase 2+); Transmission
planning aspects of the speech service in the GSM Public Land Mobile Network (PLMN) system
(GSM 03.50)".

3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and definitions apply:

analog-to-digital conversion: electronic process in which a continuously variable (analog) signal is changed, without
altering its essential content, into a multi-level (digital) signal

DC offset: Direct Current (DC) component of the waveform signal
discrete cosine transform: process of transforming the log filterbank amplitudes into cepstral coefficients

fast Fourier transform: fast algorithm for performing the discrete Fourier transform to compute the spectrum
representation of atime-domain signal

feature compression: process of reducing the amount of data to represent the speech features calculated in feature
extraction

feature extraction: process of calculating a compact parametric representation of speech signal features which are
relevant for speech recognition

NOTE: Thefeature extraction processis carried out by the front-end algorithm.

feature vector: set of feature parameters (coefficients) calculated by the front-end algorithm over a segment of speech
waveform

framing: process of splitting the continuous stream of signal samples into segments of constant length to facilitate
blockwise processing of the signal

frame pair packet: combined data from two quantized feature vectors together with 4 bits of CRC
front-end: part of a speech recognition system which performs the process of feature extraction
magnitude spectrum: absolute-valued Fourier transform representation of the input signal
multiframe: grouping of multiple frame vectorsinto alarger data structure

mel-frequency war ping: process of non-linearly modifying the scale of the Fourier transform representation of the
spectrum
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mel-frequency cepstral coefficients. cepstral coefficients calculated from the mel-frequency warped Fourier transform
representation of the log magnitude spectrum

notch filtering: filtering process in which the otherwise flat frequency response of the filter has a sharp notch at a pre-
defined frequency

NOTE: Inthe present document, the notch is placed at the zero frequency, to remove the DC component of the
signal.

offset compensation: process of removing DC offset from a signal

pre-emphasis: filtering process in which the frequency response of the filter has emphasis at a given frequency range
NOTE: Inthe present document, the high-frequency range of the signal spectrum is pre-emphasized.

sampling rate: number of samples of an analog signal that are taken per second to represent it digitally

windowing: process of multiplying a waveform signal segment by a time window of given shape, to emphasize
pre-defined characteristics of the signal

zero padding: method of appending zero-valued samples to the end of a segment of speech samples for performing a
FFT operation

3.2 Symbols

For the purposes of the present document, the following symbols apply:

For feature extraction (clause 4):

bin, absolute value of complex-valued FFT output vector k
C ith cepstral coefficient

chin, Center frequency of theith Mel channel in terms of FFT bin indices
fbank, output of Mel filter for filter bank k

f, Center frequency of theith Mel channel

fi log filter bank output for the ith Mel channel

fg input signal sampling rate

fq fon fsa symbols for specific input signal sampling rates (8 kHz, 11 kHz, 16 kHz)
fotart starting frequency of Mdl filter bank

FFTL Length of FFT block

In( ) natural logarithm operation

logy( ) 10-base logarithm operation

M frame shift interval

Mel{ } Mel scaling operator

Mel Y } inverse Mel scaling operator

N frame length

round{ } operator for rounding towards nearest integer

S, input speech signal

Sy offset-free input speech signal

Sne speech signal after pre-emphasis operation

S, windowed speech signal

For compression (clause 5):

idx'**(m) codebook index
m framenumber
N L compression: size of the codebook

ETSI
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Q' compression codebook
ii+l ii+l
qi jth codevector in the codebook Q
i+l
w weight matrix
y(m) Feature vector with 14 components

For error mitigation:

badframeindex indicator if received VQ index is suspected to be received with transmission error
T, threshold on cepstral coefficient

3.3 Abbreviations

For the purposes of the present document, the following abbreviations apply:

ADC Analog-to-Digital Conversion

APM All-Pole spectral envelope Modelling
CLS ClLaSsification

COMB COMBIned magnitudes estimate calculation
CRC Cyclic Redundancy Code

CT™M Cepstra To Magnitudes transformation
DC Direct Current

DCT Discrete Cosine Transform

DSR Distributed Speech Recognition

EC Energy Computation

FE Front-End

FFT Fast Fourier Transform (only magnitude components)
HOC High Order Cepstra

HOCR High Order Cepstra Recovery

HSI Harmonic Structure Initialization

IVR Interactive V oice Response

LBND Low-Band Noise Detection

LOG nonlinear transformation

logE log-Energy measure computation

LSB Least Significant Bit

LSTD Line Spectrum to Time-Domain transformation
MF Mel-Filtering

MFCC Mer-Frequency Cepstral Coefficient
MSB Most Significant Bit

Offcom Offset compensation

OLA OverLap-Add

PE Pre-Emphasis

PF PostFiltering

PITCH PITCH estimation

PP Pre-Processing for pitch and class estimation
PTS Pitch Tracking and Smoothing

SFEQ Solving Front-EQuation

SNR Signal-to-Noise Ratio

SS Spectral Scores

STFT Short Time Fourier Transform

UPH Unvoiced PHase

VAD Voice Activity Detection

VPH Voiced PHase synthesis

VQ Vector Quantizer

W Windowing

XFE eXtended Front-End
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4 Front-end feature extraction algorithm

4.1 Introduction

This clause describes the distributed speech recognition front-end algorithm used to extract mel-cepstral coefficients,
fundamental frequency, and voicing class. The specification covers the computation of feature vectors from speech
waveforms sampled at different rates (8 kHz, 11 kHz and 16 kHz).

The feature vectors consist of 13 static cepstral coefficients, alog-energy coefficient, a pitch period, and a voicing class.

The feature extraction algorithm defined in this clause forms a generic part of the specification while clauses 4 to 6
define the feature compression and bit-stream formatting al gorithms which may be used in specific applications.

The characteristics of the input audio parts of a DSR terminal will have an effect on the resulting recognition
performance at the remote server. Developers of DSR speech recognition servers can assume that the DSR terminals
will operate within the ranges of characteristics as specified in EN 300 903 [2]. DSR terminal developers should be
aware that reduced recognition performance may be obtained if they operate outside the recommended tolerances.

4.2 Front-end algorithm description

4.2.1 Front-end block diagram
Figure 4.1 shows the different blocks of the front-end algorithm.

The details of the Analog-to-Digital Conversion (ADC) are not subject to the present document, but the block has been
included to account for the different sampling rates. The blocks Feature Compression and Bit Stream Formatting are
covered in clauses 4 to 6 of the present document.

Input
speech ,
—* ADC —* Offcom '+Fram|ngT PE —» W [—» FFT—‘> MF % LOG[—* DCT
EC s logE S
LL
LBND [* VAD =
s PP ‘J—> PITCH
1T F—a
CLS

Feature Compression

Bit Stream Formatting
Framing

;

To transmission channel

Figure 4.1: Block diagram of the front-end algorithm
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4.2.2  Analog-to-digital conversion

The specifics of the analog-to-digital conversion are not part of the present document. Different word-lengths can be
used depending on the application.

The output sampling rates of the ADC block are fg; = 8 kHz, f, = 11 kHz, and f = 16 kHz.

4.2.3 Offset compensation

Prior to the framing, a notch filtering operation is applied to the digital samples of the input speech signal S, to
remove their DC offset, producing the offset-free input signal S .

S (M) =8,(N) —5,(n=1) +0,999% 5, (n-1) (4.1)

The offset-free input signal S; isfed into the framing block, the pre-processing block for pitch and class estimation,

and the classification block.

4.2.4 Framing

The offset-free input signal S; is divided into overlapping frames of N samples. The frame shift interval (difference

between the starting points of consecutive frames) is M samples. The parameter M defines the number of frames per
unit time.

The specific values of N and M depend on the sampling rate according to table 4.1. The frame length is 25 msfor 8 and
16 kHz sampling rates, and 23,27 msfor 11 kHz.

Table 4.1: Values of frame length and frame shift interval depending
on the sampling rate

Sampling rate (kHz) f3=16 f,=11 f,=8
Frame length N (samples) 400 256 200
Shift interval M (samples) 160 110 80

4.2.5 Energy measure

The frame energy (E) and the logarithmic frame energy measure (logE) are computed after the offset compensation
filtering and framing for each frame:

E= isof 08 (4.29)

logE =In(E) (4.2b)
Here N isthe frame length and S; isthe offset-free input signal.

A floor is used in the energy calculation, which makes sure that the result for logE is not less than -50. The floor value
for E (lower limit for the argument of In) is approximately 2e-22.

The frame energy E is fed into the low-band noise detection block and the classification block. The logE value is fed
into the pitch estimation block.

4.2.6 Pre-Emphasis (PE)

A pre-emphasis filter is applied to the framed offset-free input signal:

Spe(n) = Sy (n) -097x St (n _1) (43)
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Here S; and Spedle the input and output of the pre-emphasis block, respectively.

4.2.7 Windowing (W)

A Hamming window of length N is applied to the output of the pre-emphasis block:

s.(n) = {0,54 —0,46x CO{ZIIT\I(n__ll)j} xS,(n), 1sn<N (4.4)

Here N is the frame length and Spe and §,, aretheinput and output of the windowing block, respectively. Thefirst

sample s, (1) of each windowed frame, which represents the average spectral value of the corresponding frame, is fed
into the pitch estimation block.

4.2.8 Fast Fourier Transform (FFT)

Each frame of N samplesis zero padded to form an extended frame of 256 samples for 8 kHz and 11 kHz sampling rate,
and 512 samplesfor 16 kHz. An FFT of length 256 or 512, respectively, is applied to compute the short-time Fourier
Transform as well as the power and magnitude spectra of the signal:

2T

stft, = > s, (n)e gaan , k=0,.,FFTL -1 (4.53)
pbin, = Re(stft, ) + Im(stft, )?; (4.5b)

bink :\/p?W' k=0.,..,FFTL-1 (4.5c)

Here s,(n) isthe input to the FFT block, FFTL isthe block length (256 or 512 samples), stft, isthe complex short-time
Fourier Transform, pbin, isthe power spectrum, and bin, isthe absolute value of stft, representing the magnitude
spectrum. Both ¢tft, and bin, are fed into the pitch estimation block. The magnitude spectrum bin, isfed into the
low-band noise detection block and the mel-filtering block.

NOTE: Dueto symmetry, only stfty rrriz, POiNg. rrrz, @nd bing ey /o are used for further processing.

4.2.9 Mel-Filtering (MF)

The low-frequency components of the magnitude spectrum are ignored. The useful frequency band lies between 64 Hz
and half of the actual sampling frequency. This band is divided into 23 channels equidistant in mel frequency domain.
Each channel has triangular-shaped frequency window. Consecutive channels are half-overlapping.

The choice of the starting frequency of the filter bank, g+ = 64 Hz, roughly corresponds to the case where the full

frequency band is divided into 24 channels and the first channel is discarded using any of the three possible sampling
frequencies.

The centre frequencies of the channelsin terms of FFT bin indices (chin; for the ith channel) are calculated as follows:

Mel{% = 2595><Ioglo(1+7goj, (4.69)
f = Mel'l{MeI{fga,,} o Me{f, /3 - Mef 1) i}, i=1..23 (4.60)
23+1

f
chbin = round{fq FFTL},

S

(4.6¢)

where round{}] stands for rounding towards the nearest integer.
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The output of the mel filter is the weighted sum of the FFT magnitude spectrum values (bin;) in each band. Triangular,
hal f-overlapped windowing is used as follows:

fbank, = > i

Ry _i-ching+1 L R () i-chin, |
—_— TP i1
i=eom._, Cbin, —cbin,_, +1 i=chin, +1

bin + - .

chin,,, —cbin, +1 4.7)
wherek =1, ..., 23, cbing and cbin,, denote the FFT bin indices corresponding to the starting frequency and half of the
sampling frequency, respectively:

cbin, = round{f?‘a” FFTL},

s (4.89)
cbin,, = round{fsflz FFTL} =FFTL/2.
s (4.8b)
The output of the mel filter is fed into the voice activity detector.
4.2.10 Non-linear transformation
The output of mel filtering is subjected to alogarithm function (natural logarithm).
f. =In(fbank;),i =1,..., 23 (4.9

The same flooring is applied as in the case of energy calculation, that is, the log filter bank outputs cannot be smaller
than -50.

4.2.11 Cepstral coefficients

13 cepstral coefficients are calculated from the output of the Non-linear Transformation block.

C =3 x in('—05) 0<i<12 (4.10)
i_Z; | XCOo >3 j=05),0<is<
<

4.2.12 Voice Activity Detection (VAD)

The input to the Voice Activity Detection (VAD) block is the mel-filter output fbank;, i = 1, ..., 23. The outputs of the

VAD block arethe vad_flag and hangover_flag. Thevad flag, if TRUE, indicates that the current frame is a speech
frame. The hangover_flag, if TRUE, indicates that the current frameislikely to be a speech frame because it follows a
speech segment. The operation of the VAD block is described bel ow with reference to figure 4.4.

In the following, we denote the mel-filter output for the mih frame and ith channel by F(m,i), and when the specific
channel is not important, the mel-filter output for the mth frame by F(m). Using these val ues as input, the channel
energy estimator provides a smoothed estimate of the channel energies asfollows:

Ec(m,i) = max{E min, & o, (M) Ech(M—=1,i) + (L— a4, (M))(A, F(m, i))z}; i=1,2,...,23 (4.11)

where Eg,(mii) isthe smoothed channel energy estimate for the mih frame and the ith channel, E,,; , is the minimum
alowable channel energy, {4;,i =1, 2, ... , 23} are the correction factors to compensate for the effect of the pre-
emphasis filter and the varying widths of the triangular weighting windows used in mel-filtering, and o ,(m) isthe
channel energy smoothing factor defined as:

a.(m) = 0,00; m=1 4.12)
o 0,45 m>1 '
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The minimum channel energy E,;,, is 5 000 for 8 kHz, 6 400 for 11 kHz, and 10 000 for 16 kHz sampling frequency
respectively. he value of the correction factor 4; is given by the ith value in the 23-element table:

{3,2811, 2,2510, 1,4051, 1,1038, 0,8867, 0,6487, 0,5482, 0,4163, 0,3234, 0,2820, 0,2505, 0,2036, 0,1680,
0,1397, 0,1179, 0,1080, 0,0931, 0,0763, 0,0674, 0,0636, 0,0546, 0,0478, 0,0046} for 8 kHz;

{4,1984, 2,6742, 1,9414, 1,5208, 1,0401, 0,8654, 0,7265, 0,4791, 0,4103, 0,3549, 0,2820, 0,2256, 0,1837,
0,1509, 0,1260, 0,1144, 0,0978, 0,0795, 0,0697, 0,0585, 0,0503, 0,0460, 0,0411} for 11 kHz; and

{36723, 2,4663, 1,8348, 1,2653, 0,8148, 0,6619, 0,4988, 0,3912, 0,3080, 0,2325, 0,1891, 0,1476, 0,1171,
0,0990, 0,0809, 0,0621, 0,0522, 0,0444, 0,0362, 0,0301, 0,0256, 0,0222, 0,0194} for 16 kHz.
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Figure 4.2: Block diagram of the Voice Activity Detection (VAD) algorithm
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From the channel energy estimate, the peak-to-average ratio for the current frame m, denoted by P2A(m) is estimated at
the peak-to-average ratio estimator as follows:

max(E, (m,i)|~,) (4.13)

23

A/ 23)_2 E, (M)

P2A(m) =10log,,

Similar to the channel energy estimate, the channel noise energy estimate (defined below) isinitialized as follows:
if ((ms< INIT_FRAMES) OR (fupdate_flag == TRUE))

if (P2A(M) < PEAK_TO AVE_THLD)
{

E (mi) = E, (mi); m=1 1<i<23
ne 0,7E,(m-1i)+0,3E,,(m,i); 2<m< INIT _FRAMES, 1<i<23
}
el se
{
E.(mi)=E,,;1<i<23
}
} (4.14)

where E,(m,i) is the smoothed noise energy estimate for the mth frame and the ith channel, INIT_FRAMESis the number

of initial frames which are assumed to be noise-only frames, and fupdate flag is the forced update flag defined later.
The value of INIT_FRAMES = 10, and that of PEAK_TO_AVE_THLD = 10,0. Initialy, fupdate flagis set to FALSE.

The channel energy estimate E.,(m) and the channel noise energy estimate E(m) are used to estimate the quantized
channel Signal-to-Noise Ratio (SNR) indices at the channel SNR estimator as:

o, (m,i) = max(0, min(89, round(lOIoglo[ I;Ch((r?ii)) j /0,375)));1s i<23 (4.15)

where the values { aq(m, i),i=1,2, ..., 23}are constrained to be between 0 and 89 both inclusive.

From the channel SNR estimate aq(m) for the current frame, the voice metric V(m) for the current frame is computed at
the voice metric calculator as the sum:

V(m) = f:v(aq (i) (4.16)

where v(K) is the kih value of the 90-element voice metric table v defined as: v={1,1,1,1,1,1,2,2,2,2,2,3,3,3,3,3,4,4,4,
5,5,5,6,6,7,7,7,8,8,9,9,10,10,11,12,12,13,13,14,15,15,16,17,17,18,19,20,20,21,22,23,24,24,25,26,27,28,28,29,30,31,32,
33,34,35,36,37,37,38,39,40,41,42,43,44,45,46,47,48,49,50,50,50,50,50,50,50,50,50,50} .

The channel energy estimate E,(m) is also used as input to the spectral deviation estimator, which estimates the
spectral deviation Ag(m) for the current frame as follows. First, the log energy spectrum is estimated as:

Ess(m,i) =10logio(Ecn(m,i));i=1,2,...,23 (4.17)

Next, the spectral deviation Ag(m) is estimated as the sum of the absol ute difference between the current log energy

spectrum and an average long-term log energy spectrum denoted by Eae (m), that is:

(4.18)

A (m) = _Zzs\EdB(m,i) - Eas(m,i)
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The average long-term log energy spectrum isinitialized as follows:
if (m<INIT_FRAMES) OR (fupdate flag == TRUE))
Eaw(m,i) = Eg(m,i); 1<i <23 (4.19)
The average long-term log energy spectrum is updated as follows:

0,9Eas(M,i) + 01E 5 (m,i); V(m) > SIG_THLD(m) (4.20)

Ew(m+1i) = {0,7Ed8(m’i) +0,3E,z(m,i); V(M) < SIG_THLD(m)

where the parameter SG_THLD(m) depends on the quantized signal SNR described next. Theinitial value of
SG_THLD is217.

The speech signal SNR is estimated at the signal SNR estimator as follows. First, the total noise energy of the current
frame E;,(m) is computed as the sum of the channel noise energies, that is:

E, (m) = i E.(m,i) (4.21)

Next, the instantaneous total signal energy Eg (M) is computed as follows:

if (V(m) > SG_THLD(m))
e (M) = 3 Max(E (M) E, (M)

else

Ets,inst (m) = Etn (m)1

end (4.22)
Initialization of Eig;,4(m) is performed as follows:
if ((mM< INNT_FRAMES) OR (fupdate_flag == TRUE))
Ewing(M) = INIT_SIG_ENRG; (4.23)
wherethe value of INIT_SG_ENRG = 1,0E+09 for 8 kHz, 1,67E+09 for 11 kHz, and 3,0E+09 for 16 kHz respectively.

Once the total instantaneous signal energy and the total noise energy are computed, the instantaneous signal-to-noise
ratio of the current frame denoted by SNR;,4(m) is computed as:

NR ¢ = Max(0,0, 10 IoglO(EtSmg(m) 1 B (m))) (4.24)
From the instantaneous SNR, the smoothed SNR is estimated as:
if ((m< INIT_FRAMES) OR (fupdate flag == TRUE))
SNR(M) = SNR nst (M) ;
el se

if (M(m > SIGTHLD(M)
{

SNR(m) = B SNR(m 1) + (1-f) SNRnst(m;
B = nin(p+0.003, H _BETA);

el se
£ = max(B0.003, LO BETA);
} (4.25)

The lower and upper limits of the smoothing factor S are respectively LO_BETA = 0,950 and HI_BETA = 0,998.
Initialy, the value of Bisset at LO_BETA. The signal SNR isthen quantized to 20 different values as:

SNRq(m) = max(0,min(round(SNR(m)/1,5),19)) (4.26)
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The quantized signal SNR is used to determine different threshold values. For example, the signal threshold for the next
frame SG_THLD(m+1) is determined using SNRq(m) as an index into the 20-element table { 36, 43, 52, 62, 73, 86, 101,

117, 134, 153, 173, 194, 217, 242, 268, 295, 295, 295, 295, 295} .

At this point, the voice metric V(m), the spectral deviation Ag(m), the peak-to-average ratio P2A(m), and the quantized
signal SNR SNRq(m) are input to an update decision determiner. The logic shown below in pseudo-code demonstrates

how the noise estimate update decision is made and also how a forced update decision is made (a forced update
mechanism allows the voice activity detector to recover from wrong classification of background noise as speech
whenever there is a sudden increase in background noise level).

