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Foreword

This Technical Specification has been produced by the 3" Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.
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1 Scope

The present document defines a frame loss conceal ment procedure, also termed frame substitution and muting
procedure, which is executed by the Enhanced V oice Services (EV'S) decoder when one or more frames (speech or
audio or SID frames) are unavailable for decoding due to e.g. packet loss, corruption of a packet or late arrival of a
packet.

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, edition number, version number, etc.) or
non-specific.

- For aspecific reference, subsequent revisions do not apply.

- For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.

2] 3GPP TS 26.441: "Codec for Enhanced Voice Services (EVS); General Overview".

[3] 3GPP TS 26.442: " Codec for Enhanced Voice Services (EVS); ANSI C code (fixed-point)".

[4] 3GPP TS 26.444: " Codec for Enhanced Voice Services (EVS); Test Sequences'.

[5] 3GPP TS 26.445: " Codec for Enhanced Voice Services (EVS); Detailed Algorithmic Description”.

[6] 3GPP TS 26.446: " Codec for Enhanced Voice Services (EVS); AMR-WB Backward Compatible
Functions”.

[7] R. Martin, Noise Power Spectral Density Estimation Based on Optimal Smoothing and Minimum
Statistics, 2001

3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document, the terms and definitions givenin TR 21.905 [1] and the following apply. A
term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

Further EV'S codec specific definitions are found in clause 3.1 of [5].

3.2 Symbols

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

EV S codec specific symbol definitions may be found in clause 3.2 of [5].

ETSI
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3.3 Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An
abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in
TR 21.905[1].

AMR Adaptive Multi Rate (codec)

AMR-NB Adaptive Multi Rate Narrowband (codec) = AMR
AMR-WB Adaptive Multi Rate Wideband (codec)
EFR Enhanced Full Rate (codec)

EVS Enhanced Voice Services

FB Fullband

FR (GSM) Full Rate (codec)

HR (GSM) Half Rate (codec)

JBM Jitter Buffer Management

MTSI Multimedia Telephony Service for IMS
NB Narrowband

PLC Packet Loss Conceal ment

PS Packet Switched

PSTN Public Switched Telephone Network
SWB Super Wideband

wB Wideband

Further EV'S codec specific abbreviations may be found in clause 3.3 of [5].

4 General

The purpose of the frame loss concealment procedure is to conceal the effect of any unavailable EV S frame (speech or
audio or SID) for decoding. The concealment of erased frames covers both the reconstruction of missing frames and the
techniques to ensure smooth and rapid recovery of normal synthesis after erased segments. The frame |loss conceal ment
procedure also covers proper strategies including muting or fading to background noise for the case of multiple frame
lossesin arow. The purpose of muting the output or fading to background noise in the case of several lost framesin a
row isto indicate the breakdown of the channel to the user and to avoid generating possible annoying sounds as a result
from the frame loss concealment procedure.

Unless stated differently, fading operations (described in subclause 5.3.4 and subclause 5.4.6) start already with the first
lost frame.

Given the architecture and features of the EV S codec (detailsin [EV'S Codec Detailed Algorithmic Description]) the
frame loss conceal ment procedure comprises conceal ment methods for the various major codec modules, such as signal
classification, spectral envelope (LPC), ACELP, MDCT and Bandwidth Extension. A particular feature of the EVS
codec is'guided’ frame loss concealment for which the encoder provides specific supplementary data guiding the
concealment during erased frames and enhancing the convergence and recovery of the decoder after erased frames. The
description in this specification is limited on how to apply the 'guided’ frame |oss conceal ment data; the corresponding
encoding operations are described as part of the EV'S codec algorithmic description [5].

The procedure of the present document is mandatory for implementation in all network entities and User Equipment
(UE)s supporting the EV S decoder.

The present document does not describe the ANSI-C code of this procedure. For a description of the fixed-point ANS
C code see [3]; for adescription of the floating-point ANSI C code see, [4].

In the case of discrepancy between the procedure described in the present document and its ANSI-C code specifications
contained in [3] the procedure defined by the [3] prevails. In the case of discrepancy between the procedure described in
the present document and its ANSI-C code specifications contained in [4] the procedure defined by the [4] prevails.

ETSI
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5 Detailed description

5.1 Concealment operation related to signal classification

51.1 Overview

Many conceal ment methods are based on signal classification. The frame classis either transmitted and decoded from
the bit stream, or estimated in the decoder. This estimation process is specified subsequently in subclause 5.1.2; it is
performed in the following during normal decoding, if the decoded frameis ACELP or MDCT based TCX. In the case
of mode or rate switching, the buffer storing the signal history is resampled appropriately.

5.1.2 Signal class estimation

If possible, the classis directly derived from the coding mode in case of UC or VC modes, i.e. the classis
UNVOICED_CLAS in case of UC frame and VOICED_CLAS in case of VC frame. Otherwisg, it is estimated at the
decoder asfollows.

The frame classification at the decoder is based on the following parameters: zero-crossing parameter, Z , pitch-

synchronous normalized correlation, Ry, pitch coherence parameter, p., spectral tilt, e', and pitch synchronous
relative energy at the end of the frame, dE+ .

The zero-crossing parameter, Z , is averaged over the whole frame. That is,

Ny bfr

Zg == Y Zl) ®
i=0

where Z_isthe number of times the signal sign of the synthesized signal, épre(n) , changes from positive to negative

during subframei. The number of subframes n_,, depends of the internal sampling frequency which could be 12.8 kHz

or 16 kHz. In case of 12.8kHz the number of subframesis 4 otherwise the number of subframesis 5. In case the internal
sampling frequency is 16 kHz, Z.is multiplied by 0.8.

The pitch synchronous normalized correlation is computed based on a pitch lag, TO, where TO is the integer part of the
pitch lag of the last subframe, or the average of the pitch lag of the last two subframe if it islarger than 3Ly, /2,

where Ly, = 64isthesubframesize. Thatis
FEd it [al¥]<a,, /2
To= 2
round(td [ff J+ Ld [ff] if Ld Ef;’]J >3l /2
where d[fir] isthe fractional pitch lag at subframei.
The pitch synchronous normalized correlation computed at the end of the frame is given by
Cn (To) for  To>Lou 3
T OSCN (To)+ OSCN (ZTo) for TO < Looir ( )

where

ETSI
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L-1-(k-D)T,
Z §pre(”)épre(n -To)
Cy (KTp) = n=L KT 4
N KTo) = L1-(k-D)T, )
épre(n)épre(r‘) Zépre(n_To)épre(n -To
n=L—kT0 n=L—kT0

whereL isthe frame sizeand Spye(n) isthe synthesized speech signal.

The pitch coherence parameter is compute only in the case that the actual frameis not in TCX MDCT mode. The pitch
coherenceis given by

el - -~ ©

where d[fir] isthefractional pitch lag at subframei. In case the internal sampling frequency is 16 kHz, p.ismultiplied
by 0.8.

The spectral tilt parameter, e , is estimated based on the last 3 subframes and given by

L-1
Z Spre(MSpre(n—1)

 N=Lgpsr
e'= = (6)

D Spre(M3pe(n)

N="Lgbfr

The pitch synchronous relative energy at the end of the frameis given by
dET = ET - ET (7)

where
=
Er =10log;q ;nz_;)éz(L—THLn) 8

and E; isthelong-term energy. Eg isupdated only when acurrent frameis classified as VOICED_CLAS and is of

interoperable coding mode or isn't of generic or transition coding mode, and is classified as VOICED_CLAS at the
same time, using the relation

Er =0.99E1 +0.01E; 9)
dET = ET - ET (10)
The pitch lag value, T', over which the energy, Er , is computed is given by

Er =099E; +0.01E; p = round(0.5d [ + 05403
T=p if p=L

subfr
T'=2p if p<Lgy

dE; =Er —E7 (11)

To make the classification more robust, the classification parameters are considered together forming a function of
merit, fm. For that purpose, the classification parameters are first scaled so that each parameter's typical value for
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unvoiced signal trandatesin 0 and each parameter's typical value for voiced signal trandatesinto 1. A linear function is
used between them. The scaled version, p®, of acertain parameter, p, , isobtained using

P =kppx +Cp (12)

and in case of pc the scaled parameter is constrained by 0< pc® <1.

The function coefficients, k,, and C, have been found experimentally for each of the parameters so that the signal

distortion due to the concealment and recovery techniques used in the presence of frame erasuresis minimal. The values
used are summarized in Table 1 below.

Table 1: Signal classification parameters at the decoder

Parameter Meaning Kp cp
Ry Normalized correlation 0.8547 0.2479
e' Spectral tilt 0.8333 0.2917
Pc Pitch coherence -0.0357 1.6071
dEt Relative frame energy 0.04 0.56
Zt Zero-crossing counter -0.04 2.52

The merit function has been defined as
fo =%(2RTS +€%5+p.° +dET + 24 °) (14)

where the superscript sindicates the scaled version of the parameters. In the case of 8-kHz sampled output and a
decoded hit rate of 9.6kbps, the merit function, f, is further multiplied by 0.9.

In the case that the actual frameisnot in TCX MDCT mode, the pitch coherence is not compute therefore the merit
function has been defined as

fin = £ (2RF + &% 4lEF + 2 %) (15)

dET = ET - ET (16)

The classification is performed using the merit function, fm , and following the rules summarized in Table 2. The

default classisUNVOICED_CLAS. Note that the class ARTIFICIAL ONSET is set at the decoder if the frame follows
an erased frame and artificial onset reconstruction is used as described in subclause 5.3.3.4.2.

Table 2: Signal classification rules at the decoder

Previous frame class Rule Current frame class
ONSET f,>0.63 VOICED_CLAS
ARTIFICIAL ONSET :

VOICED_CLAS 0.63> fm >0.39 VOICED TRANSITION
VOICED TRANSITION f. <0.39 UNVOICED_CLAS
frn > 0.56 ONSET

UNVOICED TRANSITION —
UNVOICED_CLAS 056> f,,>0.45 UNVOICED TRANSITION

INACTIVE_CLAS =
fn <0.45 UNVOICED_CLAS
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5.2 Concealment operation related to spectral envelope (LPC)
representation

When the L SF parameters of the first good frame are not available, the L SF parameters of the concealed frame are
extrapolated using the last L SF parameters. The genera ideais to fade the last L SF parameters towards an adaptive L SF
mean vector. First, an average L SF vector is calculated from the last 3 known L SF vectors as

favg = (17)

Then, the adaptive mean L SF vector is calculated by
f’:ﬂ'?gatic +(1- ) favg (18)

Then the L SF vector used for concealing the lost frame is computed

flol_g. {0 1) ¢ (19)

where 7static is the mean L SF vector defined according to Table 3.