First, the update threshold for the current frame UPDATE_THLD(m) is determined using SNR,(m) as an index into a
20-element table given by {31, 32, 33, 34, 35, 36, 37, 37, 37, 37, 37, 37, 37, 37, 37, 38, 38, 38, 38, 38}. The update
decision determination process begins by clearing the update flag (update_flag) and the forced update flag

(fupdate _flag). These flags are set if certain conditions are satisfied asillustrated by the pseudo-code below. Theinitial
value of update cntissetto 0.

update_fl ag = FALSE;

fupdate_flag = FALSE;

if ((m> INIT_FRAMES) AND (V(nm) < UPDATE THLD(n)) AND
(P2A(mM) < PEAK_TO AVE THLD)

update_fl ag = TRUE;
update_cnt = 0;

}

el se

{
if ((P2A(M) < PEAK_TO AVE_THLD) AND (Ag(m) < DEV_THLD))
{

update_cnt = update_cnt + 1;
if (update_cnt = UPDATE_CNT_THLD)
{

update_flag = TRUE;
fupdate_flag = TRUE;

} (4.27)

In order to avoid long term "creeping” of the update counter (update_cnt) setting the forced update flag (fupdate_flag)
falsely in the above pseudo-code, an hysteresislogic isimplemented as shown below. Initial values of last_update _cnt
and hyster_cnt are set to 0.

if (update_cnt == |l ast_update_cnt)
hyster_cnt = hyster_cnt + 1;
el se

hyster_cnt = 0;
| ast _update_cnt = update_cnt;

}
if (hyster_cnt > HYSTER CNT_THLD)
update_cnt = 0; (4.28)

The values of different constants used above are as follows: DEV_THLD = 70, UPDATE_CNT_THLD = 500, and
HYSTER_CNT_THLD = 9. Whenever the above referenced update flag is set for a given frame, the channel noise
estimate for the next frame is updated in the noise energy smoother as follows:

Ex(m+1i) = 0,9Ex(m,i) + 01E(m,i));i=1,2, ..., 23 (4.29)

The updated channel noise estimate is stored in noise energy estimate storage for al future frames until the next update
occurs. The output of the noise energy estimate storage E,(m) is used as an input to the channel SNR estimator as

described earlier.
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Next, we describe the operation of the voice activity determiner, which uses the voice metric V(m) and the quantized
signal SNR value SNRq(m) asinputs. For the first INIT_FRAMES frames, the outputs of the voice activity determiner,

viz., vad_flag and hangover_flag are set to FAL SE since these frames are assumed to be noise-only frames. For the
following frames, the voice activity determiner operates by testing if the voice metric exceeds the voice metric
threshold Vy, If the output of thistest is TRUE, then the current frame is declared "voice-active’. Otherwise, the

hangover count variable (hangover_count) is tested to find out if it is greater than or equal to zero. If the output of this
test is TRUE, then aso the current frame is declared "voice-active”. If the outputs of both tests are FALSE, then the
current frame is declared "voice-inactive'. The "hangover" mechanism is generally used to cover slowly decaying
speech that might otherwise be classified as noise, and to bridge over small gaps or pauses in speech. It is activated if
the number of consecutive "voice-active" frames (counted by the burst_count variable) is at least equal to B, the burst

count threshold. To activate the mechanism, the number of hangover frames s set to H, the hangover count threshold.
The pseudo-code for the voice activity determiner is shown below. To begin with, the voice metric threshold Vy,, the
hangover count threshold H.;, and the burst count threshold B, are initialized to 56, 28 and 6 respectively.
Furthermore, the variables hangover_count and burst_count are both initialized to 0.

if (2/(") > Vin(m)

vad_l ocal = TRUE;

burst_count = burst_count + 1,

if (burst_count >= By (M)
hangover _count = H(m;

}

el se

vad_l ocal = FALSE:
burst _count = 0;

}

if ((vad_local == TRUE) OR (hangover_count > 0))
vad_flag = TRUE;
el se
vad_flag = FALSE;

if ((vad_l ocal == FALSE) && (hangover_count > 0))
hangover _flag = TRUE;

hangover _count = hangover_count - 1;

}

el se
hangover _flag = FALSE; (4.30)
Asafinal step, the quantized SNR value is used to determine the voice metric threshold Vy,, the hangover count
threshold H,,;, and the burst count threshold B, for the next frame as:
Vth(m+1) = Vtable[SN Rq(m)]y cht(m+1) = Htable[SN Rq(m)], Bcnt(m+1) = Btable[SN Rq(m)] (431)

where SNRq(m) is used as an index into the respective tables. These tables are defined by: Vi, = {32, 34, 36, 38, 40,
42, 44, 46, 48, 50, 52, 54, 55, 56, 57, 57, 58, 58, 58, 58}, H,,pe = {54, 52, 50, 48, 46, 44, 42, 40, 38, 36, 34, 32, 30, 28,
26, 24,22, 20, 18, 16}, and B.j 1. ={2,2,3,3,4,4,4,4,5,5,5,5,5, 5,6, 6, 6, 6, 6, 6}.

4.2.13 Low-Band Noise Detection (LBND)

The input to the Low-Band Noise Detection (LBND) block are the power spectrum pbin,, k=0,...,FFTL/2, the

vad_flag and the frame energy E. The output of the LBND block islbn_flag indicating (if TRUE) that the current
frame contains background noise in the low frequency band.

The LBND code maintains an internal state variable LH_Ratio which isinitialized to 1,9. The operation of the LBND
block is described by the following pseudo code wherein the cut_idx parameter is defined as:

cut _idx = floor (380 FFTL/(1000x f_)) (4.32)
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if (vad_flag == FALSE)

if (2E/ FFTL < 500)
cur_ratio = 0;

el se
{
low_mex = MaXx pbink;
I<k<cut _idx
highmx = max  pbing:

cut _idx<k<FFTL/2
if (high_max == 0)
cur_ratio = 10;
el se
cur_ratio = low max / high_max

LH Ratio = 0,99xLH _Ratio+0,01xcur _ratio;

if (LHRatio > 1,9)
I bn_flag = TRUE;
el se
I bn_flag = FALSE; (4.33)

4.2.14 Pre-Processing for pitch and class estimation

The input to the Pre-Processing (PP) block is the offset-free input signal s, from the Offcom block and the Ibn_flag

from the Low-Band Noise Detection (LBND) block. The outputs of the PP block are the low-pass filtered,
downsampled speech signal Sp . Whichisfed into the Pitch estimation block (PITCH) and the high-pass filtered
upper-band signa s, which is fed into the Classification block (CLS). The low-pass and high-pass filtering are
performed using pole-zero filters with the generic form shown below:

y(n) =byx(n) +bx(n-1) +...+b,x(n-M) -ay(n-Y-a,y(n-2)-..—a,y(n-M) (4.34)

where X istheinput, Y istheoutput, M isorder of thefilter, b ,b,,...,b,, are the coefficients of the numerator

polynomial defining the zeros, and 1,a,,a,,...,a,, are the coefficients of the denominator polynomial defining the poles.
Thefilter coefficients used are shown in table 4.2. The low-pass filtered speech isfirst decimated by afactor DSMP,
where DSMP is4 for 8 kHz, 5 for 11 kHz, and 8 for 16 kHz respectively. The latest (2xMAX_PITCH / DSMP) samples
referred to as the low-pass filtered extended downsampled frame is fed into the PITCH block. The value of the
MAX_PITCH parameter is 160 for 8 kHz, 220 for 11 kHz and 320 for 16 kHz respectively.

Table 4.2: Filter coefficients used in the pre-processing block

amp. frequency

. . 8 kHz 11 kHz 16 kHz

Filter details

low-pass filter numerator 0,0003405377 0,00006475945579 0,00000857655707

coefficients 0,0018389033 0,00034263580465 0,00004459809678

filter order - 7 0,0038821292 0,00069586625626 0,00008748088215

Ibn_flag = FALSE 0,0037459142 0,00060637516431 0,00006861245659
0,0010216130 0,00005297323484 -0,00000857655707
-0,0010216130 -0,00030025721678 -0,00005145934244
-0,0008853979 -0,00021076612482 -0,00003259091688
-0,0002043226 -0,00004592093010 -0,00000686124566

low-pass filter denominator 1,00000000
coefficients; -4,47943480
filter order - 7 8,88015848
Ibn_flag = FALSE -10,05821568
6,99836861
-2,98181953
0,71850318
-0,07538083

1,00000000000000
-5,16457301342956
11,60327150757658

-14,68045002998683
11,28039703154784
-5,25795344738947

1,37514936680065

-0,15553999870817

1,00000000000000
-5,73713549885214
14,19729645263144

-19,63612073482969
16,38673682892475
-8,24809503698812

2,31775924387808

-0,28041380978170
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. Samp. frequency 8 kHz 11 kHz 16 kHz
Filter details
low-pass filter numerator 0,00034054 0,00006475945579 0,00000857655707
coefficients 0,00204323 0,00038855673475 0,00005145934244
filter order - 6 0,00510806 0,00097139183688 0,00012864835610
Ibn_flag = TRUE 0,00681075 0,00129518911584 0,00017153114146
0,00510806 0,00097139183688 0,00012864835610
0,00204323 0,00038855673475 0,00005145934244
0,00034054 0,00006475945579 0,00000857655707
low-pass filter denominator 1,00000000 1,00000000000000 1,00000000000000
coefficients -3,57943480 -4,23729801342957 -4,78713549885213
filter order - 6 5,65866717 7,67413099217370 9,64951772872192
lbn_flag = TRUE -4,96541523 -7,56442021421899 | -10,46907889254388
2,52949491 4,26609927740795 6,44111188100808
-0,70527411 -1,30210623993103 -2,12903875003046
0,08375648 0,16773880316861 0,29517243134916
high-pass filter numerator 0,14773250 0,25710908848444 0,39802968073138
coefficients -0,88639500 -1,54265453090663 -2,38817808438830
filter order - 6 2,21598750 3,85663632726659 5,97044521097075
-2,95464999 -5,14218176968878 -7,96059361462766
2,21598749 3,85663632726659 5,97044521097075
-0,88639500 -1,54265453090663 -2,38817808438830
0,14773250 0,25710908848444 0,39802968073138
high-pass filter denominator 1,00000000 1,00000000000000 1,00000000000000
coefficients -2,37972104 -3,36067979080750 -4,18238957916850
filter order - 6 2,91040657 5,06982907485034 7,49161108458765
-2,05513144 -4,27873732337721 -7,31359596689075
0,87792390 2,10853144888207 4,08934993183312
-0,20986545 -0,57109866030671 -1,23852537177671
0,02183157 0,06610536478028 0,15842763255178

4.2.15 Pitch estimation

A flowchart of the pitch estimation process is shown on figure 4.3. Pitch frequency (FO) candidates are generated
sequentialy in high, middle and low frequency intervals (search ranges). The candidates generated for a search range
are added to the candidates generated earlier and an attempt is made to determine a pitch estimate among the
candidates. If the pitch estimate is not determined, the next search range is processed. Otherwise certain internal
variables, which represent the pitch estimation history information are updated. At output, the pitch estimateis
converted from the frequency to time representation or is set to 0 indicating an unvoiced frame.

4.2.15.1 Dirichlet interpolation

Frequency resolution of the discrete complex spectrum in the diapason [0 kHz, 4 kHZz] is doubled by the interpolation of
the STFT (4.54) by Dirichlet kernel. The interpolated STFT is calculated as follows:

istft(2n) = stft(n)
Refistft(2n +1)] = s, (1) - L%flo(k) x{ Im[stft(n — k)] - Im[stft(n +1+K)]}
k=0 (4.35)

LDK-1

Im[istft(2n +1)] = z D(K) x{ Re[stft(n — k)] — Re[stft(n + 1+ K)]}
n=0}1,..., N4kHz _

where:

(N4kHz-1) isthe index of the FFT point representing 4kHz frequency:

_ 1 L
D(k) = FFTL/ tg( FFTL (k+0’5)j

LDK= 8
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In (4.35), an stft(i) value corresponding to a negative value of i < O is replaced by the complex conjugate Stft X (i)
associated with -i.

The number of istft samples computed and used further is FFTIL = 2 x N4kHz - 1. Theistf vector is used for the
processing of the current and the next frames.

STFT l l Low-pass filtered downsampled speech
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Figure 4.3: Pitch estimation flowchart
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4.2.15.2 Non-speech and low-energy frames

If the frame either has been classified by the VAD block as a non-speech frame or its log-energy valueislessthan a
predefined threshold log E < 13,6 then the pitch frequency FO estimate is set to 0 and the final step of history
information update is performed as described further.

4.2.15.3 Search ranges specification and processing

The entire search diapason for pitch frequency is defined as SR = [52 Hz, 420 HZ]. If avariable SableTrackFO (which
is described below) has a non-zero value then SRis narrowed as follows:

SR = SR 3[0,666 x SableTrackF0, 2,2 x SableTrackFQ].
Three sightly overlapping search ranges are specified:

R1= R 3[52Hz 120 HZ;

R2 =R 3[100Hz 210 HF];

SR3 = SR 3 [200 Hz, 420 H]

The processing stages described in clauses 14.2.15.4 to 14.2.15.7 are performed consequently for the three search
ranges in the order SR3, SR2, SR1. If there are differences specific to a certain search range they are explained in the
relevant clause. It might happen that some of the search ranges are empty. No processing is performed for an empty
search range.

4.2.15.4 Spectral peaks determination

This stage is performed only twice: first time for the SR3 and SR2 ranges, and a second time for SR1.

When the processing is being performed for SR3/SR2 search interval, power spectrum with doubled frequency
resolution is computed as follows:

pbin,,,, foreven n

(4.36)
Re[istft(n)]? + Im[istft(n)]?, for odd n

ps(n) = {

When the processing is being performed for SR1 search interval, an STFT corresponding to a double frame is
approximated as follows;

. . . YN
istft, (n) = istft(n) + exp(- | X%)xlstft o) (4.37)

where istftprev isthe Dirichlet interpolated STFT of the previous frame. Then power spectrum is computed as:
ps(n) = Re[istftz(n)]2 + Im[istftz(n)]2 (4.38)
In(4.36)t0 (4.38),n =0, 1, ..., FFTIL - 1 corresponding to the frequency interval [0 kHz, 4 kHZ].

Power spectrum is multiplied by the inverse squared frequency response of the pre-emphasis operator (4.3):

1

(4.39)
1-2x0,97cos(7rxn/ LFFT) + 0,972

dps(n) = ps(n) x

and smoothed:

sps(n) = 0,625x dps(n) +0,1875x [dps(n —1) + dps(n +1)],
for n=1,..., FFTIL-2 (4.40)
sps(0) = dps(0), sps(FFTIL —1) = dps(FFTIL —1)
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The values of the smoothed power spectrum sps(n) are analysed within the range nJ [N+2, FFTIL-3] and all local
maxima are determined. N is set to 300x 2FFTL/(1 000x f_) if low band noise has been detected at that frame.
Otherwise N = 0. That is, if low band noise is present then the spectral components residing at frequencies lower than
300 Hz are not analysed. A value Sps(n) is considered as alocal maximum if the following condition is TRUE:

sps(n) > sps(n—1) Osps(n) > sps(n+1) O[sps(n—1) = sps(n - 2) Osps(n+1) = sps(n+2)

Let {(A, n), k=1, ..., Npeaks} bealist of al thelocal maxima (representing spectral peaks) sorted in ascending
order of their frequencies where A, = sps(n).

Scaling down of high frequency peaks

The entire range [0, FFTIL] of the frequency index is divided into three equal sub-intervals, and the maximal values
Amax,, Amax, and Amaxg of A isfound in the low, middle and high sub-intervals correspondingly. The value Amax;

(j = 2,3) isevauated against athreshold THR, = Amax,x pjz. If Amax; > THR; then all the A, associated with j-th
interval are multiplied by factor THRJ- Amaxj. The following parameter values are used p, = 0,65, p, = 0,45.

If the number of the peaks (the local maxima) exceeds 30 then the peaks with amplitudes less than 0,001% x max A are

discarded from the peaks list. If the number of remaining peaks s still exceeds 30 then all the high frequency peaks
starting from the peak #31 are discarded. The total number Npeaks of the peaks is updated as needed.

The peaks are sorted in descending order of their amplitudes. If the number of peaksis greater than 20 then only 20 first
peaks are selected for further processed, and the number Npeaks is set to 20.

Location and amplitude of each peak is refined by fitting parabola through the corresponding local maximum and the
two neighbouring samples of the power spectrum sps.

loc, =n,—05xb/a
refA, = sps(n, +1) +0,25xbx (loc, —n,),

where (4.41)

a=sps(n, -1 - 2A +sps(n, +1), and
b = sps(n, +1) - sps(n, 1)

Then the peak locations |0c, are converted to Hz units and the square roots are taken from the peak amplitudes:

PF, =loc, x1000x% f_/(2x FFTL)
PA = ./refA

The sequence { PA,, PF,, k= 1,...,Npeaks} represents magnitude spectrum peaks.

(4.42)

Scaling down of high frequency peaks procedure is applied to this peaks sequence as described above except for that
thistime p, is used for the threshold THR; computation instead of p.*.

If Npeaks > 7 the final attempt to reduce the number of peaksis done as follows. If anumber N1 exists so that

N1 Npeaks

Z PA <0,95x Z PA, then only N1 starting peaks are taken. Otherwise the peaks are scanned from the end of the
k=1 k=1

list towards the beginning and all the peaks with amplitudes less than 0,406 x PA, are put out. The number Npeaks of
peaks is updated.

The peak amplitudes are normalized:

Npeaks

NPA = PA Z PA (4.43)
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4.2.15.5 FO Candidates generation

Pitch candidates are selected among the local maxima of a piecewise constant utility function U(FO0):

U(F0) =Y NPA x1(PF, /FO0)
where
L r|< D1 (4.4)
I(r)=< 05, D1<\r\sD2
0, D2<|r|<05
[(r+D)=1(r)
D1=65/512, D2=100/512

Lower FOmin and upper FOmax limits for FO are defined as the left and the right edges respectively of the processed
searchrange SRi, i=1, 2, 3.

First, a partia utility function is built including only contributions of afew highest peaks. The partial utility functionis
represented by alist of break points. Then al local maxima locations of the partial utility function are determined.
Finally, the values of the whole utility function at the local maxima are computed.

Building partial utility function

NPprelim peaks are selected from the top of the peaks list. NPprelim = min(Npeaks, 7). A counter variableis
initialized BPCount =0. For each peak (NPA,, PF,), k=1, ..., NPprelim, alist BPL of the utility function break points
is collected as described below.

The maximal and minimal dividers of the peak frequency are cal culated:

N, = celll max(0, PR -DJ) N, = floor ik_+ D2 (4.45)
FOmax FOmin

The counter BPCount is updated BPCount = BPCount + N, - N;,, +1 and compared against a predefined
threshold BPLimit:

60 for SRL
BPLimit =430 for SR2 (4.46)
20 for SR3

If the counter value exceeds the threshold then the entire peaks processing is terminated, and no more break point lists
are built. Otherwise the processing of the k-th peak continues. Index n scans the range [ Nmin, Nmax] in the reverse
order n = Nmax, Nmax - 1, ..., Nmin each time generating four new breakpoints in the list, each break point is given
by its frequency value BPF and amplitude value BPA:

BPF, . = PF /(N+D2) BPA, .. =05%PA
BPF, 4., = PR, /(n+D1) BPA, ., =05xPA

BPF, (15 = PFk/(n —-D1) BPA, .5 = —0,5%PA
BPF,,4.s = PR, /(n-D2) BPA, ., =-05%PA

(4.47)

Note that the break pointsin the list are ordered in the increasing order of the frequency.

If the list is not empty and BPF, < FOmin then the beginning of the list is modified as follows. The first
k = max(1, m - 2) elements are discarded where m=mini : { BPF, > FOmin} . The new head of the list (former
element #m-1) is set to:

k+1

BPF = FOmin, BPA=)" BPA,

=
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If the list is not empty and there are elements (at the tail) with BPF = FOmax , that elements are deleted from the list.

Finally, if FOmax > PF, /D2 then one or two elements are appended at the end of the list depending on certain
conditions as described below. Two frequency values are calculated: F1=PF, /D2and F2=PF, /D1.

if (F2<FOmin)
One element is appended: BPF = FOmin, BPA=PF,
gseif( FI<FOmin< F2< FOmax)

Two elements are appended: BPF = FOmin, BPA=0,5PF, and BPF = F2, BPA=0,5PF,
gseif ( FI<FOmMinOF2>FO0max)

One element is appended: BPF = FOmin, BPA=0,5PF,
eseif ( F1=FOminOF2< FOmax)

Two elements are appended: BPF = F1, BPA=0,5PF, and BPF = F2, BPA=05PF,

eseif (F12FOminOF2> FOmax)
One element is appended: BPF = F1, BPA=0,5PF,

All the break point lists {BPL,} are merged together into one array Upartial = {(BPF,,, BPA,)} preserving the frequency
ascending order, and the amplitudes of the break points are modified as:

BPA, = BPA +BPA_,,n=23, ..

If the last break point frequency isless than FOmax then a new terminating element (BPF = FOmax, BPA = 0) is
appended to the array. Further we will refer to the number of elementsin the U, (4 aray as NBP.

Preliminary candidates deter mination

NCprelim break points are determined which are the highest in amplitude local maxima among the elements of the
Upartial array, where NCprelim = min(4,NBP). These break points being sorted in the descended order of amplitude
formalist of preliminary candidates. If a variable StableTrackFO (which is described below in clause 4.2.15.8) hasa
non-zero value then an additional break point BPad is sought which is the highest in amplitude local maximum among
the Upartial &Tay elements having frequency in the range [ SableTrackF0/1,22, SableTrackF0 x 1,22]. If such the break
point is found then the amplitude associated with it isincreased by 0,06 and compared against the amplitudes of the
preliminary candidates list members. If the modified amplitude is greater than the amplitude of at least one of the
preliminary candidates then BPad isinserted into the preliminary candidate list so that the list elements order is
preserved, and the last list member is put out. Finally, the frequency value for each candidate is modified as:

BF, =05x%(BF, + BF,.,)

If n < NBP where nistheindex of the break point inthe U, array.
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Candidate amplitudes refinement

For each preliminary candidate the amplitude value is recomputed in accordance to formula (4.44) wherein FO is
substituted by the frequency value associated with that candidate and the summation is performed over al the Npeaks
spectral peaks.