Table 3: Values of LSF mean vector ?Static

LPC Quantization == Foo=
0 static
AVQ

fg =32kHz (739.65, 1811.71,2794.79,3708.53, 4594.87,5528.75, 6583.99, 7512.05,
8455.51, 9352.67,10266.73,11133.74,12067.91,12958.21,13940.67,14794. 15)

fg = 25.6kHz (614.44, 1437.24,2259.37,2994.68, 3732.57, 4420.10,5187.93, 5985.97,
6790.66, 7523.16,8283.87,9010.86,9757.03,10458.90,11209.84, 11888.64)

fs =16.0kHz (355.08, 696.48,1260.55,1735.55, 2220.70, 2676.17,3123.44, 3560.94,

3989.45, 4399.61, 4869.14, 5372.66, 5894.53, 6364.45, 6883.20, 7302.73)
LPC Quantization ==1 |7¥

ACELP static
fs=16.0kHz (355.08, 696.48,1260.55,1735.55, 2220.70, 2676.17, 3123.44, 3560.94,
3989.45, 4399.61, 4869.14, 5372.66, 5894.53, 6364.45, 6883.20, 7302.73)
fg=12.8kHz (289.84,527.34,919.53,1365.23,1736.72,2131.25,2513.28,2863.67
3245.70,3600.78,3962.89,4314.06,4703.91,5102.73,5508.20,5899.61)
fs=8.0kHz (326.56,525.00,881.64,1274.61,1630.08,1965.23, 2324.22, 2619.92,

2935.16, 3216.41,3469.14, 3687.11, 4059.77, 4775.78,5412.11,5912.11)

Furthermore, £ isdefined according to Table 4.

Table 4: Values of LSF interpolation factor g

Bitrates: 5.9, 6.8, 8.0, 13.2, 32 and 64 kbps | 9.6, 16.4, 24.4, 48, 96 and 128 kbps
plcBackgroundNoiseUpdated == B=075 p=0
plcBackgroundNoiseUpdated == 0 B=0.75 $=0.25

o depends on the previous coder type and the signal class of the last good frame for the first 3 lost frames. It is
determined according to Table5.
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Table 5: Values of LSF interpolation factor «

%rzsr;g?c?gdgi?%g Additional criteria a
UNVOICED 1
Last_GSC_pit_band_idx > 0 and
KS‘;BVE or nbLostCmpt > 1 0.8
else 0.995
Successively lost frames = 1 6-0.2+0.8
UNVOICED_CLAS Successively lost frames = 2 0.6
Successively lost frames = 3 0.4
UNVOICED TRANSITION 0.8
VOICED CLAS 1
ONSET 1
ARTIFICIAL ONSET 0.6
All other cases 0.4

Starting from the 4™ consecutive lost frame o =

n cons

The estimated L SF vector of the concealed frame f [o] is converted to L SP representation and interpolated. The

interpolation procedure corresponds to the procedure described in subclause 5.1.9.6 of [5]. The interpolation procedure
calculates four or five LSP vectors, each for a given subframe of the concealed frame. The interpolation is done
between the L SP vector of the last subframe of the last frame (the one before the concealed frame)and the L SP vector

derived from f o] during concealment, as described above.

5.2.1 Specifics to rates 9.6, 16.4 and 24.4kbps

Additionally to estimating the L SF vector f [o] there is another L SF vector fc[,?é computed

il — o fH 1) (20)
where

fc[r?é is an estimated L SF vector used in ACEL P conceal ment,

feng isthe LSF representation of the CNG noise estimation on decoder side (see clause 4.3 in [9]).

5.2.2 Specifics to AMR-WB |0 mode

The same procedure is performed, but instead of L SFs, |SFs are used for the estimation. The mean L SF vector used for
interpolation is

f qatic = (288411774, 518149414, 912352051, 1397.743652, 1795418823, 2211536133,
2621461182, 3019.680176, 3417989746, 3809.700928, 4181547363,
4581064941, 5012819824, 5457521484, 5876145020, 1576906494)

5.2.3 Check for Mid LSF stability

The interpolation of the mid-L SF can create unstable L SFs under packet erasure conditions. Let the K th sub-frame
LSFsaregiven by x£; k={12,34} . We denote the last sub-frame LSF of Nthframeas X; where X’ = x;‘ .Letus

denote the i th LSF dimension of the K th sub-frame of frame n as Xik‘n wherei ={1,2,...,M} .

The end-L SF quantizer quantizes xr'f . Then mid-L SF quantizer interpolates the mid-L SFs as follows.
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X|mn = \Ni,n ’ Xie,n + (1_\N|n) Xie,n—l (21)

where i-th dimension of the weighting vector w,, isgivenby w; ,. The vector elements w; , are not constrained. In
particular if 0<w; , <1 interpolation generates amid-LSF x/T, between x°,_; and x{,. However if w; , <Oor w; , >1
interpolation might generate amid-LSF x/, outsi de[an, an_l] . This could potentially create L SF clustering that
result in an unstable L SF synthesis filter. To remedy this situation, a potential instability is detected as described below.
In the frame that follows the packet loss, the decoder checks whether the computed mid-L SFs are ordered correctly i.e.
(Xh +A) < (X3, +A) <--- < (X o +A). If violation of thisruleis detected the L SFs are considered as potentially

unstable. If potential LSF instability is detected, decoder uses a fixed weighting value &,y (typically 0.6) for mid
L SF interpolation as follows.

Xir,T:1 = Chiyed * XiP:n + (1_ ied ) Xie,n—l (22)

The mid LSF interpolation based on eguation (22) is continued until frame n+ k such that the frame n+k isthefirst
frame after frame n that uses safety net quantization for quantizing its end L SF.

5.2.4  Adaptive interpolation of LSFs
The sub-frame LSFs are interpolated based on X, , X1, and X, using fixed interpolation factors given by

m

X0 =0 X0+ B X +l—og = B)- XN, (23)

where Xir":1 and an correspond to the mid and end LSFs of frame n respectively. Notethat ¢, and [, such that

0< o, B, <1, and those are fixed values known to both encoder and decoder. If the frame (n-1) islost its end
L SFs are estimated by the decoder. However the dependence on the estimated end L SFs of the (n—1) th frame may
adversely affect the speech quality if the estimated end L SFs are not well represent the actual one. Thisissueis
addressed by selecting the interpolation factors ¢, and ,Bk appropriately by giving more weight to the end L SF of
frame N whichisnot lost.

To adaptively select the L SF interpolation factors, we estimate the gain of the synthesis filter resulting from the LSF
vectors xfn,l and xfn by computing the energy of the impulse response of the corresponding synthesisfilters. Let the
impul se responses of the synthesis filters corresponding to xfn,l and xfn aregivenby h,_;(k)and h, (k). The
truncated energy of the impulse responses are givenby E,_; and E, where

E =Y h(0) (24

Note that N is the length of the truncated response. Typically 128 samples are used to compute the truncated impul se
response. The interpolation factors, and f3, are picked based on the energy ratioR= E,, /E, , , coder type, FEC
classification and the use of safety net quantization for LSF quantization.

These interpolation factors are picked from four different sets of interpolation factors. For example alargest difference
in E, should pick the interpolation factors that give the very little or zero weight to the previous end LSF in the
interpolation.
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Packet n-2 Packet n-2 Packet n
correctly received erased correctly received

Summary of Terms
SF : Sub Frame

X, 1 End Isf (for sub-frame 4) of frame n
X", : Mid LSF of framen
X, : LSF for the k-th sub-frame; k={1,23,4}, and X' =X,

Figure 1: Adaptive interpolation of LSFs

5.25 LPC gain compensation

At 9.6, 16.4, 24.4, 48, 96 and 128 kbps, the LPC concealment and interpolation will lead to a change of overall gain of
the signal, which is unwanted when targeting a certain background noise level during consecutive frame loss. Therefore
the energy of the LPC is measured and stored during decoding of regular frames. In a conceal ment frame the energy of
the concealed LPC is measured and compared to the LPC energy of the last correctly received frame and any changeis
compensated.

To measure the LPC energy, avector of length 64 is generated and initialized to al zero. Then the first entry is set to
one:

iMpinput ={10....,< 63zeros>,...,0} (23)

imp;noye is fed into the LPC synthesis filter, where the filter memory isiinitialized with zeros. The output of the filter
(impulse response) is denoted as imp, pc . After filtering, the root mean square energy is calculated by:

energ pc = (26)

In correctly received frames the energy is calculated and stored using the latest LPC available.
In case of concealment the compensation differs for ACELP and TCX:

For ACELP there will be 4 or 5 sets of LPC coefficients, depending on the number of subframes to be synthesized. For
each set of coefficients the corresponding energy is calculated and divided by the energy derived in the last good frame.
Theresult of the division is used as a factor to be multiplied to each element of the excitation vector of the
corresponding subframe. See sub-clause 5.3.4.2.1.

For TCX, there will be one or two sets of coefficients (TCX10/TCX20). For each set of coefficients the corresponding
energy is calculated and divided by the energy derived in the previous segment. The segment size equals 10 ms for
TCX10 and 20 msfor TCX20. Asthe fade out is performed in the time domain, the LPC gain compensation is also
done in the time domain, by linearly fading from the last compensation factor (would be 1 for thefirst lost frame) to the
derived compensation factor at the end of the segment. See sub-clause 5.4.6.1.3.
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5.3 Concealment operation related to ACELP modes

531 General

In case of frame erasures, the concealment strategy can be summarized as a convergence of the signal energy and the
spectral envelope to the estimated parameters of the background noise. A frame erasure is signalled to the decoder by
setting the bad frame indicator variable for the current frame active. The periodicity of the signal is converged to zero.
The speed of the convergence is dependent on the parameters of the last correctly received frame and the number of
consecutive erased frames, and is controlled by an attenuation factor, o.. The factor, o, is further dependent on the
stahility, 0, of the LP filter for UNVOICED_CLAS frames. In general, the convergenceis dow if the last good received
frameisin astable segment and israpid if the frame isin atransition segment. The values of o are summarized in
subclause 5.3.4.1 for the excitation concealment of rates: 5.9, 7.2, 8.0, 13.2, 32 and 64 kbps and in subclause 5.3.4.2.3
for the rates: 9.6, 16.4 and 24.4 kbps. Similar values are aso defined for L SF concealment as described in

subclause 5.2.