Final candidates deter mination

NC (final) candidates are selected from the preliminary candidates, NC = min(2,Nprelim). For the selection purpose a
compare function is defined for a pair (F1,A1) and (F2,A2) of candidates given by their frequencies Fi and amplitudes
Ai. Let F1 < F2. Thefirst candidate is declared to be better than the second one if the following condition is satisfied:

Al> A2+0,0600(AL> A20117xF1>F2) (4.48)

otherwise the second candidate is considered as the best between the two.

NC best candidates are determined, sorted in descending order of their quality, and form afinal candidateslist. If the
pitch estimate PrevF0 obtained at the previous frame has non-zero val ue then the preliminary candidates are determined
having frequency values within theinterval [PrevF0/1,22, PreviFO x 1,22]. If such preliminary candidates exist then one
of them having the maximal amplitude is declared as an additional candidate. The amplitude a of the additional
candidate isincreased by 0,06 (b=a+0,06), and compared against the amplitudes of the final candidates list members. If
amember exists with amplitude less than b then the last member of the final candidateslist is replaced by the additional
candidate.

Below the amplitudes associated with the candidates are referred to as Spectral Scores (SS).

4.2.15.6 Computing correlation scores

Correlation score is computed for each pitch candidate. The input for correlation score calculation stage comprises the
low-pass filtered extended downsampled frame (clause 4.2.14) and the candidate pitch frequency FO. Here we designate
the low-pass filtered extended downsampled frame by u(n) and assume that the origin n = 0 is associated with the
sample #NDS counting from the end of the vector u, so that the preceding to it samples have negative index values.
NDS isthe length of downsampled frame (clause 4.2.14) NDS= N/ DSMP where DSMP is a downsampled factor
(clause 4.2.14).

Candidate pitch frequency is converted to atime -domain lag:

p = 1000x 1, (4.49)
FOx DSMP
Aninteger lag is calculated by rounding the lag value to the upper integer number i7 =ceil (7).
Analysis window length is cal cul ated:
LW = floor[ 2> fs (4.50)
8x DSVIP

Offset and length parameters calculation

Offset O and length Len parameters are calculated to be used by further processing, besides two following cases are
treated differently.

Casel:

i7<LW

O=ir+argmax E(t),where

O<tsNDS-LW-ir

t+HLW+ -1

EQ= Y,u(n)’

Len=LW +ir
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Case2:
iT>LW
Two vectors are extracted from the signal U:
ul={u(t0), ut0 + 1), ..., u(t0 + i7- 1)} and u2={u(t0-i7), ut0O+ 1-i7), ..., u(to - 1)},
where:

(0= NDS/2,if it <NDS/2
" INDS-ir, otherwise

An auxiliary offset ofsis determined as:

ofs=argmax E(t)

Ost<iT-1
where;
LW-1
E(t) = ) (u(n0+tmodir +n)? +u(n0+tmodiz +n=ir)?),
n=0

_ | NDS/2,if it <NDS/2
- NDS-ir, otherwise

ofstLW<i7 then O =t0+ ofsand Len= LW.
Otherwise two sets of the offset and length parameters are prepared:
{O1=1t0+ ofs, Lenl=ir- ofs} and (O2 = t0, Len2 = LW - Len1}.

Correlator
Input parameters for thisblock are O, Lenand i 7
Three vectors are extracted from u:

X={u(O),u©O+ 1),...,uO+ Len-1)}T

Y={u(©O-in,uO-ir+1),..,uO-ir+ Len- 1)}T

Z={u(O-ir+ 1),uO-ir+2),..,uO-ir+ Len)}T

For each vector the sum of the coordinates is computed: 2X, 2Y and ZZ. The following inner products are computed
aso: XTX, YTY,ZTZ, XTY, XTZ and YTZ.

Where there are two sets of the offset and length parameters (O1, Lenl) and (02, Len2), the correlator block is
applied twice, one time for each set, and the corresponding output values (the sums and the inner products) are summed.

DC removal

Theinner products computed by the correlator are modified as follows:
XTX =XTX - (ZX)2/ LW
YTY =YTY - (ZY)2/ LW
2'2=27"Z-(22)2] LW
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XTY = XTY - X x ZY/LW
XTZ=XTZ-ZX x ZZILW
YTZ=YTZ-2Y xZZ/LW
Interpolation
Correlation score CSis computed by the following interpolation formula:

BxX'Z+axY'Z

CS=
JZTZx(BZx XX +208x XY +a? xYTY)

where;
a=ir-r, f=1-a
Finally, CSvalueistruncated if it falls outside the interval [0, 1].
CS=max(CS,0), CS=min(CS1).

42157 Pitch estimate selection

Input to this stage is the set of pitch candidates. Each candidate (FO,, SS,, CS,) is represented by the corresponding
pitch frequency FO,, spectral score (the utility function value) SS, and correlation score CS,.. The block outputs a pitch

estimate (FO, SS, CS) which either is selected among the candidates or indicates that that the frame represents unvoiced
speech in which case FO is set to 0.

Pitch estimate selection block might be entered several (at most 3) times during the processing of one frame. Itis
entered after pitch candidates generation is performed for each pitch search interval SRi. Each time the list of pitch
candidates which is fed into the block is updated appropriately to include al the pitch candidates detected so far. Thus
the list passed into this block after the processing of SR3 search range includes the candidates found within this range,
typically two candidates. If one of the candidates is selected as the pitch estimate then the pitch estimation process
terminates and the control flows to the history information update block (described below in clause 4.2.15.8). Otherwise
the candidates generated within the SR2 range are combined with the ones found within SR3 and the combined list
(typically containing four candidates) is fed into pitch estimate selection block. If no pitch estimate is selected at this
time the block is entered again after SR1 range is processed. At this time the candidate list contains the candidates
generated in all the three ranges (typically 6 candidates). A variable EPT which is fed to the block along with the
candidates list indicates whether the list contains candidates generated for all the three search ranges (EPT = 1) or not
(EPT = 0).

The selection processis shown on the flow-chart of figure 4.4.

The candidates are sorted at step 100 in descending order of their FO values. Then at step 110 the candidates are
scanned sequentially until a candidate of class 1 isfound, or all the candidates are tested. A candidate is defined to be of
class 1 if the CSand SSvalues associated with the candidate satisfy the following condition:

(CS> C1AND SS=> S1) OR(SS>S11 AND SS+ CS=> C9l) (Class 1 condition)
where:
C1=0,79;S1=0,78; S11=0,68and CSL = 1,6

At step 130 the flow branches. If aclass 1 candidate is found it is selected to be a preferred candidate, and the control is
passed to step 140 performing a Find Best in Vicinity procedure described by the following. Those candidates among
the ones following in the list the preferred candidate are checked to determine those ones which are close in terms of FO
to the preferred candidate. Two values FO; and FO, are defined to be close to each other if:

(FO, < 1,2 % FO, AND FO, < 1,2 X FO,) (Closeness condition).
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A plurality of better candidates is determined among the close candidates. A better candidate must have a higher SS and
ahigher CS values than those of the preferred candidate respectively. If at least one better candidate exists then the best
candidate is determined among the better candidates. The best candidate is characterized by that there is no other better
candidate, which has a higher SS and a higher CS val ues than those of the best candidate respectively. The best
candidate is selected to be a preferred candidate instead of the former one. If no better candidate is found the preferred
candidate remains the same.

At step 150 the candidates following the preferred candidate are scanned one by one until either a candidate of class 1 is
found whose scores SS., i gate 8d CSangigate Satisfy following condition:

$candidate + CScandidate ZSSpreferred + CSpreferred +0,18

or dl the candidates are scanned. If a candidate is found which meets the above condition it is selected to be the
preferred candidate and Find Best in Vicinity procedure is applied. Otherwise the control is passed directly to step 180,
where the EPT variable value istested. If EPT indicates that all the pitch search ranges have been processed the pitch
estimate is set to the preferred candidate. Otherwise the following condition is tested:

SSycferred = 0.95 AND CSyarreq 2 0,95

If the condition is satisfied the pitch estimate is set to the preferred candidate, otherwise the pitch frequency FO is set to
0 indicating that no pitch is detected.

Returning to the conditional branching step 130, if no class 1 candidate is found then at step 120 it is checked if the
SableTrackFO0 variable has non-zero value in which case the control is passed to step 210, otherwise step 270 is
performed.

At step 210 areference fundamental frequency value FO, is set to StableTrackFO. Then at step 220 the candidates are

scanned sequentially until either acandidate of aclass 2 isfound or all the candidates are tested. A candidate is defined
to be of class 2 if the frequency and the score values associated with it satisfy the condition:

(CS> C2 AND SS> S2) AND (1/1,22 < |FO/FO, | < 1,22) (Class 2 condition)

where:
C2= 0,7, 2=0,7

If no class 2 candidate is found then the pitch estimate is set to 0 at step 240. Otherwise, the class 2 candidate is chosen
to be the preferred candidate and Find Best in Vicinity procedure is applied at step 250. Then at step 260 the pitch
estimate is set to the preferred candidate.

Returning to the conditional branching step 120, if StableTrackFO = 0 then control is passed to step 270 where a
Continuous Pitch Condition:

PrevFO > 0 AND SablePitchCount > 1

istested. (StablePitchCount variable is described below in clause 4.2.15.8.) If the condition is satisfied then at step 280
the frequency reference value FO, « is set to PreviF0 and the class 2 candidate search is performed at step 290. If a

class 2 candidate is found (test step 300) then it is selected as the preferred candidate, Find Best In Vicinity procedure is
applied at step 310, and the pitch estimate is set to the preferred candidate at step 320. Otherwise, the processing
proceeds with step 330 likewise it happens if Continuous Pitch Condition test of step 270 fails.

At step 330 the candidates are scanned sequentially until a candidate of class 3 isfound or all the candidates are tested.
A candidate is defined to be of class 3 if the scores associated with it satisfy the condition:

(CS=C30RSS> V) (Class 3 condition)
where;
C3=10,85;, S3=10,82

If no class 3 candidate is found then the pitch frequency is set to 0. Otherwise, the class 3 candidate is selected as the
preferred candidate, and Find Best in Vicinity procedure is applied at step 360. Then at step 370 the pitch estimate is set
to the preferred candidate.
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Figure 4.4: Pitch estimate selection

History information update

The pitch estimator maintains following variables holding information on the estimation process history: PreviFO0,
StableTrackF0, StablePitchCount and DistFromStableTrack.

The variables areinitialized as follows:
PreviF0 = 0, SablePitchCount = 0, DistFromSableTrack = 1 000, StableTrackF0 = 0.
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The variables are updated at each frame after pitch estimation processing is completed and the pitch frequency estimate
FOisset. The update processis described by the following pseudo code section.
if (FO>0 AND PrevFO > 0 AND 1/1.22 < | FO/ PrevF0| < 1.22)

St abl ePi t chCount = Stabl ePi tchCount + 1;

el se
St abl ePi t chCount = 0;

if (StablePitchCount = 6)
{

Di st Fronftt abl eTrack = 0;
St abl eTrackF0 = FO;

}
else if (DistFronStableTrack <2)

if (StableTrackFO > 0 AND 1/1.22 < | FO/ Stabl eTrackF0| < 1.22)

Di st FronSt abl eTrack = 0;
St abl eTrackFO = FO;
}

el se
Di st FronSt abl eTrack = Di st FronSt abl eTrack + 1;

el se {
St abl eTrackF0 = 0;
Di st FronSt abl eTrack = Di st FronSt abl eTrack + 1;

}
PrevFO = FO;

4.2.15.9 Output pitch value

The pitch frequency estimate FO is converted to an output pitch value P representing pitch period duration measured in
sampling intervals corresponding to 8 kHz sampling rate.

_ 0if FO=0

~ 18000/ FO otherwise

4.2.16 Classification

Theinputs to the classification block are the vad_flag and hangover_flag from the VAD block, the frame energy E from
the EC block, the offset-free input signal s, from the Offcom block, the upper-band signal S, from the PP block, and
the pitch period estimate P from the PITCH block. The output of the classification block is the voicing class VC, which
is one of the output parameters of the front-end.

The voicing class VC is estimated from the different inputs to the classification block as follows. From the upper-band
signa s, and the frame energy E, the upper-band energy fraction EF ;, is computed as:

z Sub (I ) 2
EF,, =4t = (4.51)

From the offset-free input signal s, , the zero-crossing measure ZCM is computed as follows.

— 1 N D i— :
200 = 53 lsgnls, (0] -, 3] (452)

where:

+1, 5, ()20

-1, 5,4 () <0 459

sgn[s, (1)] = {
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Thelogic used by the classification block isillustrated by the pseudo-code below.

if (vad_flag == FALSE)
VC = "non-speech";
else if (P ==0)
VC = "unvoi ced";
else if ((hangover_flag == TRUE) || (EFyp < EF_UB_THLD) || (ZCM >= ZCM THLD))
VC = "ni xed-voi ced";
el se
VC = "full y-voiced";
end

The upper-band energy fraction threshold EF_UB_THLD is 0,0018 for 8 kHz, 0,0023 for 11 kHz, and 0,0029 for
16 kHz sampling frequency respectively. The zero-crossing measure threshold ZCM_THLD is 0,4375.

4.2.17 Front-end output

The final feature vector consists of 16 coefficients: the log-energy coefficient (clause 4.2.5), the 13 cepstral coefficients
(clause 4.2.11), the pitch period (clause 4.2.14), and the voicing class (clause 4.2.15).

The C, coefficient is often redundant when the log-energy coefficient is used. However, the feature extraction algorithm
is defined here for both energy and C,,. Depending on the application, either the C coefficient or the log-energy
coefficient may be used.

5 Feature compression algorithm

5.1 Introduction

This clause describes the distributed speech recognition front-end feature vector compression algorithm. The agorithm
makes use of the parameters from the front-end feature extraction algorithm of clause 4. Its purpose is to reduce the
number of bits needed to represent each front-end feature vector.

5.2 Compression algorithm description

521 Input

The compression algorithm is designed to take the feature parameters for each short-time analysis frame of speech data
asthey are available and as specified in clause 4.

Fourteen of the sixteen parameters are compressed using a Vector Quantizer (VQ). Theinput parametersfor the VQ are
the first twelve static mel cepstral coefficients:

cm=[a(m. o,(m.. e (m]" (5.

where m denotes the frame number, plus the zeroth cepstral coefficient and alog energy term as defined in
clause 4.2.16. These parameters are formatted as:

c(m)
ym)=| c,(m) (5.2)
log[E(m)]

The remaining two parameters, viz., pitch period and class, are compressed jointly using absolute and differential scalar
guantization techniques.
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5.2.2 Vector quantization

The feature vector y(m) is directly quantized with a split vector quantizer. Coefficients are grouped into pairs, and each
pair is quantized using its own VQ codebook. The resulting set of index valuesis then used to represent the
corresponding speech parameters. Coefficient pairings (by front-end parameter) are shown in table 5.1, along with the
codebook size used for each pair.

The closest VQ centroid is found using a weighted Euclidean distance to determine the index:

dij,i+1 _ [ yi (m) ] B qil,i+1

yi +1(m) : (53)

idXi’i+l(m) argmin {(dij,i+1M/i,i+1(dij,i+1}, 024,12 (5.4)

:OSjS(Ni'i+1—l)

where g'** denotes the jth codevector in the codebook Q"'"*, N"* isthe size of the codebook, y''*! isthe (possibly
identity) weight matrix to be applied for the codebook Q''**, and idx”*l(m) denotes the codebook index chosen to

represent the vector [y, (m),y,.,(m)]" . Theindices are then retained for transmission to the back-end.

Table 5.1: Split vector quantization feature pairings

Size Weight Matrix
Codebook (NLH (Whi+h Element 1 | Element 2
Qout 64 [ o c,
Q23 64 [ Cq Cy
Q45 64 [ Cs Cq
Qb7 64 [ c, Cg
Q89 64 [ Cq C1o
Qo 64 ' C11 €12
Q1213 256 Non-identity Co log[E]

Two sets of VQ codebooks are defined; oneis used for speech sampled at 8 kHz or 11 kHz while the other for speech
sampled at 16 kHz. The numeric values of these codebooks and weights are specified as part of the software
implementing the standard. The weights used (to one decimal place of numeric accuracy) are:

8 kHz or 11 kHz sampling rate W3 = 14460 O
0 14,7

16 kHz sampling rate W = 12489 O
0 12,7

5.2.3 Pitch and class quantization

The pitch period of aframe can range from 19 samplesto 140 samples (both inclusive) at 8 kHz sampling rate. The
voicing class of aframe can be one of the following four:

. non-speech;
. unvoiced speech;

. mixed-voiced speech; and

(fully) voiced speech.
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The class information of aframe is represented jointly using the pitch and class indices. The pitch information of
alternate framesis quantized absolutely using 7 bits or differentially using 5 bits.

5.2.3.1 Class quantization

When the voicing class of aframe is hon-speech or unvoiced speech, the pitch index of the corresponding frameis
chosen to be zero, i.e. all-zero codeword either 5 bits or 7 bits long. For non-speech, the 1-bit classindex is chosen as O,
and for unvoiced speech, the classindex is chosen as 1. For such frames, the pitch period is indeterminate.

When the voicing class of aframeis mixed-voiced speech or (fully) voiced speech, the pitch index of the corresponding
frame is chosen to be some index other than zero, either 5 bits or 7 bitslong. For mixed-voiced speech, the 1-bit class
index is chosen as 0, and for (fully) voiced speech, the classindex is chosen as 1. For such frames, the pitch index
specifies the pitch period as discussed under clause 5.2.3.2.

Thus the pitch and class indices of aframe jointly determine the voicing class of the frame asillustrated in table 5.2.

Table 5.2: Class quantization

Voicing Class (VC) |Pitch index (Pidx) |Class index (Cidx)

Non-speech 0 0

Unvoiced-speech 0 1

Mixed-voiced speech >0 0

Fully-voiced speech >0 1
5.2.3.2 Pitch quantization

The pitch period of an even-numbered frame (with the starting frame numbered zero), or equivalently, the first frame of
each frame pair is quantized absolutely using 7 bits. Out of the 128 indices ranging from 0 to 127, theindex O is
reserved for indicating that the voicing class is non-speech or unvoiced speech as discussed under clause 5.2.3.1. The
remaining 127 indices are assigned in increasing order to 127 quantization levels that span the range from 19 to 140
uniformly in the log-domain. Given the pitch period of the frame, the quantization level that is closest to the pitch
period in the Euclidean sense and the corresponding index are chosen.

Pidx(m) :13??1”27@(@ ~q,)? (5.5)

where P(m) is the pitch period of the m frame (m even), of is the jth quantization level, and Pidx(m) is the pitch

quantization index for the mi" frame.

The pitch period of an odd-numbered frame (with the starting frame numbered zero), or equivalently, the second frame
of each frame pair is quantized differentially using 5 hits. Out of the 32 indices ranging from 0 to 31, theindex O is
reserved for indicating that the voicing class is non-speech or unvoiced speech as discussed under clause 5.2.3.1. The
remaining 31 indices are assigned in increasing order to 31 quantization levels, which are chosen depending on which
of the three preceding quantized pitch periods serves as the reference (for differential quantization) and what its value
is. The choice of the reference pitch period and the 31 quantization levels for different situations are illustrated in

table 5.3. With reference to the table, a quantized pitch period value with a non-zero index may bereliable or unreliable
to serve as areference. An absolutely quantized pitch period value is always considered reliable. A differentially
guantized pitch period value is considered reliable only if the reference value used for its quantization is the quantized
pitch period value of the preceding frame. In the table, the different quantization levels are specified as a factor that
multiplies the chosen reference value. If any quantization level falls outside the pitch range of 19 to 140, thenitis
limited to the appropriate boundary value.
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Table 5.3: Choice of reference and quantization levels for differential quantization

Pitch indices of preceding 3 frames Choice of reference pitch period and 31 quantization levels for
Pidx(m-2) Pidx(m-1) | Pidx(m) (m+1)!" frame
0 0 0 No suitable reference is available. Use 5-bit absolute quantization.
OR The 31 quantization levels are chosen to span the range from 19 to 140
> 0 but uniformly in the log-domain.
unreliable
Do not care | Do not care >0 The quantized pitch period value of the mt" frame is chosen as the
reference.
Out of the 31 quantization levels, 27 are chosen to cover the range from
(0,8163 x reference) to (1,2250 x reference) uniformly in the log-domain.
The other 4 levels depend on the reference value as follows:
19 < reference < 30 - (2,00, 3,00, 4,00, 5,00) x reference
30 < reference < 60 - (1,50, 2,00, 2,50, 3,00) x reference
60 < reference < 95 - (0,50, 0,67, 1,50, 2,00) x reference
95 < reference < 140 - (0,25, 0,33, 0,50, 0,67) x reference
Do not care >0 0 The quantized pitch period value of the (m-1)" frame is chosen as the
Reliable reference.
The choice of guantization levels is the same as shown in the row below.
>0 0 0 The quantized pitch period value of the (m-2)t" frame is chosen as the
OR reference.
> 0 but Out of the 31 quantization levels, 25 are chosen to cover the range from
unreliable (0,7781 x reference) to (1,2852 x reference) uniformly in the log-domain.
The other 6 levels depend on the reference value as follows:
19 < reference < 30 - (1,50, 2,00, 2,50, 3,00, 4,00, 5,00) x reference
30 < reference < 60 - (0,67, 1,50, 2,00, 2,50, 3,00, 4,00) x reference
60 < reference < 95 - (0,33, 0,50, 0,67, 1,50, 1,75, 2,00) x reference
95 < reference < 140 - (0,20, 0,25, 0,33, 0,50, 0,67, 1,50) x reference

The 31 indices used for differential quantization are assigned in increasing order to the 31 quantization levels. Given the

pitch period of the frame, the quantization level that is closest to the pitch period in the Euclidean sense and the
corresponding index are chosen.