5.3.1.1 Extrapolation of future pitch

In case of aframe loss, an estimation of the end-of-frame pitch is done to help keeping the adaptive codebook in sync to
the error free case as good as possible. If the error free end-of-frame pitch can be predicted precisely, the recovery after
the loss will be alot quicker. The pitch extrapolation assumes that the encoder uses a smooth pitch contour. The
information on the estimated end-of-frame pitch is used by the glottal pulse resynchronization tool described in
subclause 5.3.1.2.

The pitch extrapolation is done only if the last good frame was classified as UNVOICED TRANSITION, VOICED
TRANSITION or VOICED_CLAS. Also the pitch extrapolation is only performed if the frame before the losswas a

good frame. The extrapolation is done based on the pitch lags, d ifr , of the last 5 subframes before the erasure. Also the

history of the pitch gains, gip , of the last 6 subframes before the erasure is needed. The history update of the pitch lags
and pitch gainsis done after the synthesis of every frame.

First, the difference between the pitch lags is computed:

sl =il —dli fori=-1..,-5 (27)
where d Lr_l] denotes the last subframe of the previous frame, d [fr_z] denotes the second last sub-frame of the previous
frame, and so on.

In case the last good frame contai ned information about future pitch gains and pitch lags, d,ijfr isinstead calculated by:
ol =dli+a gl for j=—1,..5 (28)
Also in case of information about future pitch gains and pitch lags was contained in the previous frame, the history of

pitch gainsis shifted by 2 subframesin away that the (i + 2) -th pitch gain is moved to the i -th pitch gain, for
i=-1..,-5.

Future subframe information might be available if the last good frame was coded with TCX MDCT and there was LTP
information available, or the last good frame was coded with ACELP and there was future pitch information transmitted
in the bitstream (see subclause 5.3.3.1).

The sum of the differencesis computed as

-5 .
5 =3 ol 29)
i=1

-5 .
The position of the maximum absolute difference, ipgy = arg{max(ab‘s(dgf]r ))} , isfound.
i=—1
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If the criterion é‘d'g‘ax <0.15- pitchyqy AND abs(éc[#r“ax] )< abs(sg) ismet, pitch prediction is performed. Else no

prediction is performed and pI tChol qis used for building the adaptive codebook during conceal ment.
Pitch prediction is performed by minimizing this error equation.
error = ZQ'D((a+b-i)—(d['])2j (30)
i=—1
where:

Eerror istheerror function,

g, ae the past adaptive codebook gains,

a and b are unknown variables which need to be determined,

dlll arethe adaptive codebook lags from the past frames,

| isthe subframe index

The past adaptive codebook gains are multiply by avector { 1.25f, 1.125f, 1.f, 0.875f, .75f};
Minimizing of this function is done by deviating the error function by aand b separately

Aerror
Aa

8- g[p_ll (— d-U+4.p+ a)+ 2 g[‘Z] (— d-2 4+3.b+ a)

+2-g[p‘3]( d=3 4 2. b+a)+2 g[ 4]( d[‘4]+b+a)+2-g[p‘5](—d[‘5]+a)
Aerror (31)

Ab

:8.g[p‘1](—d[‘1]+4-b+a)+6-g[_2](—d[‘2]+3-b+a)
+4-g[p‘3]( d=3 4 2. b+a)+2 g[ 4]( d[_4]+b+a)

By setting the derivatives Envelope[m U and AeArLor 0 to zero, thisleadsto:

- (s o+ g[—31+3.g[—21). ob9.dl9
+((2 o5¥+2 gl 21) o549 - 4.9 gl 51) g4
+( 8-95¥ .3 g% -3. g5 o4+ g2 2. gy 3])d[ 3
+( 12.952. o -6 gb¥ -2 g4 - 2.3 -2 .g[p3]).d[—2]
+( 16-gi0 . g% -9 ol 1].g[p4]_4.g[p—1].g[p—B]_g[p—ll.g[p—2]).d[—1])
/ denominator
b= _(( 442953 43, gL 4 4. g ) o9 .ol
+((g[ 912,952 43 qf 1]) R B 5]) g4
+( 2.3 g8l - gls3 gl 41+(g[ 412.qf 11) o 3]) 43
i3 3952 g% -2 .g[pzl.g[p4]_g[p2].g[p3]+g[p11.g[pzl).d[—zl
+[a 4.8 gh% -3 gl gl 2. gl-l ghd gL gl-2 J.dr-4)

/ denominator

(32)

(33)
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where
denominator = (g[p“‘] +4- g[p‘3] +9- g[p‘z] +16- g[p‘l] ) g[p‘5]

(34)

The end-of-frame pitch is determined according to this, if no information about future subframes was available in the
previous frame:

Ppred =a+4-b (35)
In case there was information about future pitch gains and pitch lags available the end-of-frame pitch is predicted by:

Ppred =@+ 2:b (36)

After this processing, the predicted pitch Pyeq islimited between dpyin and ey -

5.3.1.2 Construction of the periodic part of the excitation

For a concealment of erased frames following a correctly received UNVOICED_CLAS frame, no periodic part of the
excitation is generated. For a concealment of erased frames following a correctly received frame other than
UNVOICED_CLAS, the periodic part of the excitation is constructed by repeating the low-pass filtered last pitch period
of the previous frame. The low-pass filter used is a simple 3-tap linear phase FIR filter with the coefficients equal to
0.18, 0.64 and 0.18. The pitch period, Tc, used to select the last pitch pulse, and hence used during the concealment, is
defined so that pitch multiples or submultiples can be avoided or reduced. The following logic is used in determining
the pitch period, Tc

if (T[-1] <1.8Ts) AND (T[-1] > 0.6Ts)) OR (Tcnt >=5)
tmp_tc = T[-1]

else
tmp_tc=Ts

Tc = round(tmp_tc)