Pidx(m+1) =
(m+1) 1

argmin

(5.6)
<j<31

(P(m+D -q;)°

where P(m+1) is the pitch period of the (m+1)! frame (m even), q, isthe jth quantization level, and Pidx(m+1) isthe
pitch quantization index for the (m+1)th frame.

6 Framing, bit-stream formatting, and error protection

6.1

This clause describes the format of the bitstream used to transmit the compressed feature vectors. The frame structure
used and the error protection that is applied to the bitstream is defined.

Introduction
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6.2 Algorithm description

6.2.1 Multiframe format

In order to reduce the transmission overhead, each multiframe message packages speech features from multiple
short-time analysis frames. A multiframe, as shown in table 6.1, consists of a synchronization sequence, a header field,
and a stream of frame packets.

Table 6.1: Multiframe format

Sync Sequence Header Field Frame Packet Stream
<- 2 octets -> <- 4 octets -> <- 162 octets ->
<- 168 octets ->

In order to improve the error robustness of the protocol, the multiframe has a fixed length (168 octets). A multiframe
represents 240 ms of speech, resulting in adata rate of 5 600 bit/s.

In the specification that follows, octets are transmitted in ascending numerical order; inside an octet, bit 1 isthe first bit
to be transmitted. When afield is contained within a single octet, the lowest-numbered bit of the field represents the
lowest-order value (or the least significant bit). When a field spans more than one octet, the lowest-numbered bit in the
first octet represents the lowest-order value (LSB), and the highest-numbered bit in the last octet represents the
highest-order value (MSB). An exception to this field mapping convention is made for the Cyclic Redundancy Code
(CRC) fields. For these fields, the lowest numbered bit of the octet is the highest-order term of the polynomial
representing the field. In simple stream formatting diagrams (e.g. table 6.1) fields are transmitted left to right.

6.2.2 Synchronization sequence
Each multiframe begins with the 16-bit synchronization sequence 0 x 87B2 (sent LSB first, as shown in table 6.2).

The inverse synchronization sequence 0 x 784D can be used for synchronous channels requiring rate adaptation. Each
multiframe may be preceded or followed by one or more inverse synchronization sequences. The inverse sync is not
required if amultiframe isimmediately followed by the sync sequence for the next multiframe.

Table 6.2: Multiframe synchronization sequence

Bit 8 7 6 5 4 3 2 1 Octet
1]1]0[(0|l0]0f1|1]1 1
1]1]0(111]J]0[0f1]0 2

6.2.3 Header field

Following the synchronization sequence, a header field is transmitted. Due to the critical nature of the datain thisfield,
itisrepresented in a (31, 16) extended systematic codeword. This code will support 16-bits of data and has an error
correction capability for up to three bit errors, an error detection capability for up to seven bit errors, or acombination
of both error detection and correction.

Ordering of the message data and parity bitsis shown in table 6.3, and definition of the fields appearsin table 6.4. The
4 bit multiframe counter gives each multiframe a modulo-16 index. The counter value for the first multiframeis "0001".
The multiframe counter is incremented by one for each successive multiframe until the final multiframe. The final
multiframe isindicated by zerosin the frame packet stream (see clause 6.2.4).

NOTE: Theremaining eight bits which are currently undefined are | ft for future expansion. A fixed length field
has been chosen for the header in order to improve error robustness and mitigation capability.
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Table 6.3: Header field format

Bit 8 7 6 5 4 3 2 1 Octet
Ext MframeCnt FeType SampRate 1
EXP8 EXP7 EXP6 EXP5 EXP4 EXP3 EXP2 EXP1 2
P8 P7 P6 P5 P4 P3 P2 P1 3
P16 P15 P14 P13 P12 P11 P10 P9 4
Table 6.4: Header field definitions
Field No. Bits Meaning Code Indicator
SampRate 2 sampling rate 00 8 kHz
01 11 kHz
10 undefined
11 16 kHz
FeType 1 Front-end specification 0 standard
1 Noise robust
MframeCnt 4 multiframe counter XXXX Modulo-16 number
Ext 1 Extended front-end 0 Not extended (4 800 bps)
1 Extended (5 600 bps)
EXP2 - EXP9 8 Expansion bits (TBD) 0 (zero pad)
P1-P16 16 Cyclic code parity bits (see below)
The generator polynomial used is:
0,(X) =1+ X2+ X2+ X%+ X* (6.)

The proposed (31, 16) code is extended, with the addition of an (even) overall parity check bit, to 32 bits. The parity
bits of the codeword are generated using the calculation.

b 1 000000010001011] _ )
5| |t100000011001110 SampRatel
Pz 1110000011101101 Sa;"pRatez
3 eType
p|[0111000001110111 MErermecntl
| [1011100010110000 MFrameCnt2
p|[0101110001011000 MFrameCnt3
P |0010111000101100 MFrameCnt4
R| |0001011100010110 Ext

PR| |1000101100000001 Ef(%
Pol |[0100010110000001 ExP3
P:] |[0010001011000001

P EXP4
2 10001000101100001

P EXP5
B3 10000100010110001

P EXP6
“ 10000010001011001

P EXP7
5 l0000001000101101

P, EXP8 | 62)
L] 10000000100010111

Where T denotes the matrix transpose.
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6.2.4 Frame Packet Stream

Each 10 ms frame from the front-end is represented by the codebook indices specified in clause 5.2.2 as well asthe
pitch index and classindex specified in clause 5.2.3. Theindices for apair of frames are formatted according to
table 6.5.

NOTE: The exact alignment with octet boundaries will vary from frame pair to frame pair.

Table 6.5: Frame information for mth and (m+1)th frames

Bit 8 7 6 5 4 3 2 1 Octet
1dx23(m) | 1dx%-1(m) 1
1dx*5(m) | 1dx23(m) (cont) 2
1dx8:7(m) | 1dx%5(m) (cont) 3
1dx1011(m) | 1dx89(m) 4
Idx 1213(m) Idx 19.11(m) (cont) 5
1dx91(m+1) Idx 12.13(m) (cont) 6
ldx3(m+1) | 1dx2Y(m+1) (cont) 7
1dx67(m+1) | ldx45(m+1) 8
1dx&9(m+1) | 1dx8:7(m+1) (cont) 9
1dx10:11(m+1) | 1dx89(m+1) (cont) 10
Idx 1213(m) 11
Pidx(m) | CRC(m,m+1) 12
Pidx(m-+1) | Pidx(m) (cont) 13
[ PC-CRC(m,m+1) [Cidx(m+1)| Cidx(m) 14

The codebook indices for each frame take up 44 bits. After two frames worth of codebook indices, or 88 bits, a 4-bit
CRC (g(X) =1 +Xx +x*) calculated on these 88 hitsimmediately follows it. The pitch indices of the first frame (7 bits)
and the second frame (5 hits) of the frame pair then follow. The class indices of the two frames in the frame pair worth
1 bit each next follow. Finally, a 2-bit CRC (denoted by PC-CRC) calculated on the pitch and class bits (total: 14 hits)
of the frame pair using the binary polynomia g(X) = 1 + X + X2 isincluded. The total number of bits in frame pair
packet istherefore44 + 44+ 4+7+5+ 1+ 1+ 2 =108 octets or 13,5 octets. Twelve of these frame pair packets are
combined to fill the 162 octet (1 296 bit) feature stream. When the feature stream is combined with the overhead of the
synchronization sequence and the header, the resulting format requires a data rate of 5 600 bit/s.

All trailing frames within a final multiframe that contain no valid speech data will be set to all zeros.

7 Bit-stream decoding and error mitigation

7.1 Introduction

This clause describes the algorithms used to decode the received bitstream to regenerate the speech feature vectors. It
also covers the error mitigation algorithms that are used to minimize the consequences of transmission errors on the
performance of a speech recognizer and/or a back-end speech reconstructor.

7.2 Algorithm description

7.2.1 Synchronization sequence detection

The method used to achieve synchronization is not specified in the present document. The detection of the start of a
multiframe may be done by the correlation of the incoming bit stream with the synchronization flag. The output of the
correlator may be compared with a correlation threshold (the value of which is not specified in this definition).
Whenever the output is equal to or greater than the threshold, the receiver should decide that a flag has been detected.
For increased reliability in the presence of errors the header field may also be used to assist the synchronization method.
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7.2.2 Header decoding

The decoder used for the header field is not specified in the present document. When the channel can be guaranteed to
be error-free, the systematic codeword structure allows for simple extraction of the message bits from the codeword. In
the presence of errors, the code may be used to provide either error correction, error detection, or a combination of both
moderate error correction capability and error detection capability.

In the presence of errors, the decoding of the frame packet stream in a multiframe is not started until at least two
headers have been received in agreement with each other. Multiframes are buffered for decoding until this has occurred.
The header block in each received multiframe has its cyclic error correction code decoded and the "common
information carrying bits" are extracted. With the header defined in the present document the ""common information
carrying bits" consist of SampRate, FeType, Ext, and EXP1- EXP8 (expansion bits).

NOTE: Theuse of EXPL1 - EXP8 depends on the type of information they may carry in the future. Only those bits
which do not change between each multiframe are used in the check of agreement described above.

Once the common information carrying bits have been determined then these are used for all the multiframesin a
contiguous sequence of multiframes.

7.2.3 Feature decompression

Codebook, pitch, and class indices are extracted from the frame packet stream, with optional checking of CRC and
PC-CRC (back-end handling of frames failing the CRC and PC-CRC check is specified in clause 7.2.4). Using the
codebook indices received, estimates of the mel-cepstrum and |ogE features are extracted with aVQ codebook lookup.

P‘ (m) } =Quity 17024..12 (7.0)
yi +1(m)

From the pitch and class indices, the voicing class feature is extracted as specified in table 5.2. For non-speech and
unvoiced frames, the pitch period is indeterminate. For a mixed-voiced or (fully) voiced frame, the pitch period is
estimated from the pitch index as follows. For aframe with absolute pitch quantization (m even), the pitch index
directly specifies the quantized pitch period. For aframe with differentia pitch quantization (m odd), the pitch index
specifies the factor by which the reference has to be multiplied. The reference, which can be the quantized pitch period
value of any one of the preceding three frames, is obtained using the rules of table 5.3. If no suitable reference is
available (Row 1 of table 5.3), then the pitch index directly specifies the quantized pitch period.

7.2.4 Error mitigation

7241 Detection of frames received with errors

When transmitted over an error prone channel, the received bitstream may contain errors. Two methods are used to
determine if aframe pair packet has been received with errors:

. CRC and PC-CRC: The CRC recomputed from the codebook indices of the received frame pair packet data
does not match the received CRC for the frame pair, or, the PC-CRC recomputed from the pitch and class
indices of the received frame pair packet data does not match the received PC-CRC for the frame pair, or both.

. Data consistency: A heuristic algorithm to determine whether or not the decoded parameters for each of the
two speech vectorsin aframe pair packet are consistent. The details of this a gorithm are described below.

The parameters corresponding to each codebook index, idxi: i*1, of the two frames within a frame packet pair are
compared to determineif either of the indices are likely to have been received with errors:

it (yi (mD)=y; ()T ) OR (¥j41(MHD) =Y} 49(m) ) Ti41)

1
badindexflag, = {0

otherwise

i=0,2..12 (7.2)
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The thresholds T; have been determined based on measurements on unerrored speech. A voting algorithm is applied to

determine if the whole frame pair packet isto be treated asiif it had been received with transmission errors. The frame
pair packet is classified as received with error if:

) badindexflag, =2
i=0,2,..12 (73)

The data consistency check for errored dataiis only applied when frame pair packets failing the CRC test are detected. It
is applied to the frame pair packet received before the one failing the CRC test and successively to frames after one
failing the CRC test until one isfound that passes the data consistency test. The details of this algorithm are shown in
the flow charts of figures 7.1 and 7.2.

7.2.4.2 Substitution of parameter values for frames received with errors

The parameters from the last speech vector received without errors before a sequence of one or more "bad" frame pair
packets and those from the first good speech vector received without errors afterwards are used to determine
replacement vectors to substitute for those received with errors. If there are B consecutive bad frame pairs
(corresponding to 2B speech vectors) then the first B speech vectors are replaced by a copy of the last good speech
vector before the error and the last B speech vectors are replaced by a copy of the first good speech vector received after
the error.

In the presence of errors, the decoding of the frame packet stream in a multiframe is not started until at least two
headers have been received in agreement with each other. Multiframes are buffered for decoding.

7.24.3 Modification of parameter values for frames received with errors

The logE, pitch, and class parameters of frames received with errors are modified as follows after the substitution step
described in clause 7.2.4.2. This modification step affects only back-end speech reconstruction - it does not affect
speech recognition.

First, a 3-point median filter is applied to the logE parameter. The median value of the logE parameters of the
preceding, current, and succeeding frames replaces the logE parameter of the current frame. The median filter is
switched on only after the first frame error has been detected. In other words, there is no median filtering for an
error-free channel.

Second, the logE, pitch, and class parameters of frames received with errors are modified according to the runlength of
errors. Let the runlength of errors be 2B frames. If 2B islessthan or equal to 4, no parameter modificationis done. In
this case, because of the substitution step in clause 7.2.4.2, the first B frames receive their parameters from the good
frame on the left (before the error) and the next B frames receive their parameters from the good frame on the right
(after the error).

For arunlength greater than 4 but less than or equal to 24, the parameter modification is done as follows. The
parameters of the first two frames and last two frames are not modified. From the 3/ frame to the Bth frame, the logE
parameter is decreased linearly from left to right by 2 per frame. The value of the logE parameter is however not
allowed to go below 4,7. If these frames are (fully) voiced, then they are modified to mixed-voiced frames. The pitch
parameters are not changed. From the (2B-2)th frame to (B+1)t" frame (both inclusive), the logE parameter is decreased
linearly from right to left by 2 per frame with afloor value of 4,7. Fully voiced frames are modified to mixed-voiced
frames and the pitch parameters are not modified.

If the runlength of errorsis greater than 24, then the first 12 and the last 12 frames are handled exactly as above. The
remaining (2B-12) framesin the middle are modified as follows. The logE parameter is set to 4,7, the class parameter is
set to "unvoiced", and the pitch parameter is indeterminate.
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Figure 7.1: Error mitigation initialization flow chart
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Figure 7.2: Main error mitigation flow chart
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8 Server side speech reconstruction

8.1 Introduction

This clause describes the server side speech reconstruction algorithm. Speech is reconstructed from feature vectors that
have been decoded from the received bit stream and error-mitigated. Each feature vector consists of the following

16 parameters - 13 Mel-Frequency Cepstral Coefficients (MFCC) C, through C;,, the log-energy parameter logE, the
pitch period value P, and the voicing class VC. The reconstructed speechisin digitized form and is provided at a
sampling rate of 8 kHz, 11 kHz or 16 kHz respectively depending on the sampling rate of the input speech from which
the feature vectors have been extracted.

The specification also covers a pitch tracking and smoothing algorithm, which is applied to the pitch (and class)
parameters before they are used for speech reconstruction.

8.2 Algorithm description

The reconstruction algorithm synthesizes one frame of speech signal from each MFCC vector and the corresponding
logE, pitch and voicing class parameters. Frame synthesisis based on a harmonic model representation. The model
parameters, viz., harmonic frequencies, magnitudes, and phases, are estimated for each frame and a complex spectrum
(STFT) of the frame is computed. The complex spectrum is then transformed to time-domain representation and
overlap-added with part of the speech signal already synthesized.

8.2.1 Speech reconstruction block diagram

Speech reconstruction block diagram is shown in figure 8.1.

JVPH

MFCC, logE HSI SEE
—_—
pitch HOC COM |¢
—»
PTS

APM

speech

JPFL_ILSTD OLAF—

CT™

voicing
class

APM All-Pole spectral envelope Modelling

COMB  Combined magnitudes estimate calculation
CT™M Cepstra To Magnitudes transformation

HOCR High Order Cepstra Recovery

HSI Harmonic Structure Initialization

LSTD Line Spectrum to Time-Domain transformation
OLA OverLap-Add

PF PostFiltering

PTS Pitch Tracking and Smoothing
SFEQ Solving Front-End eQuation
UPH Unvoiced PHase synthesis

VPH Voiced PHase synthesis

Figure 8.1: Speech reconstruction block diagram

8.2.2 Pitch tracking and smoothing

The input to the Pitch Tracking and Smoothing block (PTS) is a set of successive pitch period values P[], log energy
values |ogE[ n] and voicing class values VC[ n] . (Zero pitch period indicates either an unvoiced frame or non-speech
frame.) The outputs are the corrected values Py;,q [ N] Of pitch period and VCy,q [N] Of voicing class.
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Pitch processing is donein three stages. Then the voicing class value correction is performed.

The three stages of pitch processing require three working buffers to hold the pitch values of successive frames and
possibly the log-energy of the frames (for the first stage only). Each stage introduces further delay (look-ahead) in the
output pitch value. The buffer length L (an integer number of frames) is the sum of the number of look-ahead frames
(the delay) D, the number of backward frames (the history) H, plus one which is the current output frame at that stage
(i.e.L= D+ H + 1). Each stage produces a hew output value, which is pushed at the top (at the end) of the next stage
buffer. All other valuesin the buffer are pushed one frame backwards, with the oldest value discarded. This
configuration is described in figure 8.2.

Input

v

[----] T ] mostrecent

D1

01
Stage 1. Oldest| | |

Stage 2: [ ]----

Stage 3: [ [---]

Output

Figure 8.2: Buffers of the three-stage pitch tracking and smoothing algorithm

Thetotal look-ahead (in frames) required for the correction of current pitch value, and therefore the delay introduced by
the PTSblock is: D=D1+D2+D3. The delay and history values used are:

First stage: D1=8, H1=10 (therefore L1=19);
Second stage: D2=H2=1 (therefore L2=3);
Third stage: D3=H3=2 (therefore L3=5).

And the total delay is 11 frames.

All the three stage buffers are initialized by zero values. Each coordinate of the energy buffer used at the first stageis
initialized by -50.

In the description of the three-stage pitch tracking algorithm the terms "voiced frame" and "unvoiced frame" are
redefined. A frameis referred to as voiced frameiif it is either of "fully voiced" or of "mixed-voiced" class. A frameis
referred to as unvoiced if it is of "unvoiced" or "non-speech"” class.

8.2.2.1 First stage - gross pitch error correction

Let p[n], n=0, 1, ..., L1-1 be the pitch period values of the first stage buffer, such that p[L1-1] isthe most recent value
(the new input pitch), and p[ 0] isthe oldest value. A pitch value of zero indicates an unvoiced frame. Similarly, thereis
abuffer of the same length holding the energy values.

The output pitch of the first stage has adelay of D1 frames compared to the most recent frame in the buffer. The
processed frame has D1 frames look-ahead and H1 backwards frames. A new pitch value P, associated with the

location n=H1 in the buffer has to be calculated and pushed to the second stage pitch tracking.

If the frame is unvoiced (i.e. p[H1] ==0) then P, ,=0 aswell.

If the frame is voiced, but there are unvoiced frame at both sides (i.e. p[H1] !=0, p[H1-1] ==p[H1+1]==0), then
Pout:0-

If the frame is voiced, and is a member of a voiced segment of only two frames, then the similarity between the pitch

values of the two voiced frames is examined as described below. If they are similar, then no change is made to the pitch
value, i.e. P, =p[H1]. Otherwise, the frame is reclassified as unvoiced, P, ;=0.
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In the remaining cases, the output pitch value P, will be assigned the value p[H1], or it may be assigned an integer

multiplication or integer divide of p[H1]. To do this, first the voiced segment in which the frame H1 islocated inis
identified. This voiced segment can extend D1 frames ahead and H1 frames backwards at the most. It will be shorter if
there are unvoiced frames in the buffer. Then, areference pitch value is extracted using the information from the
neighbouring frames in the voiced segment. Finally, the output pitch value of the first stageis identified.

Similarity measure.

Two (positive) pitch periods P, and P, are declared as similar if for agiven similarity factor p >1the following istrue:
pxRz2F2R/p

A similarity factor of 1,28 is used to check the similarity of two pitch periods of successive frames (i.e. 10 ms apart). A
factor of 1,4 is used for pitch periods that are two frames apart (20 ms).

Relevant framesidentification.

The voiced segment in which the current frame (in position H1) is located and its pitch and energy values are copied to
atemporary buffer. The pitch values of this segment are notified by q[n], n=0,1,...N-1 and the corresponding log-
energy valuesase[n], n=0,1,...,N-1. Here N is the number of frames in the voiced segment. (Notethat 2< N < L1.)
Figure 8.3 describes the indexing of the voiced segment. "U" represents an unvoiced frame, and "V" avoiced frame.
Location K in the voiced segment now represents the current examined frame (p[ H1] , for which afirst stage output
pitch value must be cal culated).

voiced segment
01 K N-1

uvy VVyVv v u
oidest [ T T [~ JII T [ [ ] mostrecent

H1 D1

Figure 8.3: Location of a voiced segment within the first stage buffer

The purpose of the following process isto identify the set of frames that have similar pitch values, and their total energy
isthe greatest. To do that, the N pitch values are sorted according to ascending pitch values. The sorted pitch values are
then divided into groups. A group contains one or more consecutive sorted pitch periods, such that neighbouring pitch
values are similar (with the similarity factor 1,28) in the sense defined above. The pitch values are processed from the
smallest to the largest. When the similarity is violated between the consecutive sorted pitch values, the previous group
is closed and anew group is opened.

For each group, the total energy of all framesin the group is calculated. The group that has the biggest total energy is
selected. All other frames that are not within the selected group are marked as deleted in the original (unsorted) voiced
segment temporary buffer g.

Reference pitch value calculation.

One or more pitch tracks are identified in the voiced segment (represented by the buffers g and €). The tracking is done
only on the frames that were not deleted by the relevant frames identification process. If frame K (examined frame of
the stage 1) was not deleted, it will be included in one of the pitch tracks. A pitch track is defined as a set of successive
undel eted voiced frames, whose neighbouring pitch values are similar in the above specified sense. The energy of each
pitch track is the sum of the log-energy of al its frames.

After all the pitch tracks are identified, the one with the biggest energy is examined. The reference pitch P, is defined

as the pitch value in the selected track that is closest to position K. If the selected pitch track includes frame K, it means
that the reference pitch is exactly the pitch value of the examined frame (meaning it will not change at the first stage of
processing).
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First stage output calculation.

Let p; and p, be two positive numbers. We define the distance measure Dist(p;,p,) in the following way:

P B

Dist(p,, p,) =
YT g+,

Given areference pitch value P, and the pitch value of the current examined frame p[ H1], the new pitch value P, ; is
calculated as specified by the following pseudo code:
| NTEGER SCALI NG
{
if (Re == p[HI)
P == p[HI):
elsaif (P, > p[H1])
{
Q=ceil(Ry /p[H1):

M =argmin Dist(P ,mx p[H1):

m=1,...,.Q
Pu =M x p[HI];
}
else
{
Q=ceil(p[HL/Ry):
M =argmin Dist(mx P, p{H1):
m=1,...,Q
P, =pHY/M;
}
if (M ==2)
{
if (Re > p[HI)
{
if (L4 Dist(P, ,2p[H1)> Dist(P,, p[H1])
P = PIHI:
}
if (R < pHI)
{
if (L4xDist(2P, , p[H1])> Dist(P,, pH1)
Pu = PIHY:
}
}
}
8.2.2.2 Second stage - voiced/unvoiced decision and other corrections

Let p[n], n=0,1,2 (L2=3) be the pitch period values of the second stage buffer, such that p[ 2] isthe most recent value
(the new output of the first stage), and p[ Q] isthe oldest value. An output value will be associated with the middle

location n=1 in the buffer, and will be marked P.

Pout Will be assigned the value of p[ 1], unless one of the following occurs.

. If al three frames are voiced, and p[ 2] is similar to p[ 0], then we examine the middle value p[1] . If it is hot
similar (with p =1,28) to the average of p[2] and p[0], the output value P, will receive this average value

instead of p[1].
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. If p[0] and p[2] are voiced and similar, and if p[1] is unvoiced, then the output frame will be voiced with a
pitch P, ; equal to average of p[0] and p[2] . Here the similarity is evaluated using a similarity factor of

p =1,28 instead of 1,4, even though the pitch values to be compared are two frames apart.

. If the oldest frame in the buffer is unvoiced (p[ 0] ==0) and the two other frames are voiced, or if the most
recent frame is unvoiced (p[ 2] ==0) and the two other frames are voiced, then the similarity between the two
voiced frames is examined. If they are not similar, then the output frame will be unvoiced, i.e. Py ;=0.

8.2.2.3 Third stage - smoothing

Letp[n],n= 0,1, ..., L3 - 1 be the pitch period values of the third stage buffer, such that p[L3-1] isthe most recent
value (the new output of the second stage), and p[ 0] isthe oldest value. L3 is odd. An output value will be associated
with the middle location (L3-1)/2 in the buffer, and will be marked pyyeg-

If there is an unvoiced frame in the middle location (i.e. p[ (L3-1)/2] ==0) then the output frame is also unvoiced and
Prixeq=0- Otherwise, afiltering operation is performed by weighting a modified version of al the pitch valuesin the

buffer as described below.

A new set of pitchvaluesq[n],n=0, 1, ..., L3 - 1 isderived from the current values p[n] in the third stage buffer,
according to the following rules:

. q[(L3-1)/2] = p[(L3-1)/2].
. For each n, if p[n]==0 (unvoiced frame) then q[n] = p[(L3-1)/2].

. All other pitch values are multiplied by an integer or divided by an integer, such that they become as close as
possible to the value of the middle frame p[ (L3-1)/2]. That is, g[n] = Mxp[n] or g[n]=p[n]/M where M isan
integer greater or equal one. The exact calculation of the new value is done as is described by the pseudo code
titled INTEGER SCALING in the clause 8.2.2.1 above wherein the variables substitution should be done as:

Prer by P[(L3-1)/2], p[H1] by p[n], and Py, by q[n].
The final output pitch is calculated in the following way:

L3-1

Plixed = Zq[n] x h[n]

where;

h[0]=1/9, h[1]=2/9, h[2]=3/9, h[3]=2/9, h[4]=1/9, (L3 =5).

8.2.24 Voicing class correction

The input for the voicing class correction are three voicing class values VC[ n-1], VC[ n] and VC[ n+1] associated
with three consecutive frames, and pitch values before and after the tracking procedure associated with the middle
frame n and marked as P and py;,oq Correspondingly. The output of this processing step is a corrected voicing class
value VC;;,oq associated with the middle frame n. VC[n-1] isinitialized by zero when the very first frame is processed.
The processing is described by the following pseudo code:

{

if (V[ n-1] =="m xed-voi ced" AND VC[ n] =="ful |l y-voi ced" AND V([ n+1] != "fully-voiced")
VCiixed = "M xed-voi ced";
el se
VCrixed = VC[ N] ;
if (P::0 AND pfixgj!: 0)
VCiixes = "M Xxed-voi ced";
elseif (P!=0 AND pfixed == 0)
VCiixed = "UnNvoi ced";
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8.2.3 Harmonic structure initialization

Inputs for the harmonic structure initialization (HSI) block are the pitch value Py;yoq and the voicing class val ue VCijyq

corresponding to the current frame being synthesized. The HSI block produces modified values of the input parameters
and array(s) of harmonic-elements.

The pitch value representing a period duration in 8kHz samples is transformed to the actual sampling rate:
P = P X fs/8 (8.1)

The reconstruction algorithm treats non-speech frames and unvoiced framesin the same way. Consequently the voicing
class value is modified as:
if (VCixea == "non-speech")

vc = "unvoi ced";

el se
VC = VCfixed;

The modified voicing class VC has one of the three possible vaues: "fully-voiced", "mixed-voiced", and "unvoiced".
Accordingly we refer to the frame being synthesized as fully-voiced, mixed-voiced or unvoiced.

For afully-voiced frame an array VH = {Hy, k=1,...,N,} of harmonicsisallocated. Each harmonic
H, =(f.,A.®,) isrepresented by anormalized frequency f,, magnitude A, and phase @, values. The number of
harmonics N, is:

N, = floor (p/2) (8.2)

The normalized frequency f associated with k-th harmonic is set to:

fe =k/p (8:3)
For an unvoiced frame an array UH = {H,, k=1,...,N,} of harmonicsis allocated. The number of harmonics N,, is:
N, =FFTL/2-1 (8.9)
The normalized frequency associated with k-th harmonic is set to:
f, =k/FFTL (8.5)
For a mixed-voiced frame both VH and UH arrays are allocated.

The HS block does not set values of the harmonic magnitudes and phases. Thisis a subject of the further processing.

The elements of the VH-array will be henceforth referred to as voiced harmonics, and the elements of the VU-array as
unvoiced harmonics.

8.2.4 Unvoiced Phase (UPH) synthesis

Theinput for the Unvoiced Phase synthesis (UPH) block isthe UH array of unvoiced harmonics. Thusthe block is
entered only if the vC_variable valueis either "unvoiced" or "mixed-voiced". The block sets phase values
{#.k=1,...,N,} associated with the array elements (unvoiced harmonics). The phase values are obtained by a generator

of pseudo random uniformly distributed numbers, and they are scaled to fit into the interval [0t 2. A new vector of
phase values is generated each time the UPH block is entered.

8.2.5 Harmonic magnitudes reconstruction

Harmonic magnitudes reconstruction is done in three major steps. An estimate A" of the magnitudes vector is obtained
in the SFEQ block. Another estimate Al of the magnitudes vector is obtained in the CTM block. Then afinal estimate A
is calculated in the COMB block by combining A" with Al
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The harmonic magnitudes are estimated from the Mel-Frequency Cepstral Coefficients (MFCC) and the pitch period
value (clauses 8.2.5.2 t0 8.2.5.4). At the front-end, only 13 of the 23 possible MFCC's are computed (clause 4.2.11),
compressed, and transmitted to the back-end. The remaining 10 values, C, 3 through C,,, referred to as high order

cepstra here, are simply discarded, i.e. not computed. Clearly, if these missing values are available, the harmonic
magnitudes can be estimated more accurately. The HOCR block attemptsto at least partially recover the missing high
order cepstral information for voiced frames (both mixed and fully voiced). This recovery process continues further
within the Solving Front-Equation (SFEQ) block as described below in clause 8.2.5.2. For unvoiced frames, the high
order cepstra are not recovered.

The recovery of high order cepstrais achieved through lookup tables (tables 8.1 to 8.3) using the pitch period as a
parameter. These tables were generated by analysing a large speech database and computing the average value of

(uncompressed) high order cepstra over all frames with pitch values falling in the appropriate range.

Table 8.1: High order cepstra for different pitch ranges (8 kHz sampling)

Pitch Cysthru C,, Pitch Cysthru C,, Pitch Cisthru C,, Pitch C,sthru C,,
Range range range range

3,294131E+00 -2,988516E-01 1,752766E-01 -1,393523E-01
1,879188E+00 -8,849008E-01 -1,175471E-01 -1,065410E+00
9,031433E-01 | 40< -5,150088E-01 | 53 < 4,111699E-01 | 67 < 6,370883E-02
p -6,946425E-01 p -8,201993E-01 p 4,214908E-01 p -5,321652E-01
<25 -2,741839E-01 | <41 -9,407813E-01 | <54 5,142949E-01 | <68 3,508367E-01
9,019766E-01 -1,197148E+00 2,668873E-01 -2,175000E-01
1,502901E+00 -7,192041E-01 2,669893E-01 1,575631E-01
5,457747E-01 -2,216629E-01 -2,565804E-02 -1,793344E-01
2,176694E-01 | 41 < 2,389476E-01 | 54 < 4,410679E-02 | 68 < -9,548394E-02
25 < 5,524537E-01 p 2,304727E-01 p 5,593655E-04 p -1,626251E-01

p <42 <55 <69
<29 -3,5617185E-01 -1,692750E-01 1,542231E-01 -6,432290E-02
-1,103502E+00 -7,110255E-01 -1,363242E-01 -1,072603E+00
-2,396688E-01 -3,592656E-01 5,465631E-01 2,318707E-02
-5,023954E-01 | 42 < -5,792361E-01 | 55 < 4,052597E-01 | 69 < -5,277231E-01
29 < -6,816051E-02 p -9,034623E-01 p 4,404614E-01 p 2,949342E-01
p -2,993481E-01 | <43 -1,027697E+00 | <56 2,150040E-01 | <70 -2,091611E-01
<30 1,310237E-02 -7,302259E-01 3,143147E-01 1,345669E-01
-1,283895E-01 -4,110435E-01 4,376205E-02 -1,956731E-01
-2,207362E-02 -1,232714E-01 1,059225E-01 -8,480399E-02
-4,813484E-02 | 43 < -4,008306E-02 | 56 < -2,500212E-03 | 70 < -1,673282E-01

30<

p -1,393348E+00 | < 34 -1,372496E-01 | < ?38 2,732437E-01 | < F;l -5,622257E-02
<31 -9,585445E-01 -6,080195E-01 -3,639484E-01 -1,076187E+00
7,983048E-01 -2,807112E-01 6,189037E-01 -6,939828E-02
1,146215E+00 -4,264785E-01 2,314612E-01 -4,716512E-01
8,490435E-01 | 44 < -6,480206E-01 | 5g <« 5,251961E-01 | 71 < 1,736834E-01
31 < -1,313370E-01 p -8,858252E-01 p 2,298868E-01 p -1,633613E-01
p -1,348895E+00 | <45 -6,590320E-01 | . 5g 3,155471E-01 | - 7o 1,204333E-01
<32 -1,489402E+00 -5,895118E-01 6,287218E-02 -1,988844E-01
-3,404197E-01 -3,504879E-01 1,176859E-01 -9,681459E-02
3,550971E-01 -1,844929E-01 1,915457E-02 -1,600474E-01
-1,806770E+00 | 45 < 2,773138E-02 | g5g « 2,744928E-01 | 75 < -1,387690E-01
32 < -1,593115E+00 p -5,146922E-01 p -4,139554E-01 p -1,106376E+00
p -2,750653E-02 | _ 46 5,568316E-03 | 5o 3,776372E-01 | _'73 -7,631757E-02
<33 6,877274E-01 -3,666849E-01 1,759360E-01 -4,575221E-01
8,805254E-01 -4,899669E-01 5,221393E-01 6,408327E-02
1,137417E-01 -7,897312E-01 1,249147E-01 -1,516200E-01
-8,289580E-01 46 < -6,561837E-01 60 < 3,310523E-01 73 < 1,511662E-01
33 < -1,188777E+00 p -6,008886E-01 D 4,418805E-02 D -1,819421E-01
D -3,945412E-01 | _ 47 -3,987320E-01 | _ 61 7,021046E-02 | _ 74 -6,963367E-02
<34 1,272422E-01 | -1,921384E-01 | 5,348071E-02 | ~ -1,752035E-01
-2,109219E+00 9,633469E-02 1,091691E-02 -3,357490E-01
-2,148034E+00 47 < -4,281098E-01 61 < -4,028163E-01 74 < -1,040818E+00
34 < -6,176175E-01 p 1,519668E-01 D 4,389749E-01 D -7,767339E-02
D 3,498008E-01 -1,898231E-01 5,693171E-02 -4,978964E-01
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Pitch C,sthru C,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,
Range range range range

<35 7,252700E-01 | <48 -4,036781E-01 | <62 4,589326E-01 | <75 7,351060E-02
4,283130E-01 -6,767984E-01 1,050263E-01 -2,345509E-01
-1,095525E-01 -6,498718E-01 2,530933E-01 1,979697E-01
-6,075157E-01 -6,409187E-01 3,224460E-02 -2,042752E-01
35< -5,468144E-01 | 48 < -4,282145E-01 | 62 < 7,309323E-02 | 75< -3,967336E-02
p -3,470269E-01 p -2,063774E-01 P 6,794002E-03 P -1,729749E-01

<36 <49 <63 <76
-2,328319E+00 5,128368E-02 1,553257E-01 -3,363196E-01
-2,647131E+00 -3,322522E-01 -5,752975E-01 -1,074411E+00
-1,144696E+00 2,163569E-01 4,054688E-01 -2,692610E-02
6,951346E-03 -5,868236E-02 1,875337E-02 -5,193648E-01
36 < 5,625280E-01 | 49 < -1,891985E-01 | 63 < 5,092713E-01 | 76 < 7,648631E-02
p 5,844895E-01 p -5,643914E-01 p 6,860561E-02 p -2,812090E-01
<37 6,877614E-01 | <50 -5,151935E-01 | <64 2,508796E-01 | <77 1,832394E-01
-6,197921E-02 -6,299446E-01 -3,798583E-02 -1,808847E-01
-6,763814E-01 -4,192819E-01 8,072541E-02 -2,877708E-02
-7,744182E-01 -2,077382E-01 1,236025E-02 -1,580936E-01

37< 50 < 64 < 77 <
p -2,285553E+00 p 1,461182E-01 p -2,376247E-02 p -2,988284E-01
<38 -2,963302E+00 | <51 -2,911482E-01 | <65 -5,097925E-01 | <73 -1,103823E+00
-1,709311E+00 3,839266E-01 3,516957E-01 -7,370897E-02
-3,844131E-01 2,960237E-02 9,448875E-02 -5,530614E-01
3,183937E-01 -5,351829E-02 4,472362E-01 1,833754E-01
38< 7,880205E-01 | 51 < -3,594112E-01 | g5 < 1,127977E-02 | 7g < -3,555229E-01
p 1,181769E+00 p -4,609720E-01 p 2,190847E-01 p 1,393937E-01
<139 5,101148E-01 | . 5» -6,115775E-01 | g6 2,546498E-02 | .79 -1,843326E-01
-5,748582E-01 -4,624372E-01 4,532406E-02 -1,045751E-02
-8,982629E-01 -2,581518E-01 2,105376E-02 -1,086657E-01
39< -2,209689E+00 | gy « 2,588957E-01 | gg < -3,531601E-02 | 79 <« -3,463852E-01
P -2,738691E+00 P -2,987848E-01 P -5,711497E-01 P -1,078285E+00
<40 -1,912894E+00 | _ 53 4,147992E-01 | g7 2,974023E-01 | _'gq -5,001788E-02
-8,599744E-01 1,316073E-01 -2,028426E-03 -5,862272E-01
4,213742E-02 1,505384E-01 4,524812E-01 1,787949E-01
7,944544E-01 -2,270889E-01 -6,431431E-02 -3,795385E-01
1,300180E+00 -2,973209E-01 1,546494E-01 9,429462E-02
6,619403E-01 -5,367760E-01 -5,980445E-02 | g4 . -1,805439E-01
-2,124371E-01 -4,535146E-01 4,092953E-02 D -2,699836E-02

-6,700241E-01

-1,661505E+00
-2,372858E+00
-1,909757E+00
-1,278248E+00
-2,025693E-01
5,020906E-01
1,144470E+00
6,584050E-01
1,422871E-01
-1,906929E-01

-1,323904E+00
-1,767607E+00
-1,779609E+00
-1,379924E+00
-6,683853E-01
1,410876E-01
6,331957E-01
5,338485E-01
4,527746E-01
2,962149E-01

-8,933408E-01
-1,459709E+00
-1,310935E+00
-1,384499E+00

-3,024792E-01

2,297968E-01
-2,975205E-01
4,372300E-01
2,196309E-01
2,414933E-01
-1,025894E-01
-1,543293E-01
-4,685154E-01
-3,766788E-01
-2,629635E-01

2,877707E-01
-2,252190E-01
4,797849E-01
2,568238E-01
3,591473E-01
-6,040132E-03
-1,599351E-02
-3,189542E-01
-3,349573E-01
-2,167672E-01

2,098745E-01
-2,310972E-01
5,116026E-01
2,493115E-01

2,486595E-03

2,147347E-02
-6,174898E-01
1,995171E-01
-1,478089E-01
4,182756E-01
-6,741808E-02
1,509666E-01
-9,877002E-02
5,548984E-02
-1,516375E-02

-4,881799E-02
-7,272697E-01
2,093155E-01
-1,675496E-01
3,912781E-01
-9,287293E-02
1,142080E-01
-1,058651E-01
3,111744E-03
-2,473840E-02

-1,233369E-01
-8,680894E-01

2,350561E-01
-3,523748E-01

-6,708920E-02

-1,634159E-01
-1,253244E+00
-2,401476E-02
-7,135424E-01

1,299647E-01
-3,569654E-01

3,508006E-02
-1,579050E-01
-3,878338E-02
-6,297522E-02

-5,496578E-02
-1,314187E+00
-2,389390E-02
-7,930011E-01

6,372795E-02
-4,334946E-01

5,706436E-02
-1,314620E-01
-3,085178E-02
-4,978850E-02

-4,740081E-02
-1,408440E+00

1,902080E-02
-8,696354E-01
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Pitch C,sthru C,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,
Range range range range

-9,453042E-01
-4,160211E-01
1,477768E-01
2,974642E-01
6,838222E-01
6,062507E-01

-7,088845E-01
-1,230544E+00
-9,357001E-01
-1,034249E+00
-1,057516E+00
-8,781891E-01
-3,092404E-01

1,260653E-01

7,202828E-01

6,493044E-01

-5,750586E-01
-1,024682E+00
-8,594348E-01
-8,730156E-01
-1,012759E+00
-1,139837E+00
-6,131858E-01
-3,085556E-02

5,150890E-01

4,728776E-01

4,376403E-01
1,159550E-01
1,265852E-01
-2,158664E-01
-2,126734E-01
-1,743655E-01

2,331659E-01
-1,213713E-01
5,016556E-01
3,452590E-01
4,266254E-01
1,766788E-01
2,166634E-01
-1,406473E-01
-9,039140E-02
-1,136983E-01

1,956274E-01
-6,157059E-02
5,553829E-01
3,631779E-01
4,846472E-01
1,054959E-01
2,815528E-01
-2,832542E-02
-1,050620E-02
-3,441706E-02