Here, T[-1] = d -] isthe pitch period of the last subframe of the last good received frame and Tsis the pitch period

of the last subframe of the last good stable voiced frame with coherent pitch estimates. A stable voiced frame is defined
here asa VOICED_CLAS frame, preceded by a frame of voiced type (VOICED TRANSITION, VOICED_CLAS,
ONSET). The coherence of pitch is verified by examining whether the closed-loop pitch estimates are reasonably close;

i.e. whether the ratio between the 4th subframe pitch, d fr[_l] at 12.8 kHz core sampling frequency or d fr[_z] at 16 kHz

core sampling frequency, and the 2nd subframe pitch, d fr[_3] at 12.8 kHz core sampling frequency or d fr[_4] at 16 kHz

core sampling frequency, is within the interval [0.7, 1.4], and whether the ratio between the 2nd subframe pitch (d¢ [l

or d fr[_4] ) and the last subframe pitch of the preceding frame, d fr[_y] , isalso within that interval, wherey = 5 when
the core sampling frequency is 12.8 kHz and y = 6 otherwise. The pitch is also assumed cohererent if the coding typeis
transition.

This determination of the pitch period, Tc, impliesthat if the pitch at the end of the last good frame and the pitch of the
last stable frame are close, the pitch of the last good frame is used. Otherwise, this pitch is considered unreliable and the
pitch of the last stable frame is used instead to avoid the impact of erroneous pitch estimates at voiced onsets. Thislogic
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isvalid only if the last stable segment is not too far in the past. Hence, a counter, Tent, is defined that limits the effect of
the last stable segment. If Tent is greater than or equal to 5; i.e. if there are at least 5 frames since the last Ts update, the
last good frame pitch is used systematically. Tent is reset to 0 every time a stable segment is detected and Tsis updated.
The period Tc is then maintained constant during the conceal ment for the entire erased block.

53.1.21 Particularity of rate 5.9, 7.2, 8.0 and 13.2 kbps

On top of UNVOICED_CLAS, the periodic component of the excitation is not constructed when the last coding mode
was GSC AUDIO without atemporal contribution or the last class was INACTIVE without atemporal contribution.

5.3.1.3 Glottal pulse resynchronization

The construction of the periodic part of the excitation, described in the subclause 5.3.1.2, may result in a drift of the
glottal pulse position in the concealed frame during voiced segments, since the pitch period used to build the excitation
can be different from the encoder pitch period. Thiswill cause the adaptive codebook (or past CELP excitation) to be
desynchronized from the actual CELP excitation. Thus, in case agood frame is received after an erased frame, the pitch
excitation (or adaptive codebook excitation) will have an error which may persist for several frames and affect the
performance of the correctly received frames.

To overcome this problem and improve the decoder convergence, a resynchronization method is used which adjusts the
position of the glottal pulsesin the concealed frame to be synchronized with the estimated true glottal pulses positions
where the positions of the glottal pulses are estimated at the decoder based on the pitch extrapolation performed asin
subclause 5.3.1.1. Therefore, this resynchronization procedure is performed based on the estimation of phase
information and it aligns the maximum pulse in each pitch period of the concealed frame to the estimated position of the
glottal pulse.

The starting point is the constructed periodic part of the excitation src_exc, constructed as described in subclause
5.3.1.2.If Pyeg <tmp_tc then samples are removed from src_exc and if Ppeq >tmp_tc then samples are added to
src_exc. The samples are added or removed at the locations of the minimum energy, between the estimated locations of
the glottal pulses as well as the locations of the minimum energy before the estimated location of the first and after the
estimated location of the last glottal pulse. The periodic part of the excitation, modified in such way, is stored into
dst_exc.

5.3.1.3.1 Condition to perform resynchronisation

The glottal pulse resynchronisation is performed only if some conditions, which describe that a reliable estimation of
true pulse positionsis available and is different from the actual pulse positions, are met. First the extrapolation of the
future pitch as performed in subclause 5.3.1.1 shall have been successful. The pitch period Tc as defined in subclause
5.3.1.2 shall be different than the rounded predicted pitch Pyq as defined in subclause 5.3.1.1. The absolute

difference between the pitch period Tc and the rounded predicted pitch Ppreq shall be smaller than 0.15-T¢ . In order

to have enough samples for the pulse resynchronization in the periodic part of the excitation constructed by repeating
the last pitch period, the relative pitch change shall be greater than a threshold as described below:

P
pred o1 2

- (37)
tmp _tc Ngubir +1

where Ng,p iSthe number of subframes as defined in subclause 5.1.2.

If the conditions to perform the glottal pul se resynchronization are not met, the samples from src_exc are simply copied
to dst_exc. In some instances, where the glottal pulse resynchronization is used, thisisimplemented in a such way that
src_exc points to the final location of the modified periodic part of the excitation, and that its contents are first copied to
another temporary buffer which is then considered as src_exc inside the pulse resynchronization and the final location
which for the caller issrc_exc is considered as dst_exc inside the pul se resynchronization.