3,619746E-01
-9,724603E-02
1,535049E-01
-1,435163E-01
-4,990274E-02
-2,600003E-02

-1,284105E-01
-9,707058E-01

2,352113E-01
-3,668477E-01

3,522376E-01
-1,655475E-01

1,216727E-01
-1,268461E-01
-1,038426E-01
-5,855845E-02

-1,355420E-01
-1,138031E+00

1,837333E-01
-4,721983E-01

3,377192E-01
-1,789617E-01

1,788783E-01
-1,532787E-01
-1,053026E-01
-1,182124E-01

6,922893E-02
-5,147804E-01
1,066057E-02
-1,066578E-01
-2,634774E-02
-2,722837E-02

-6,620023E-02
-1,405944E+00
-8,409542E-03
-8,138001E-01

6,096114E-02
-5,707809E-01
-5,838640E-02
-1,276284E-01
-9,554439E-03
-3,698357E-03

-1,253647E-01
-1,221195E+00
-4,560992E-02
-6,385362E-01

1,036283E-01
-4,404687E-01
-8,734322E-02
-1,534337E-01
-5,258718E-02
-3,601738E-03

-3,517185E-01
-1,103502E+00
-2,396688E-01
-5,023954E-01
-6,816051E-02
-2,993481E-01

1,310237E-02
-1,283895E-01
-2,207362E-02
-4,813484E-02

ETSI




Table 8.2: High order cepstra for different pitch ranges (11 kHz sampling)

52

Final draft ETSI ES 202 211 V1.1.1 (2003-08)

Pitch Cisthru C,, Pitch C,sthru C,, Pitch Cysthru C,, Pitch C,sthru C,,
range range range range
5 626050E-02 6,594623E-01 -5,985192E-01 -8,699980E-01
4,010505E-01 -4,052819E-01 -5,292195E-01 -5,130804E-01
9,829021E-01 | 40 < -5,949365E-01 | 53 < -6,240759E-01 | 67 < -5.766745E-01
P 8,026245E-01 | p -3,509615E-02 | p 8,768867E-03 | p -4,153023E-01
<25 4,193927E-03 | <41 -2.652443E-01 | <54 5,093549E-02 | <68 1,090937E-02
-3,766599E-01 -6,140299E-02 1,432854E-01 -9,835050E-02
-7.377624E-01 -2.546754E-01 3,483640E-01 5.715146E-02
-6,102725E-01 -6,026013E-01 -1,074831E-01 -4.872324E-02
2,690858E-02 | 41 < -4.842791E-01 | 54 < 7,235842E-02 | 68 < -7.950265E-02
25 < 3,398350E-01 | p -3,309598E-01 | p -2,788544E-02 | -5,391960E-04
p <42 <55 <69
<29 -5,403826E-01 6,159833E-01 -5,348074E-01 -7,577375E-01
-7.297218E-01 -2.166754E-01 -6,087937E-01 -5.089230E-01
-7.981775E-01 -6,798998E-01 -6,908400E-01 -4,603150E-01
-4,187649E-01 | 42 < 1,045943E-01 | 55 < -8.651746E-02 | 69 < -4,425568E-01
29 < -3,296735E-01 | -1,157796E-01 | p -1,828480E-02 | p -4,194269E-03
D -6,503036E-02 | <43 1,127240E-01 | <56 1,647329E-01 | <70 -1.147042E-01
<130 -3,869137E-02 -1,591593E-01 3,555764E-01 2,104535E-02
-1,486998E-01 -4,188999E-01 -1,830124E-01 4,157012E-03
-9,623731E-02 -4,568502E-01 9,306553E-02 -1,119670E-01
-6,828123E-02 | 43 < -2,635819E-01 | 56 < -5,796085E-02 | 70 < 8,145819E-04
30 <
0 -2,120098E+00 | < 34 5,604003E-01 | < 28 -4,562387E-01 | < ‘;1 -6,471772E-01
<31 -2.603270E+00 -7.031132E-02 -7.160269E-01 -6,759631E-01
-1,961386E+00 -4,957428E-01 -7.286356E-01 -4,054322E-01
-6,437509E-01 3,095440E-02 -1,586156E-01 -3.794170E-01
-1,297146E-01 | 44 < -1,472567E-01 | &g < -2,752461E-02 | 77 < -1,011809E-01
31< 9,896320E-01 | 2,583736E-01 | 8,430930E-02 | -9,334780E-02
0 7,504307E-01 | <45 -5,709013E-02 | < '5g 2,411337E-01 | (70 3,991572E-02
<30 2.412817E-01 -2.277715E-01 -1,778228E-01 -1,564501E-02
-3,295308E-01 -2,509870E-01 4,920438E-02 -9,772810E-02
-5.005424E-01 -2.368541E-01 -3,671738E-02 -2.459401E-02
-2,325229E+00 | 45 « 3,903897E-01 | gg < -4,903277E-01 | 7, < -5,706857E-01
32 < -2,704816E+00 | " -1,453898E-01 | -7,073108E-01 | ) -7.904795E-01
0 -2,361322E400 | _yg -2,537936E-01 | _'gp 6,130755E-01 | _7g -3,469868E-01
<33 -8,539604E-01 1,069747E-01 -3,190579E-01 -3.812572E-01
-3.659675E-01 -1,764263E-01 -1,059218E-01 -1,517786E-01
9.933884E-01 3,500780E-01 9.667006E-03 -8.318068E-02
8,260861E-01 | 4 < 5,604815E-02 | 4 < 1,972758E-01 | 74 3.613629E-02
33 < 4,746376E-01 | -1,798330E-01 | 122709701 | ' -7.302897E-02
o 2,301564E-02 | _'_ 2,168454E-01 | & 3,240498E-02 | -, -3.424092E-02
< 2.725177E-01 | = -2.169755E-01 | -4.227853E-02 | -4,346391E-03
-1,017424E+00 2,083062E-01 -6,995904E-01 -7,399834E-01
-2,405833E+00 | - _ -2,430097E-01 | ¢, . -6,085395E-01 |, _ -7.475148E-01
a4 < 2,719004E+00 | 1 2,983543E-01 | 6,532067E-01 | ) -3.700922E-01
’ -1,101024E+00 | B 2918483E-01 | B 2,718156E-01 | _P_ -4.386602E-01
s -8,479526E-01 | = 4,478910E-02 | < 1,181321E-02 | = -4.668776E-02
< 7.480610E-01 3,493175E-01 -4,461569E-02 -1,611996E-01
6,160174E-01 1.187371E-01 2 147919E-01 8,287523E-02
5,446568E-01 | o _ 2,091469E-01 | ., _ -1297862E-01 | . _ -1,182228E-01
a5 < 3,330878E-01 | 4] 2651710601 | °7 8102247603 | " 1,637517E-02
5,541263E-02 -1,916646E-01 -4,309627E-02 -1,351070E-02
P <49 <63 <76
<36 -1,243290E+00 7,230666E-02 -8,721040E-01 -9,118970E-01
-1,502970E+00 -1,957404E-01 -5.641596E-01 -6,244987E-01
-2 559822E+00 -2.398411E-01 -6,915667E-01 -4.572108E-01
-1,132253E+00 2.689252E-01 -3,315040E-01 -4.725367E-01
-1.416679E+00 | 49°< 1,815998E-01 | 63 < -5,745752E-02 | 8 < 9,458130E-02
36 < 6,267955E-02 | P 4,484467E-01 | P -9,005700E-02 | P -2,499902E-01
P 1,259953€-01 | <90 1,459312E-01 | <64 2,321653E-01 | <77 1,249284E-01
<37 3,109652E-01 -1,775228E-01 -1,118844E-01 -1.241206E-01
7.334375E-01 -2.158363E-01 -2.671431E-02 1.874613E-03

ETSI




53 Final draft ETSI ES 202 211 V1.1.1 (2003-08)
Pitch CisthruC,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,
range range range range
3,803246E-01 | 50< -1,916764E-01 | 64 < -3,152244E-02 | 77 < -1,316657E-02
37< p p p
p -8,454075E-01 | <51 1,178002E-02 | <65 -7,592263E-01 | <78 -1,008204E+00
<38 -1,095878E+00 -3,857245E-01 -6,956729E-01 -5,179963E-01
-2,061551E+00 -1,687225E-01 -8,429078E-01 -4,310535E-01
-1,216612E+00 2,721840E-01 -2,097507E-01 -4,581129E-01
-1,412864E+00 | 51 < 2,954684E-01 | 65< -7,842355E-02 | 78 < 4,912210E-02
38< -4,129256E-01 p 5,211892E-01 p -9,745515E-02 p -1,774102E-01
p -1,334834E-01 | <52 1,927191E-01 | <66 2,900715E-01 | <79 1,246857E-01
<39 1,531512E-01 -1,046720E-01 -1,180824E-01 -1,000912E-01
6,831274E-01 -9,969496E-02 -2,032569E-02 -6,473759E-02
4,964894E-01 -1,734926E-01 -4,731339E-02 -3,739955E-02
52 < 66 < 79 <
39< -3,748133E-01 p -1,515269E-01 p -7,840617E-01 p -9,691091E-01
p -1,209845E+00 | <53 -4,677946E-01 | <g7 -6,243310E-01 | <gp -2,597100E-01
<40 -1,454594E+00 -2,049010E-01 -7,380188E-01 -6,116344E-01
-1,211848E+00 2,981386E-01 -2,557504E-01 -3,569628E-01
-1,344769E+00 3,095689E-01 -1,256430E-01 1,191660E-02
-6,566734E-01 5,104501E-01 -4,517741E-03 -1,772077E-01
-1,565127E-01 3,203006E-01 1,595486E-01 | g0 < 1,139856E-01
-3,826825E-02 -9,516710E-02 -4,156975E-02 p -8,539633E-02

3,767977E-01
2,408732E-01

-1,808773E-01
-8,466350E-01
-1,125851E+00
-1,139614E+00
-1,236157E+00
-9,769015E-01
-3,295964E-01
-2,809878E-01

9,442757E-02

4,975950E-02

1,510383E-02
-7,576004E-01
-8,305255E-01
-7,981105E-01
-1,161772E+00
-1,005999E+00
-5,391761E-01
-5,395351E-01
-1,266667E-01
-1,149153E-01

2,699264E-01
-6,047796E-01
-7,770238E-01
-4,898928E-01
-8,497359E-01
-7,969154E-01
-6,299004E-01
-9,179399E-01
-3,081430E-01
-2,666699E-01

2,106783E-01
-3,506425E-01
-7,600987E-01
-3,850166E-01
-4,434027E-01
-5,009282E-01
-5,068779E-01
-9,154452E-01
-5,526160E-01

-5,627316E-03
-1,145671E-01

-1,436440E-01
-5,484876E-01
-2,247336E-01
2,702981E-01
2,612287E-01
4,342051E-01
3,323809E-01
-9,497844E-03
4,865607E-02
-5,490477E-02

-1,022197E-01
-4,216861E-01
-3,195037E-01
1,615909E-01
2,488543E-01
3,378116E-01
3,185624E-01
3,267338E-03
9,593730E-02
-4,221760E-02

-2,112814E-01
-3,465334E-01
-3,546633E-01
1,054676E-01
2,405440E-01
3,210793E-01
2,927946E-01
3,703629E-03
9,307355E-02
-2,213902E-02

-2,539558E-01
-4,939324E-01
-3,880466E-01
-6,713597E-03
1,464662E-01
2,390897E-01
3,295784E-01
-4,054515E-02
8,528621E-02

-7,999590E-02
-4,396504E-02

-9,005838E-01
-5,855779E-01
-7,674657E-01
-2,292142E-01
-6,842449E-02
-6,982788E-02

2,243374E-01
-7,543965E-02
-7,031597E-02
-5,433935E-02

-1,035621E+00
-4,664645E-01
-7,430429E-01
-2,328916E-01
-7,303254E-02
-5,782277E-02

1,521992E-01
-8,366722E-02
-1,001086E-01
-5,336955E-02

-1,042572E+00
-5,871755E-01
-7,255636E-01
-2,383813E-01
-5,371830E-02
-7,305724E-02

1,357030E-01
-4,784035E-02
-9,422132E-02
-3,772314E-02

-1,090505E+00
-5,729430E-01
-6,577579E-01
-3,419261E-01
-4,422111E-03
-8,696646E-02

1,223338E-01
-5,105527E-02
-7,064462E-02

-1,109010E-01
-3,891525E-02

-9,604611E-01
-2,683079E-01
-5,909898E-01
-2,987153E-01
-6,892599E-02
-7,098990E-02

7,328811E-03
-6,670985E-02
-1,568488E-01
-5,570233E-02

-8,962249E-01
-2,966810E-01
-5,353746E-01
-2,893039E-01
-1,300036E-01
-4,711595E-02
-1,376169E-01
-2,657904E-02
-2,249794E-01
-4,320256E-02

-9,208679E-01
-4,190644E-01
-4,713449E-01
-2,947722E-01
-2,108513E-01
-2,939518E-02
-2,336141E-01

1,241045E-02
-2,780380E-01
-4,469913E-02

-8,679105E-01
-5,008469E-01
-4,234283E-01
-3,798813E-01
-1,639598E-01
-4,563949E-02
-2,887070E-01

1,419084E-02
-3,245438E-01

ETSI




54 Final draft ETSI ES 202 211 V1.1.1 (2003-08)
Pitch CisthruC,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,
range range range range

-3,271186E-01

3,422788E-01
-4,262303E-01
-5,822095E-01
-2,081946E-01
-3,331535E-01
-1,488218E-01
-4,198242E-01
-8,042739E-01
-5,660493E-01
-4,048214E-01

-8,548085E-03

-3,828481E-01
-5,052647E-01
-4,231588E-01
-6,736862E-02
1,247756E-01
2,423477E-01
3,031318E-01
-5,081066E-02
4,424514E-02
-1,743830E-02

-3,095784E-02

-9,286439E-01
-5,678661E-01
-6,342901E-01
-3,782880E-01

3,050694E-02
-8,772710E-02

7,113196E-02
-5,737579E-02
-7,125308E-02
-5,608497E-03

-3,300466E-02

-8,131769E-01
-6,108836E-01
-4,705512E-01
-4,122885E-01
-1,257324E-01
-7,427499E-02
-2,098987E-01

1,747474E-02
-3,298417E-01
-7,603588E-02

-5,403826E-01
-7,297218E-01
-7,981775E-01
-4,187649E-01
-3,296735E-01
-6,503036E-02
-3,869137E-02
-1,486998E-01
-9,623731E-02
-6,828123E-02

ETSI




Table 8.3: High order cepstra for different pitch ranges (16 kHz sampling)

55

Final draft ETSI ES 202 211 V1.1.1 (2003-08)

Pitch Cisthru C,, Pitch C,sthru C,, Pitch Cysthru C,, Pitch C,sthru C,,
range range range range
2,026232E+00 5,479995E-01 8,254467E-03 ~1,347010E-01
-2,110936E+00 -1,023217E-01 -6,429565E-01 5,332863E-02
-1,063945E+00 | 40 < 6,846186E-01 | 53 < -4,247889E-01 | 67 < -5,686797E-01
P -5,426380E-01 | p 3,619581E-01 | p -5,587783E-01 | p -5,787178E-01
<25 4,834915E-01 | <41 3,339010E-02 | <54 2.917541E-01 | <68 1,631299E-02
8,876385E-01 2,488271E-01 -2,871714E-01 -3,300158E-01
5,840230E-01 3,752856E-01 7,927610E-02 -7,623082E-02
-3,167802E-01 7,243636E-02 7,821897E-02 6,026243E-02
-6,446556E-01 | 41 < 2,611414E-01 | 54 < -7,620810E-02 | 68 < -1,633065E-01
25 < -7,251640E-01 | p 1,127095E-01 | p 1,162470E-01 | p -6,150040E-02
p <42 <55 <69
<29 2,621901E-02 3,741992E-01 1,779742E-01 -1,234223E-01
-2,024138E-01 -1,758603E-01 -7,869193E-01 2,566001E-02
-3,691150E-01 5,266045E-01 -5,577497E-01 -5,028053E-01
-4,738192E-01 | 42 < 5,161305E-01 | 55 < 5,632171E-01 | 69 < -6,257676E-01
29 < -3,296576E-01 | 1,012750E-01 | p -3,093369E-01 | -1,896448E-02
D -2,743398E-01 | <43 3,495263E-01 | <56 -2,883354E-01 | <70 -2,312503E-01
<130 -1,026351E-01 5,645265E-01 7,307628E-02 -9,265310E-02
-1,362258E-01 2,029514E-01 1,747146E-03 7,122856E-02
-7.479050E-02 4,227505E-01 -1,166880E-01 -1,521138E-01
-1,117859E-01 | 43 < 6,583293E-03 | 56 < 1,768415E-01 | 70 < -8,906260E-02
30 <
b -1,333018E+00 524 3,933974E-01 S'Zg 2,812443E-02 S'il -1,331304E-01
<31 -1,823165E+00 -3,173743E-01 -5,131770E-01 -5,140646E-02
-1,512190E+00 3,916825E-01 -2,936540E-01 -5,337533E-01
-1,297547E+00 5,527308E-01 -6,485048E-01 -6,729785E-01
-1,457952E+00 | 44 < 2,106767E-01 | 5g < -3,752124E-01 | 71 < -6,045981E-02
31 < -4,133839E-01 | 4,178565E-01 | -2,621343E-01 | |, -1,587423E-01
o -8,237351E-02 | <45 5,196628E-01 | '5g -1,606354E-02 | L7, -3,304247E-02
<32 3,371675E-01 2,104156E-01 5,167165E-02 4,030590E-02
7,079317E-01 3,976243E-01 -1,251145E-01 -1,569136E-01
3,336488E-01 -3,269132E-02 4,226151E-02 -6,401396E-02
-8,177810E-0L | 45 < 4,069968E-01 | 5g < 6,459653E-02 | 75 < -2,151330E-01
32 < -1,322071E400 | ", -3,091528E-01 | -3,181205E-01 | ', -5,420145E-02
o -1,786135E+400 | _'sq 2,340520E-01 | _'gg -2,972990E-01 | o -4,937927E-01
<33 -1,186759E+00 3,626993E-01 -7,132380E-01 -7,014854E-01
-1,955396E+00 1,834435E-01 -2,899593E-01 -1,462503E-01
-5,283016E-01 5,810700E-01 -2,613601E-01 -7,300983E-02
-5,387481E-01 | 40 . 4,617110E-01 | of < -2,048229E-02 | 74 . -6,947362E-02
33< -7,300678E-02 | ) 2,182536E-01 | 1,386128E-02 | 1,619861E-02
0 2,830981E-01 | _\,- 3,645189E-01 | _is; -1,571951E-01 | _5, -1,612242E-01
<4 4,506301E-02 | = 2,682160E-02 | = 3,414188E-02 | = -7,362535E-02
-2,879547E-01 5,286090E-01 -2,938032E-02 -1,850086E-01
-6,849482E-01 | ,, _ -3,295684E-01 | ¢, _ -3517489E-01 | 5, _ -1,228883E-01
24 < -1839059E+00 | 6,110184E-02 |~ 3,225757E-01 | -5,764287E-01
- -8,057479€-01 | _Bo 1,075905E-01 | b, 6,503325€-01 | P -7,236682E-01
<35 -2,405975E+00 | = 6,069104E-02 | = -1,280458E-01 | = -1,141678E-01
s -8,800773E-01 5,106977E-01 -2,856279E-01 -1,804202E-01
-1,055467E+00 5,016756E-01 -8,394262E-02 -5,176742E-02
-6,326932E-01 | o _ 3,231877E-01 | ., _ 1,108418E-01 | o _ 1,043618E-01
a5 < 3,407662E-01 | 3,332683E-01 | 7 -1,845763E-01 | -2,352337E-01
-2,728538E-01 1,133187E-01 2,918438E-02 -3,331541E-02
p <49 <63 <76
<36 -3,031390E-01 2.951866E-01 1,029596E-01 -1,414134E-01
-3,394979E-01 -3,018426E-01 -1,769495E-01 -2,516573E-02
-1,559689E+00 1,664823E-02 -4,088103E-01 -6,702498E-01
-4,456815E-01 4,222289E-03 -7,089485E-01 -7,110191E-01
-2.036168E+00 | 49< -1,608906E-02 | 63 < -8,953595E-02 | /8 < -5,645533E-02
36 < -9,838692E-01 P 4,029250E-01 p -3,557198E-01 p -3,436754E-01
P -1,364973E+00 | <950 4,914628E-01 | <64 -2,068182E-02 | =77 -3,591015E-02
=37 -1,186102E+00 4,173051E-01 7,288132E-03 1,738667E-01
-7.846482E-01 4,092605E-01 -1,878297E-01 -2,775487E-01
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Pitch CisthruC,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,
range range range range
-6,635148E-01 | 50< 1,185967E-01 | 64 < 6,942376E-02 | 77 < 2,315980E-02
37< p p p
p -2,5683467E-01 | <51 4,197218E-01 | <65 5,695233E-02 | <78 -6,419491E-02
<38 -6,506612E-01 -4,477604E-01 -2,196874E-01 1,554566E-01
-1,132547E+00 -4,836996E-03 -2,921967E-01 -6,197453E-01
-3,585654E-01 -1,635454E-01 -6,754194E-01 -6,849180E-01
-1,428531E+00 | 51< -1,377630E-01 | 65< -2,667778E-01 | 78 < 2,593279E-02
38< -9,583033E-01 p 3,034003E-01 p -3,072328E-01 p -3,850149E-01
p -1,258072E+00 | <52 3,827793E-01 | <66 -2,800013E-03 | <79 -3,179316E-02
<39 -1,341744E+00 5,153344E-01 -1,629100E-02 1,340202E-01
-9,579476E-01 4,135734E-01 -2,071333E-01 -1,950800E-01
-5,344057E-01 1,241358E-01 5,440867E-02 3,317590E-02
52 < 66 < 79 <
39< 1,615421E-01 p 3,678487E-01 p 2,049767E-01 p 1,703393E-03
p -1,043571E+00 | <53 -4,631278E-01 | <g7 -1,025310E-01 | <gp 1,975255E-01
<40 -6,740458E-01 -9,326042E-02 -4,571202E-01 -5,575346E-01
-6,546493E-01 -3,737336E-01 -6,315088E-01 -6,005854E-01
-8,875172E-01 -1,472778E-01 -2,798402E-01 9,024668E-02
-8,743641E-01 1,595358E-01 -3,037064E-01 -4,556844E-01
-1,025171E+00 3,695181E-01 -1,274799E-02 | g0 < 4,772030E-02
-1,196147E+00 4,490506E-01 1,483960E-02 p 5,254362E-02

-8,529125E-01
-3,839518E-01

4,734923E-01
-8,380715E-01
-4,175060E-01
-6,309476E-01
-6,621496E-01
-6,967811E-01
-9,083475E-01
-8,838883E-01
-8,056732E-01
-3,879474E-01

3,484700E-01
-5,704010E-01
-1,571234E-02
-4,434779E-01
-6,717660E-01
-4,207197E-01
-4,787949E-01
-7,055746E-01
-6,342757E-01
-2,165355E-01

3,611920E-01
-4,334970E-01

2,397788E-01
-1,130040E-01
-5,057448E-01
-3,094423E-01
-8,990173E-02
-2,442444E-01
-2,962797E-01
-6,834994E-02

4,358751E-01
-2,529008E-01
2,350815E-01
1,020000E-01
-2,286546E-01
-2,031270E-01
3,660114E-02
1,052645E-01
5,794314E-02

3,800947E-01
1,774867E-01

3,615054E-01
-4,550473E-01
-1,407069E-01
-3,944382E-01
-1,805678E-01
9,924901E-02
2,756066E-01
3,483957E-01
2,401312E-01
1,841012E-01

2,330553E-01
-3,904562E-01
-2,328840E-01
-3,683225E-01
-3,040399E-01
5,676054E-02
1,960860E-01
3,220345E-01
1,480135E-01
1,460853E-01

2,239470E-01
-6,513079E-01
-2,281708E-01
-3,713762E-01
-1,974930E-01
-6,694008E-02
1,560454E-01
2,206244E-01
6,276750E-02
1,126685E-01

2,433587E-01
-7,580570E-01
-1,977943E-01
-4,608177E-01
-3,294397E-01
-1,324977E-01
8,076927E-02
1,767865E-01
-6,438843E-02

-1,397844E-01
3,804585E-03

2,284569E-01
-1,773758E-01
-5,961479E-01
-6,358854E-01
-2,213772E-01
-3,470830E-01
1,282147E-02
7,015398E-02
-2,457183E-01
2,583304E-02

2,688840E-01
-6,941569E-02
-5,795702E-01
-6,240800E-01
-2,282836E-01
-3,560088E-01

4,549953E-02

1,014333E-02
-2,220406E-01
-2,071246E-03

9,385106E-02
-1,432743E-02
-6,293171E-01
-6,208313E-01
-1,935377E-01
-3,572474E-01

7,287241E-03

7,610204E-02
-1,676478E-01
-3,569930E-02

1,029177E-01
-6,488401E-02
-6,249015E-01
-6,229066E-01
-2,007141E-01
-3,615781E-01
-4,294490E-02

5,829020E-02
-1,676822E-01

-1,584285E-01
-2,753272E-03

-8,471422E-02

2,237505E-01
-4,772195E-01
-5,604665E-01

1,566324E-01
-4,455221E-01

1,073800E-01
-3,147756E-02
-4,447187E-02
-8,178144E-02

-1,074359E-01
3,364727E-01
-3,695723E-01
-6,287698E-01
2,465456E-01
-4,421380E-01
1,804006E-01
-1,223475E-01
9,988480E-02
-1,939847E-01

-6,456530E-02
5,218610E-01
-2,695373E-01
-8,004482E-01
3,161954E-01
-4,450321E-01
2,063266E-01
-2,401241E-01
2,078162E-01
-2,956866E-01

-3,603708E-03
5,126754E-01
-1,432173E-01
-9,311136E-01
4,151585E-01
-5,113091E-01
2,470299E-01
-2,545809E-01
2,852133E-01
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Pitch CisthruC,, Pitch C,sthru C,, Pitch CisthruC,, Pitch C,sthru C,,

range range range range
1,231015E-02 4,720314E-02 -2,835958E-02 -3,163735E-01
5,452712E-01 1,374098E-01 1,855993E-03 5,261727E-03
-1,055032E-01 -7,449016E-01 -7,255470E-02 3,512834E-01
4,865441E-01 -2,392862E-01 -5,444391E-01 -8,774231E-02
2,485621E-01 -5,064320E-01 -6,373079E-01 -9,555687E-01
-5,461378E-02 -3,117688E-01 -1,090011E-01 3,227309E-01
1,175498E-01 -1,233215E-01 -3,698447E-01 -4,916627E-01
2,772616E-01 -3,754115E-02 -2,054560E-02 2,737616E-01
8,069777E-02 1,791965E-01 9,060347E-02 -1,856412E-01
2,700741E-01 -7,785097E-02 -1,565619E-01 2,882749E-01
1,405139E-01 8,541753E-02 -4,632305E-02 -2,877197E-01

2,621901E-02
-2,024138E-01
-3,691150E-01
-4,738192E-01
-3,296576E-01
-2,743398E-01
-1,026351E-01
-1,362258E-01
-7,479050E-02
-1,117859E-01

8.25.2 Solving front-end equation

The inputs for the SFEQ block are the MFCC vector C, an array HA={H,, k=1,...,N,;} of harmonics and a boolean

indicator voiced_flag. If current frame s of fully-voiced class then VH array is fed into the block (HA=VH) and the
indicator is set to voiced_flag = TRUE. If current frameis of unvoiced class then UH array is passed to the block
(HA=UH) and the indicator is set to voiced flag = FALSE. If the frameis of mixed-voiced class then the block is
entered twice, one time with (HA=VH, voiced_flag=TRUE ) and another time with (HA=UH,
voiced_flag=FALSE ). The SFEQ block outputs an estimate A® ={ A%,k =1,...,N, } of harmonic magnitudes.

A sequence of processing steps is carried out as described below.
Step 1. Original bins calculation

23-dimensional Inverse Discrete Cosine Transform (IDCT) followed by the exponent operation is applied to the low
order cepstravector LOC = {C,, k=0,...,12} resulting in an original binsvector B*? ={b%? k =1,...,23

bo? = exp(zi C,x cos(” xnx (k- O,5)D (8.6)
2353 23
Step 2. Basis vectors calculation
For each harmonic, the (normalized) frequency f, valueis converted to the nearest FFT index fidx,
fidx, =round(f, x FFTL),k =1, N, (8.7)

A binary grid vector G ={g,,n=0,...,FFTL/2} iscomputed in two steps:
1) o, = 0,n=0,...,FFTL/2 (8.8a)
2) Oie =Lk=1..,N, (8.8b)

23 prototype basis vectors PBV,,, k=1,23, are calculated. A prototype basis vector PBV, ={ pbv¥,i =0,...,FFTL/2}

is derived from the triangular window associated with k-th frequency channel of the Mel-filters bank described in
clause 4.2.9.
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2
b = g, x (0.4 4 +06x 1)

0, if i<chin_ andi >chin,,, (8.9
i —cbin_, +1
chin, —chin_, +1
1-— 17PN e hin +1<i <chin,
chin,,, —cbin, +1

where yf =

, if cbin,_, <i<chin,

cbiny, k=0,24 are defined by (4.6) and (4.8).

(Note that in k-th prototype basis vector only coordinates pbv‘gdX ,n=1,...,N, may have non-zero values.) A basis
vector BV, ={bv,n =1,.., N} isderived from each prototype basis vector PBV, by selecting only those
coordinates having the indexes fidx,, as follows:

BV, :{b\/: = pbv?idxn,n =1..,N;}, k=1..23 (8.10)

Step 3. Basis bin vectorsand matrix calculation

Each basis vector BV, is converted to a (in general) complex valued vector LS, ={Is’,i =0,...,N,} as specified by the
following pseudo code:
{
LS, =BV,;
if (voiced_flag == FALSE)
Isk = bvi Texp(j x@,) % peph(f,)),n=1...,N,:
}

where;

¢,,is aphase associated with n-th unvoiced harmonic as described in clause 8.2.4.2 and peph is phase frequency
characteristic of the preemphasis operator:

1-PEcos(2nx f)+ jx PEsin(2nx f)

., PE=097
J1-2PE cos(27r f) + PE?

peph(f) =

Note that if voiced_flag is TRUE the coordinates of the LS-vectors have real values.

Each LS, vector is further converted to a synthetic magnitude spectrum vector M, ={sm®,i =0,...,FFTL/2-1} by
convolution with Fourier transformed Hamming window function followed by absolute value operation as follows:

N
s = Is§ x HWT (f, —i/FFTL) (8.11)
n=1
where;
054A(f)+0,23x| A S P\ S
HWT(f)=1" ' N-1 N-1)], if |f|<WT _BW, (8.12)

0, if [f|>WT_BW

8.13
sin(rx f xN)/sin(rrx ) (619

A(f)={

WT _BW =01/ f, (8.14)

N is frame length specified in table 4.1, and f is sampling rate in kHz.
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Mel-filtering operation given by formula (4.7) is applied to each synthetic magnitude spectrum vector SM, , (in (4.7)
bin is substituted by sm"), and a 23-dimensional basis bins vector BB, ={bh*,i =1,...,23 T is obtained. We see the
basis bins vectors as column vectors.

A 23-by-23 basis bins matrix BB which has the vectors BB, asits columns is constructed:
BB=[BB, BB, .. BB, (8.15)

Step 4. Equation matrix calculation

A 23-by-23 symmetric equation matrix EM is computed as follows:
EM =BB" x BB +0,001xAXE (8.16)

where ) = sum(diag(BB" x BB))/23 isan average of the main diagonal elements of the matrix BBTBB and E is unit
23 by 23 matrix.

In order to reduce the computational complexity of the further processing in the reference implementation, the
LU-decomposition is applied to the equation matrix EM, and the LU representation is stored.

Step 5. Initialization of iterative process
[teration counter is set:
it count=1
Step 6. High bins calculation
Thisstep is carried out only if voiced_flag = TRUE, and is skipped otherwise.

23-dimensional IDCT followed by the exponent operation is applied to the high order cepstra vector HOC = {C,,
k=13,...,22} output from the HOCR block. The transform resultsin ahigh bins vector B"¢" ={p"" k =1,...,23

. 2 22 T

bl =exp — > .C, x cos( xnx (k- 0,5)] (8.17)
23 n=13 23

Step 7. Reference bins calculation

A 23-dimensional reference bins vector B ={b® |k =1,...,23 iscomputed as follows.

if (voiced_flag == TRUE)

{

/* coordinatewi se multiplication of B* and B'® vectors */

B =b" xb, k =1,...,23;
}

el se

{
/* B™ is taken as B */
Brd - Borg .

Step 8. Basis coefficients calculation

A right side vector is computed by multiplication of the transposed basis bins matrix by the reference bins vector:

V =BB" xB™ (8.18)
A set of linear equations specified in matrix notation as:

EM xy =V (8.19)
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is solved and a basis coefficients vector y ={y, ,k =1,...,23 " is obtained:
y=EM™"xV (8.20)

In the reference implementation the equations (8.19) are solved using the LU-decomposition representation of the EM
matrix computed at step 4.

Negative basis coefficientsif any are replaced by zero:
¥, =max(0,y,),k=1...,23 (8.219)

Step 9. Control branching

The control branching step is described by the following pseudo code:

if (voiced_flag == FALSE OR it_count == 3)

{
go to step 12;

/* Otherw se the processing proceeds with the next step 10. */
Step 10. Output bins calculation

First, an output bins vector B** ={b™ k =1,...,23 " is calculated by the multiplication of the transposed basis bins
matrix with the basis coefficients vector:

B™ =BB' xy (8.21b)

Then each zero-valued coordinate of this vector (if any) is replaced by aregularization value:
23
n=0,005%> b /23 (8.22)
k=1

as shown by the following pseudo code instructions being performed for k=1,...,23:
if

(b2 ==0)

b =1

Step 11. High order cepstrarefinement

Truncated logarithm operation described in clause 4.2.10 is applied to the coordinates of the output bins vector:
IB** ={lb, = max(-50,Inb™),k =1,...,23 (823

Discrete Cosine Transform (DCT) is applied to the | BUt vector, besides only 10 last values are calculated out of 23:

23
ce=Ylb cos( ”2 "3" (i —0,5)} k=13,...22 (8.24)
i=1

which are considered as new estimate of the High Order Cepstra (HOC). Current high order cepstra values are replaced
by these ten coefficients:

HOC ={C*" k =13,...,22 (8.25)

The iteration counter it_count isincremented and control is passed to step 6.
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Step 12. Harmonic magnitude estimates calculation

Thevector A" ={AF k=1,...,N,} of harmonic magnitude estimates is computed as a linear combination of the basis
vectors (computed at step 2) weighted by the basis coefficients (computed at step 8):

N,
A" =3y, xBV, (8.263)
n=1

Finally, the obtained vector is modified in order to cancel the effect of the high frequency preemphasis donein the
front-end:

AS = AT /MagPemp,, k =1...,N,

(8.26b)
where MagPemp, = J1+ 0,97 -2x0,97cos(2rrx f,)

(fy are harmonic normalized frequencies)

8.2.5.3 Cepstra to magnitudes transformation

From the pitch period and voicing class parameters, the harmonic frequenciesf,, k=1,...,N, for voiced frames and f,,

k=1,...,N, for unvoiced frames are computed in clause 8.2.3. One method to estimate the magnitudes at these
frequencies from the mel-frequency cepstral coefficients Co, Cy,..., Cip isdescribed in clause 8.2.5.2. In this clause, a
second method for transforming cepstra to magnitudes is specified.

As afirst step, the high order cepstra are recovered as described in clause 8.2.5.1 for voiced frames to form the
complete cepstra Cy, C,,..., C,,. For unvoiced frames, the high order cepstra are not recovered. From the cepstra of each
frame, afixed cepstraare subtracted asfollows: D; = C; - F;,i =0, 1,..., 12 for unvoiced framesand i =0, 1,..., 22 for
voiced frames. The fixed Cepstral values F; are shown in table 8.4. The modified cepstraD;, i =0, 1,..., 12 (or 22) are

used in the estimation of the harmonic magnitudes as described below. To estimate the harmonic magnitude A', at
harmonic frequency f,, the harmonic frequency fy isfirst transformed to a corresponding mel-frequency m, using
equation (4.6a) as follows:

m, =2595x Iogw(1+ 7fokoj (8.27)

The mel-frequency m, is then transformed to an index j, with the help of table 8.5. In the table, (integer) index values

from 0 to 24 and corresponding mel-frequencies are shown for different sampling rates. Let the mel-frequenciesin an
appropriate column (e.g. 8 kHz) of table 8.5 be denoted by M,...,Mj,...,M,,. Given aharmonic mel-frequency m, it is

first bounded so that it does not exceed M,,. Then, theindex J (in the range from 1 to 24) is found such that m, < M.
The (possibly non-integer) index value j, corresponding to m, is then calculated as

Jk =My + (M =M j4)/(M; =M ) (8.28)
From the index j,, another index |, is computed as follows:

05 if j, <05
I, =4235; if j,>235 (8:29)
Jx; otherwise

From the modified cepstraD;, i =0, 1,..., 12 (or 22), and the index I, the log-magnitude estimate a, is obtained as

a = % t MziDi cos((l, —0,5) xi x (77/23)) (8.30)

ETSI



62 Final draft ETSI ES 202 211 V1.1.1 (2003-08)

where, Max_i is 12 or 22 depending on whether the frame is unvoiced or voiced respectively. From g, the harmonic
magnitude estimate Al, is obtained as follows:

exp(a,) x 2x (mJ/(M, +M,)); if j, <05
Ay =1 exp(a,) x2x (24— j,); if j, >235 (8.313)
exp(a, ); otherwise

The above method (8.27 through 8.31) is applied to each harmonic frequency to estimate the harmonic magnitudes Al
fork=1,2,..., N, (or N,).

Table 8.4: Fixed cepstral values

Fixed Cepstral values F, through F,,

8 kHz 11 kHz 16 kHz
3,2536754e+01 2,9787007e+01 3,9470548e+01
-1,9789891e+01 -2,1651108e+01 -2,4909673e+01
-3,0452398e+00 -2,8123724e+00 -2,8222240e+00

-2,8438349e+00
-1,1122951e+00
-1,0977202e+00
-4,6039646e-01
-6,1778432e-01
-5,1890050e-01
-6,1115379e-01
-7,3124391e-02
-1,6289170e-01
-2,6278086e-01
-8,9079853e-02
-2,3033581e-01

8,0049444e-02

1,7049236e-01

8,3038678e-02

8,1462604e-02

2,3817306e-02

6,2334655e-03
-8,0701593e-02
-2,4373608e-02

-2,8365281e+00
-8,3974459e-01
-1,1305221e+00
-4,8309548e-01
-3,9550496e-01
-4,8029016e-01
-4,9048922e-01
-1,2010290e-01
-8,2625448e-02
-4,8331334e-02
-1,6097046e-01
-3,8010135e-01
-4,5318985e-01
-8,7807383e-02
-7,4268073e-02

1,4095451e-01

1,0216903e-01
-1,0476986e-02
-4,6905935e-02
-4,0755373e-02

-3,2486815e+00
-1,0130151e+00
-1,2072917e+00
-4,9382294e-01
-5,3244176e-01
-9,2284267e-02
-1,1890436e-01
-9,3826506e-02
-8,3366636e-02
-9,8590481e-03
-2,8945789e-01
-1,0346320e-01
-1,3629115e-01
-2,5264593e-01
-2,1191457e-01
-4,8705782e-02
-1,0828508e-02

7,7213331e-02

4,2159844e-02

5,3725857e-03
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Table 8.5: Index values and corresponding mel-frequencies

Index value Mel Frequencies
8 kHz 11 kHz 16 kHz
0 9,6383e+01 6,7139e+01 9,6383e+01
1 1,8517e+02 1,9049e+02 2,2707e+02
2 2,6747e+02 3,0167e+02 3,4416e+02
3 3,4416e+02 4,0285e+02 4,5023e+02
4 4,5023e+02 4,9569e+02 5,4716e+02
5 5,1577e+02 5,8147e+02 6,6467e+02
6 6,0745e+02 6,9901e+02 7,9617e+02
7 6,9222e+02 7,7107e+02 8,9133e+02
8 7,7107e+02 8,7119e+02 1,0205e+03
9 8,6828e+02 9,9219e+02 1,1179e+03
10 9,5777e+02 1,0751e+03 1,2415e+03
11 1,0407e+03 1,1770e+03 1,3528e+03
12 1,1179e+03 1,2704e+03 1,4679e+03
13 1,2075e+03 1,3772e+03 1,5848e+03
14 1,2906e+03 1,4748e+03 1,7018e+03
15 1,3827e+03 1,5817e+03 1,8078e+03
16 1,4679e+03 1,6793e+03 1,9231e+03
17 1,5472e+03 1,7692e+03 2,0442e+03
18 1,6330e+03 1,8657e+03 2,1535e+03
19 1,7238e+03 1,9667e+03 2,2668e+03
20 1,8078e+03 2,0595e+03 2,3819e+03
21 1,8859e+03 2,1656e+03 2,4973e+03
22 1,9766e+03 2,2625e+03 2,6120e+03
23 2,0605e+03 2,3604e+03 2,7251e+03
24 2,1461e+03 2,4582e+03 2,8400e+03

8.254

Combined magnitudes estimate calculation

This block calculates afinal combined estimate A={An,n=1,..., N, ) of harmonic magnitudes from the estimates

A" ={A°,n=1..,N,} and A' ={A' ,n=1,...,N,} obtained in SFEQ block (clause 8.2.5.2) and CTM block
(clause 8.2.5.3) correspondingly. Voiced and unvoiced harmonic arrays are treated slightly differently.

8.25.4.1 Combined magnitude estimate for unvoiced harmonics

Vector AE is scaled so that its squared norm is equal to the squared norm of the Al vector as is specified by the pseudo
code:

{

Np,
EE: A1E2;
if (EE == 0)
sc = 0;
el se
{
I iALZ
E = ;
n=1
sc=4E'/EF;
AfF =scx A

}
The magnitudes AE and Al are mixed:

A=09x AF +01x A'
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8.2.5.4.2 Combined magnitude estimate for voiced harmonics

Vector AE is scaled and then mixed with the Al vector using a pitch dependent mixing proportion. Pitch period value
Piyeq Measured in 8kHz samplesis used further.

Scaling
Scaling is performed differently for long and short pitch period values.

If Pfiyeq ValUe isless than 55 samples then AF vector is scaled exactly asis described in clause 8.2.5.4.1. Otherwise (if
Prixed = 55) the scaling procedure described below is carried out.

Two scaling factors SCy,, and SCy 4, are calculated in frequency bands [0, 1 200 Hz] and [1 200 Hz,Fyyquigl
respectively.

where;

L = floor(1200x p/(1000x f,.)),

p is the pitch period in samples corresponding to the actual sampling rate o kHz. A scaling factor is set to 0 if the
denominator of the corresponding expression is equal to zero.