5.3.1.3.2 Performing glottal pulse resynchronization

First the pitch change per sub-frame ¢ iscalculated as:
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Ppred —tmp_tc

5= (38)
Nsubfr
Then the number of samples to be added (to be removed if negative) d iscalculated as:
n +1
d= §L subfr * (4 tmp _tc (39)
Tc 2 Tc

Then the location of the first maximum pulse T[0] , among first Tc samplesin src_exc is found using simple search for
the maximum absol ute value.

Theindex of the last pulse that will be present in dst_exc is calculated as:

[L=d-Tio
k= {—Tc w (40)

The delta of the samples to be added or removed between consecutive pitch cycles a is calculated as:

N ITe — Pprea|(L - d)-[d[Tc

. (41)
(k + 1)(T[0] + ETC j
The number of samples to be added or removed before the first pulse is calculated as:
T[O
A8 = (Tc ~ Porea| - (k + 1)a)T[_c] (42)

The number of samplesto be added or removed before the first pulse is rounded down and the fractional part iskept in
memory:

Ag =|AP
o-lug) “
F=A—-Ag
For each region between 2 pul ses the number of samples to be added or removed is calculated as:
Ai:|TC_Ppred|—(k+1—i)a, 1<i<k (44)

The number of samples to be added or removed between 2 pulses, taking into account the remaining fractional part
from the previous rounding, is rounded down:

A = \_Ai + FJ
. (45)
F=A -4
If, due to the added F , for somei it happensthat A; > A;_;, thenthevaluesfor A; and A,;_; are swapped.
The number of samples to be added or removed after the last pulseis calculated as:
' k '
Ar=[d+05]- D" a; (46)
i=0

The maximum number of samples to be added or removed among the minimum energy regionsis calculated as:

A, A 2Aygy

. : . (47)
Ay A <Ayp

AImax = max AIi :{
i
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The location of the minimum energy segment P_. [1] between the first two pulsesin src_exc, that has Amax length, is

min
then found by simple search for minimum in the moving average of length Amax . For every consecutive minimum
energy segment between two pulses, the position is calculated as:

P lil=P i [M+(i-DTc, 1<i<k (48)
If P in[4>Tc thenthelocation of the minimum energy segment before the first pulseis calculated using
Prin[0] = P[4 — Tc . Otherwise the location of the minimum energy segment P, [0] beforethe first pulsein

src_exc isfound by simple search for minimum in the moving average of length A'O .

If B[4 +KTc <L-d then thelocation of the minimum energy segment after the last pulse is calculated using

[k+1 = [1] + kT¢ . Otherwise the location of the minimum energy segment P . [k +1] after thelast pulsein

m| n m| n min

src_exc is found by simple search for minimum in the moving average of length A\, 4 .

If thereis going to be just one pulsein dst_exc, that isif k isequal to O, thesearchfor P_. [1] islimitedto L—-d.

m|n

P in[l then points to the location of the minimum energy segment &fter the only pulsein dst_exc.

If d>0 then A'i samples are added at location P_. [i] for 0<i < k+1 tothesigna src_exc and stored in dst_exc,

min
otherwise if d <0 then A'i samples are removed at location P, [i] for 0<i <k+1 from the signal src_exc and
stored in dst_exc. There are k + 2 regions where the samples are added or removed.

5.3.1.4 Construction of the random part of the excitation

The innovative (non-periodic) part of the excitation is generated randomly. A simple random generator with
approximately uniform distribution is used. Before adjusting the innovation gain, the randomly generated innovation is
scaled to some reference value, fixed here to the unitary energy per sample. At the beginning of an erased block, the
innovation gain, gs, isinitialized by using the innovative excitation gains of each subframe of the last good frame

for 4 subframes:
9s =019 + 029 + 03902 +0.4gL Y (49)

for 5 subframes:

where g[ 5 g[ 4 QL‘3] , Q[C‘Z] and @L‘ll are the algebraic codebook gains of the four subframes of the last

correctly received frame. The attenuation strategy of the random part of the excitation is somewhat different from the
attenuation of the pitch excitation. The reason is that the pitch excitation (and thus the excitation periodicity) is
converging to 0 while the random excitation is converging to the CNG excitation energy. The innovation gain
attenuation is calculated as

0¥ =gl + 1- )9, (50)

where gm isthe innovative gain at the beginning of the next frame, g[o] isthe innovative gain at the beginning of the
current frame, g, isthe gain of the excitation used during the comfort noise generation and a is as defined in Table 4.

The comfort noise gain, gy, isgiven asthe square root of the energy E' asdescribed in subclause 5.4.3.6.4. Si milarly
to the periodic excitation attenuation, the gain is thus attenuated linearly throughout the frame on a sample-by-sample
basis starting with, g[O] and going to the value of gm that would be achieved at the beginning of the next frame.
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Finally, if the last correctly received frame is different from UNVOICED_CLAS, the innovation excitation is filtered
through alinear phase FIR high-pass filter with coefficients -0.0125, -0.109, 0.7813,

—0.109, and —0.0125. To decrease the amount of noisy components during voiced segments, these filter coefficients are
multiplied by an adaptive factor equal to (0.75— 0.25rv) , with r,, denoting the voicing factor as defined in equation

(1475) in subclause 6.1.1.3.2 of [5]. The random part of the excitation is then added to the adaptive excitation to form
the total excitation signal. If the last good frameis UNVOICED_CLAS, only the innovative excitationisused and it is
further attenuated by afactor of 0.8. In this case, the past excitation buffer is updated with the innovation excitation, as
no periodic part of the excitation is available. If the last good frameis UNVOICED_CLAS or INACTIVE but it is not
coded with UC mode signalling non-stationary unvoiced frame, the innovation excitation is further attenuated by a
factor of 0.8.