Then the harmonic magnitudes A1E are modified as specified by the following pseudo code section being executed for
n=1,...,H.
{

fHz = f x f,x1000; /* harnonic frequency in Hz units */

if ( fHz<200)

Ay = A XSGy,
elseif ( fHz= 2500

A=A X SChigh *
el se

{
A = (2500 - fHz)/(2 500 - 200);

SC =A% S, + (L= A) X SC,g
A = A Xz

}

Mixing.

Mixture parameter values y, asafunction of .4, values are specified by table 8.6.

ETSI



65 Final draft ETSI ES 202 211 V1.1.1 (2003-08)

Table 8.6: Magnitude mixture parameter vs. pitch

P fixed n Xn n P fixed n Xn

22,5 0,3387 14 87,5 0,8556
27,5 0,3556 15 92,5 0,8773
32,5 0,4130 16 97,5 0,9144
37,5 0,4908 17 102,5 0,9098
42,5 0,6952 18 107,5 0,8756
47,5 0,7365 19 112,5 0,8007
52,5 0,8492 20 117,5 0,7109
57,5 0,8904 21 122,5 0,6571
62,5 0,8332 22 127,5 0,6389
10 67,5 0,7679 23 132,5 0,6291
11 72,5 0,7475 24 137,5 0,5768
12 77,5 0,7921 25 142,5 0,5231
12 82,5 0,8227 26 147,5 0,6231

Oo|NO|O|R|W|IN|FL| 2

The mixture parameter value X to be used for mixing the magnitude vectorsis determined by linear interpolation
between the values given by the table as described by the following pseudo code:

{
if ( Prixed S Prixegn)
X=X
el seif ( Priyed 2 Prixed2s)
X=X

el se

{
Find n such that

Prisedn = Prixed < Prixedn
p = ( pfixedn+1 - pfixed)/( pfixedn+1 - pfixedn) ;
X=PX X+ (L= P)X X

}

A= yxAF+(1- y)x A';

8.2.6  All-pole spectral envelope modelling

Given the harmonic magnitudes estimate, A, k=1, 2,..., N,,, of avoiced frame, an all-pole model is derived from the
magnitudes as specified in this clause. The all-pole model parameters a, j=1,2,...,Jareused for postfiltering

(clause 8.2.7) and harmonic phase synthesis (clause 8.2.8). The model order Jis 10 for 8 kHz, 14 for 11 kHz, and 18 for
16 kHz sampling frequency respectively.

The magnitudes are first normalized as specified by the pseudo-code below so that the largest normalized value is 1.

if (mx(A) > 0)

Bc = Ac/ max(A); k =1, 2,.., N
el se

a =0, j =1, 2.,

From the normalized magnitudes, a set of interpolated magnitudes is derived. The size of the interpolated vector is

given by K = (N, - 1) x F + 1, where the interpolation factor F is afunction of N,, as shownin table 8.7. The

interpolated vector is obtained by introducing (F - 1) additional magnitudes through linear interpolation between each
consecutive pair of the original magnitudes. When F = 1, i.e. when N, > 25, thereis no interpolation and K = N,,. The

interpolated vector is specified as follows:

B kenye s k=LF +12F +1...,(N,-DF +1

G, = k-(j-)F -1 . . . (8.310)
k Bj+(JF)(Bj+l_Bj); (J-DF +1<k< jF+1, j=12..,N, -1
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where, G, k=1,2,..., K=(N, - 1) x F + 1 represent the interpolated magnitude vector. Each of the interpol ated
magnitudes is then assigned a normalized frequency in the range from 0 to 1, viz., wy, = k x 1t/ (K+1), k=1, 2,..., K.
The interpolated vector is next augmented by two additional magnitude val ues corresponding to = 0 (DC) and

w, = T Thelength of the augmented, interpolated vector isthusK + 2. This vector is still denoted by G, but the
subscript k now rangesfrom0to K + 1= (N, - 1) x F + 2. The values of Gy and G, 1 are obtained as shown in the
pseudo-code below.

if (F==1)

G = G
if (G >1.2G)
& = 0.8 G;
else if (G <0.8 G)
G =1.2 G,
el se
G = G,
}
el se
{
G = 2.0 (& - Gew);
& =20 (G - G&);

Table 8.7: Interpolation factor vs. number of harmonics

Number of voiced harmonics | Interpolation factor
N, < 12 4
12<N, < 16 3
16 <N, <25 2
25<N, 1

From the augmented, interpolated vector G, k=0, 1,..., K+1, a pseudo-autocorrelation function R is computed using
the cosine transform as follows:

K
R; =G +(-1)! Gy yy +2Z G; cos(w, [J); j=0,1,...,J (8.32)
k=1

From the pseudo-autocorrel ation coefficients RJ j=0,1,...,J the al-pole model parameters a, j=1,2,...,Jare
obtained through the well known Levinson-Durbin recursion as the solution of the normal eguations:

iaij-j:R;lﬁiSJ (8.33)

For the case when F = 1, i.e. when N,, > 25, the all-pole model parameters derived as above represent the final values.

For other cases when F > 1, the model parameters are further refined as specified below. The spectral envelope defined
by the al-pole model parametersis given by:

H(w) = i (8.39)

—i —i —i 2
1+a,e 1 +a,e 12+ +a,e

where, the e/ represents a complex exponential at frequency w. The spectral envelope given by (8.32) is sampled at all
the frequencies w, = krt/ (K+1), k=0, 1, ..., K+1 to obtain the modelled magnitudesH,, k=0, 1,..., K+1. The

maximum of the modelled magnitudes at frequencies corresponding to the original estimated magnitudesis then used to
normalize the modelled magnitudes as follows:

L =Hy/max(H, |k =LF +12F +1..,(N, ~-)F +1); k=0.1,.., K+1 (8.35)
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Next, scale factors S, k=0, 1,..., K + 1 are computed as follows:

L k=0andk=K +1
S = G /Ly k=1,F+1,2F +1,...,(N, ~)F +1 (8.36)
k—-(j-)F -1 L : o
SR f(SjFﬂ = Sara) (I "DF +1<k<jF+1 j=12..,(N,-1)

The normalized, modelled magnitudes are then multiplied by the appropriate scale factors to obtain a new set of
magnitudes M, =L S, k=0, 1, ..., K+1. This set of magnitudesis used to compute a new pseudo-autocorrelation

function using (8.32) and subsequently a new set of all-pole model parameters as a solution (8.33) as the final values.

8.2.7 Postfiltering

Postfiltering is applied to the harmonic magnitudes A, k=1, 2,..., N, of avoiced frame to emphasize the formantsin
the speech signal using the all-pole model parameters a, j=1,2,...,Jasspecified below.

From the number of voiced harmonics N,, the interpolation factor F from table 8.7 and the interpolated vector size
K=(N, - 1) F + 1arefirst determined. Then, aweighting factor U, is computed for each harmonic as follows:

8, = ((k-1)x F +1) x (7r/(K +1)) (8.373)
J
Relk :1+Zajxa1xcos(jx9k);k: 1, 2""’NV (838b)
=1
J
|m1k:_Zajxajxsin(jxgk);kzl,z,...,Nv (8.39¢)
j=1
J
Re2, :1+Zaj x B xcos(jxg ) k=1,2...,N, (8.40d)
j=1
J .
|m2k:—ZajxIBJxsin(ijk);k:LZ,...,Nv (8.41¢)
=1
Re3, =1-uxcos(6,);k=1,2...,N, (8.42f)
Im3, = uxsin(6,); k=1,2,...,N, (8.439)

[(Re2,)” +(Im2,)*1x{[(Re3)* +(IM3)] .\ _; ,
[(Rel,)? +(Im1,)*]

Thevalues of a, 3, and p are respectively 0,95, 0,75 and 0,5. The weights are then normalized and bounded as follows.

N, 0.25
V, :uk/{'\TZuk“] k=1,2,...,N, (8.453)

vV k=1

(8.44h)

k

\

W, = max(0,5 min(1,5,V,)): k=1,2...,N, (8.45b)

Postfiltering is applied to the harmonic magnitudes as follows. It is ensured that the energy in the harmonics before and
after postfiltering remains the same.

B :{A< xW,; if 6, 20,0577 (8.463)

A.; otherwise
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N, N,
p= \/ZWKZ / > B (8.46h)
k=1 k=1
Pk:prk;kzlvzy"'yNV (847C)

where P, k=1, 2,..., N, represent the postfiltered harmonic magnitudes.

8.2.8  Voiced phase synthesis

The harmonic phases ¢, k=1, 2,..., N, of avoiced frame with harmonic cyclic frequencies w, = 21f,, k=1, 2,..., N,
are specified as follows. Each harmonic phase ¢, is made up of three components: alinear phase component ¢, j;,, an
excitation phase component ¢y ., and an envelope phase component ¢y o,

The linear phase component is computed as follows:

0; if previous frameisunvoiced
¢k,lin = (¢1,Iin,prev xRF + a).l.,ave xM ) X k, Othe'VVlse (848)

where:

. ¢ 1,lin,prev 'EPresents the linear phase component of the fundamental phase of the previous frame;

RF represents arational factor of the RL/R2, where R1,R2 (0 {1, 2, 3, 4}, such that the jump given by
‘ PXRL= Py, % RZ‘ / px Rl between the previous pitch period (pye,) and current pitch period (p) is minimized;

W ave IS the weighted sum of the fundamental (cyclic) frequency of the previous and current frames given by
W e = (a{,prev x RF + @)/ 2, and M isthe frame shift in samples.

Note that ppe, and ¢ |i yrey e initialized to 0 (meaning the previous frame is unvoiced) when the very first frameis
being processed.

The excitation phase component is determined using table 8.8 as follows. Given a harmonic frequency w, it isfirst
transformed into an integer index |, = round(256 % «; /71), the corresponding value T[I,] from table 8.7 is looked up,
and un-normalized to obtain ¢y g, = T[I}] T

The envel ope phase component is computed using the all-pole model parameters, a, i=1,2,...,J, asfollows. Fromthe
number of voiced harmonics N,, the interpolation factor F from table 8.7 and the interpolated vector size K = (N, - 1)
F + 1 arefirst determined. Then the envel ope phase component is computed as:

G, =(k-)xF+)x(m/(K+1);k=1,2,...,N, (8.493)
J
Rek:1+2aj Cos(jxgk);k: 12..,N, (8.49Db)
e
J
|mk=_zajsin(jxgk);k:1,2,...,NV (8.49¢)
=1
Pran = (-2) % tan‘l(lmk/ Re,); k=1,2,...,N, (8.49d)

The excitation and envel ope components of the phases are added and any linear component is removed as follows:
¢k,sum :¢k,exc +¢k,env; k:l, 27"'1 Nv (8.50&)

Gradd =Pram —KDrgm: K=1,2,..,N, (8.50b)
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frame as follows:

Table 8.8: Normalized excitation phases
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Oy =bpiin *Pramas K=1,2,..,N,

Index | Normalized |Index |Normalized |Index |Normalized |Index [Normalized
phase phase phase phase

0 0,000000 | 64 0,806122 | 128 -0,428986 | 192 0,231750
1 0,577271 | 65 0,761841 | 129 -0,449249 | 193 0,219360
2 0,471039 | 66 0,707184 | 130 -0,476257 | 194 0,211182
3 0,402039 67 0,649353 | 131 -0,512085 | 195 0,207703
4 0,341461 68 0,595245 | 132 -0,555054 | 196 0,209747
5 0,282104 69 0,553375 | 133 -0,601379 | 197 0,215332
6 0,221069 70 0,535004 | 134 -0,646881 | 198 0,217590
7 0,157074 | 71 0,551025 | 135 -0,687469 | 199 0,208527
8 0,089905 | 72 0,593689 | 136 -0,720123 | 200 0,184631
9 0,019989 | 73 0,629669 | 137 -0,743896 | 201 0,147583
10 -0,051819 | 74 0,641205 | 138 -0,760712 | 202 0,101593
11 -0,124237 75 0,637146 | 139 -0,774292 | 203 0,051697
12 -0,195770 76 0,630432 | 140 -0,786865 | 204 0,002960
13 -0,264679 77 0,626068 | 141 -0,796417 | 205 -0,039154
14 -0,328705 78 0,618439 | 142 -0,797058 | 206 -0,068756
15 -0,385162 | 79 0,597534 | 143 -0,782288 | 207 -0,080597
16 -0,430573 | 80 0,558716 | 144 -0,753052 | 208 -0,073730
17 -0,460846 81 0,504242 | 145 -0,723755 | 209 -0,055573
18 -0,472351 | 82 0,439545 | 146 -0,710052 | 210 -0,038666
19 -0,464783 | 83 0,371796 | 147 -0,714722 | 211 -0,030792
20 -0,444977 84 0,314423 | 148 -0,731720 | 212 -0,033630
21 -0,425323 85 0,322479 | 149 -0,753998 | 213 -0,047180
22 -0,415466 86 0,692352 | 150 -0,776672 | 214 -0,072174
23 -0,418579 87 0,820557 | 151 -0,797760 | 215 -0,109039
24 -0,433502 | 88 0,775940 | 152 -0,817749 | 216 -0,156860
25 -0,457764 | 89 0,703735 | 153 -0,838562 | 217 -0,213318
26 -0,488617 | 90 0,625885 | 154 -0,861664 | 218 -0,275146
27 -0,523315 91 0,549744 | 155 -0,887115 | 219 -0,338562
28 -0,559174 92 0,479889 | 156 -0,913971 | 220 -0,398956
29 -0,593689 93 0,420258 | 157 -0,941437 | 221 -0,450836
30 -0,625031 94 0,374023 | 158 -0,969849 | 222 -0,487793
31 -0,652130 95 0,341888 | 159 0,999176 | 223 -0,505707
32 -0,674835 | 96 0,319366 | 160 0,963562 | 224 -0,510162
33 -0,693390 | 97 0,297546 | 161 0,922089 | 225 -0,518524
34 -0,707428 | 98 0,268768 | 162 0,875092 | 226 -0,545410
35 -0,715729 | 99 0,230896 | 163 0,824432 | 227 -0,592499
36 -0,717133 | 100 0,186066 | 164 0,773285 | 228 -0,654510
37 -0,713837 | 101 0,137939 | 165 0,726074 | 229 -0,725586
38 -0,713104 | 102 0,090027 | 166 0,688934 | 230 -0,801025
39 -0,723785 | 103 0,045288 | 167 0,669617 | 231 -0,877136
40 -0,750366 | 104 0,005859 | 168 0,674377 | 232 -0,950897
41 -0,791931 | 105 -0,026398 | 169 0,698090 | 233 0,980316
42 -0,845093 | 106 -0,049316 | 170 0,719421 | 234 0,918762
43 -0,905945 | 107 -0,059448 | 171 0,721069 | 235 0,866211
44 -0,970825 | 108 -0,052521 | 172 0,702698 | 236 0,824219
45 0,963654 | 109 -0,028687 | 173 0,671631 | 237 0,795319
46 0,901123 | 110 -0,000732 | 174 0,634674 | 238 0,786377
47 0,846222 | 111 0,012024 | 175 0,596527 | 239 0,810913
48 0,805481 | 112 0,001312 | 176 0,559784 | 240 0,872406
49 0,788788 | 113 -0,028900 | 177 0,525757 | 241 0,925385
50 0,807312 | 114 -0,070801 | 178 0,494995 | 242 0,926483
51 0,857269 | 115 -0,117004 | 179 0,468231 | 243 0,882111
52 0,904724 | 116 -0,160583 | 180 0,446991 | 244 0,808807
53 0,922668 | 117 -0,194824 | 181 0,433105 | 245 0,716248
54 0,913757 | 118 -0,214020 | 182 0,427216 | 246 0,608063
55 0,888916 | 119 -0,217743 | 183 0,426483 | 247 0,480927
56 0,856750 | 120 -0,215424 | 184 0,424225 | 248 0,310974
57 0,823730 | 121 -0,221161 | 185 0,414124 | 249 -0,054810
58 0,796082 | 122 -0,241730 | 186 0,393951 | 250 -0,554077
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Index | Normalized |Index |Normalized |Index |Normalized |Index |[Normalized
phase phase phase phase

59 0,781250 | 123 -0,274475 | 187 0,365723 | 251 -0,763275
60 0,786346 | 124 -0,313202 | 188 0,333374 | 252 -0,904968
61 0,809631 | 125 -0,351440 | 189 0,301086 | 253 0,977448
62 0,831787 | 126 -0,384247 | 190 0,272278 | 254 0,884125
63 0,831818 | 127 -0,409363 | 191 0,249054 | 255 0,849152
256 0,999969

8.2.9 Line spectrum to time-domain transformation

This block transforms aline spectrum of the frame represented by anarray H ={H_ =(f,,A,.¢,),n=1..,N,} of

harmonics to a time-domain speech signal segment. If the frame s of fully-voiced class as indicated by
vc =="fully-voiced" the array H is set to VH. In case of unvoiced frame (vc =="unvoiced") Hissetto UH . Inthe

case of mixed-voiced frame the arrays of voiced and unvoiced harmonics are combined as described in the following
clause.

8.29.1 Mixed-voiced frames processing

This step is performed for the mixed-voiced frames only asindicated by vc == "mixed voiced". Theinput to the step
arethearray VH ={H, =(f.', A/,#,),n=1...,N,} of voiced harmonics and the array

UH ={H; =(f.", A, #,),n=1...,N,} of unvoiced harmonics. The output is a combined array

H={H, =(f,,A.#,),n=1..,N,}of harmonics. The combined array contains the voiced harmonics associated with

frequencies lower than 1 200 Hz and the unvoiced harmonics associated with frequencies higher than 1 200 Hz. The
processing is described by the following pseudo code:

{
v_last = ceiI(lZOO/(lOOOx fixp)): /* index of the last voiced harmonic to be taken */
u first = cei|(1200/(1000>< f¢x FFTL))+1; /* index of the first unvoiced harnmonic to be taken */
> A
= n=v_last+l ; /* conpute nagnitude scaling factor */
Nu
2A
n=u_ first
H, =H),n=1..,v_last;
fvflast+n—u7first+1 = fnu’ ¢v7|ast+n—u7firg+1 = ¢:1J’ n= U_ firs‘:""' Nu ;
A jasten-u_tirssr = SCX A, n=u_first,. Ny
N, =v_last+ N, —u_ first+1;
}
8.2.9.2 Filtering very high-frequency harmonics

At this step the harmonics associated with the frequencies close enough to the Nyquist frequency (if any) are filtered
out. Those elements of the harmonics array which satisfy the condition:

round(f x FFTL) >round(0,93x FFTL/2)

are eliminated and the number N, of harmonicsis updated appropriately.
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8.2.9.3 Energy normalization

A synthetic complex discrete spectrum is calculated:
Ny
sd = Z A xexp(jx¢,)xA(f, —i/FFTL),i =0,...,FFTL/2 (8.52)
n=1

by convolution of the line spectrum with truncated Dirichlet kernel:

a(t)=! o, if f=09r |f|>V\fI'_BW. 59
sin(7rx f xN)/sin(77x f), otherwise
where WT_BW is given by (8.14). Then the frame energy estimate E, is calcul ated:
1 2 2 FFTL/2-1 2

€= s sl 23 ©59

If the energy estimate is nonzero a normalization factor NF is computed using the |ogE parameter extracted from the

decoded feature vector:
NF = ,/exp(logE)/E, , (8.55)

otherwise the normalization factor is set to zero NF = 0.

The harmonic magnitudes are scaled:

A =NFxA,n=1.,N, (8.56)

8.29.4 STFT spectrum synthesis

A synthetic complex discrete spectrum s_stft is calculated like in (8.52) but Fourier transform of 2M (M is frame shift)
samples long Hann window is used instead of the Dirichlet kernel:

Ny
s_stft; => A xexp(jx¢,)x H\WWT (f, —i/FFTL),i =0,..., FFTL/2, (857)

n=1

1 1
HWT () = O’SOA(f)J'O’ZS{A(f Y —JJ’A(‘C *mﬂ if [f|<WT_BW, (858)
0, if [f|>WT _BW

where Aisgiven by (8.13), and WT_BW by (8.14).

8.2.9.5 Inverse FFT

Aninverse FFT isapplied to the synthetic STFT spectrum resulting in FFTL-dimensional vector
Syn ={s7",n=0,...,FFTL -1} with real coordinates which is used as atime-domain representation of current frame:

1 FRIL T
s’ = = D s_stft; xexp(j xixn FFTL) (8.59)
i=0

*

In(859) s_stft, =s_stft’, ,, if i = FFTL/2.
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8.2.10 Overlap-Add

Theinput to the Overlap-Add block (OLA) is the synthesized time-domain frame S¥". The OLA block outputs an M
samples long segment of speech which is appended to the aready synthesized part of the speech signal. The OLA block
maintains apair of M samples long buffers:

BUF* ={buf> k =1,...,M}; and
BUF* ={buf ®* k =1,.., M} .

Each coordinate of BUF92 s initialized by zero values when the very first frame is processed. BUF9@ preservesiits
contents in between invocations of the OLA block. The procedure performed in the OLA block is specified by the
following pseudo code:

{
bufk°+'f = bufkcl'j‘ + S_StftFFTL_M+k, k=1..M=1; /* overlap-add */

bUfkOUt ZbUfKOIa, k=1,...,|\/| ; /* copy OLA buffer to OUT buffer */

bUfkOla =S_Stftk_l, k=1,...,|\/| i |* prepare for the next frane */
Qut put BUF™ ;
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