5.3.15 Spectral envelope concealment, synthesis and updates

To synthesize the decoded speech, the LP filter parameters shall be obtained. The spectral envelopeis gradually moved
to an estimated reference envelope, see clause 5.2. The estimated L SF vector is converted to an L SP vector and
interpolated with the last frame's L SP vector for 4 or 5 subframes, depending on the ACELP sampling rate being

12.8 kHz or 16 kHz.

The synthesized signal is obtained by filtering the sum of the adaptive and the random excitation signal through the LP
synthesis filter (see clause 6.1.3 of [5]) and post-processed similar to the steps performed in clean channel.

As the L SF quantizers uses prediction, their memories would not be up to date after the normal operation is resumed.
To reduce this effect, the quantizers memories (moving average and auto-regressive) are estimated and updated at the
end of each erased frame.

5.3.1.5.1 Specifics for rates 9.6, 16.4 and 24.4 kbps

The coefficients of the filter used in subclause 5.3.1.2 for low pass filtering of the first pitch cycle are dependent on the
sampling rate. The pitch period, tmp_tc, is aways equal to T[-1], where T[-1] is the pitch period of the last sub-frame of
the last good received frame, and Tc, used to select the last pitch pulseis thus equal to round(T[-1]).

The periodic part of the excitation will be generated further by repeatedly copying the last pitch cycle of the dst_exc for
an additional half frame, which is used for correctly updating the overlap-add buffers for MDCT recovery.

In contrast to subclause 5.3.1.5, both excitation signals are not added up and filtered. The synthesized signal is obtained
by filtering the adaptive excitation through the LP synthesis filter based on the LSF interpolation according to formula
(19). The random part of the excitation isfiltered through the LP filter based on formula (21). After obtaining two
separate synthesis signal's, they are added up, post processed and played out like in a correctly received frame. Note,
that the memories for both of the LP synthesisfilters are initialized with the last known state of the last good frame in
the beginning of aframe loss. For consecutive loss, they are updated and stored separately.

5.3.16 GSC mode concealment

When the concealment is performed based on the GSC core, the construction of the periodic part of the excitationis
performed as described in subclauses 5.3.1.2 and 5.3.1.3. The reconstruction of the periodic part of the excitation
corresponds to the time domain contribution of the GSC model. Thus, the reconstructed periodic excitation is converted
into the frequency domain using the DCTy as described in subclause 5.2.3.5.3.1 of [5] and the spectrum above the last
known cut-off frequency is smoothed-out to zero.

Then, the spectral concealment is performed by using the last good band energies received. In case of INACTIVE
content or active SWB UC mode, the last good decoded spectrum is mixed with random noise at a rate of 4/5 random
noise and 1/5 the last decoded spectrum, making the spectrum to become noisy quite fast. In case the last good frame
was AUDIO, no noise is added, but the spectrum dynamic is attenuated by 25 %.

The next step consistsin adding the spectrum of the reconstructed periodic excitation to the concealed spectrum of the
frequency domain contribution and to perform the inverse DCT,yv similarly as done in subclause 5.2.3.5.3.1 of [5] to get
the final concealed excitation in case of GSC mode.

5.3.1.7 Specifics for AMR-WB 10 modes

In case of AMR-WB 10 the subclause 5.1.2 is complement with a few more parameters that allow the interoperable
decoder to know if the decoded frame contains more likely speech of generic audio and if the current frame contains an
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onset. The generic audio can include music, reverberant speech and can also include background music. To determine
with good confidence that the current frame can be categorized as generic audio, two parameters are used. The total
frame energy Er asformulated in subclause 5.1.2 and the statistical deviation of the energy variation history og .

First, a mean of the past forty (40) total frame energy variations Edf iscalculated usi ng the following relation:

t=-1

> Ae
Ea = %; where AL =E! —E!'"Y (51)

Then, a statistical deviation of the energy variation history o over the last fifteen (15) framesis determined using the
following relation:

t=—
og =0.7745967 | >
t=-15

15 (52)

Theresulting deviation og gives an indication on the energy stability of the decoded synthesis. Typically, music hasa
higher energy stability (lower statistical deviation of the energy variation history) than speech.

Additionally, the first step classification is used to evaluate the interval between two frames classified as unvoiced N,
when the coder type is different from INACTIVE. When aframe is classified as unvoiced and the coder type is different
from INACTIVE, meaning that the signal is unvoiced but not silence, if the long term active content energy ET , 88

formulated in subclause 5.1.2, is below 40 dB the unvoiced interval counter is set to 16, otherwise the unvoiced interval
counter N, isdecreased by 8 and also limited between 0 and 300 for active signal and between 0 and 125 for inactive

signal. It isreminded that, the difference between active and inactive signal is deduced from the voice activity detection
VAD information included in the bitstream.

A long term average is derived from this unvoiced frame counter as follow for active signal:
Nuy, =0.9- Ny, +0.1- Ny (53
And asfollows for inactive signal:

Ny, =0.95- Ny, (54)

Furthermore, when the long term unvoiced average Nuy, is greater than 100 and the deviation og isgreater than 5 and

the difference between the current frame energy and the last frame energy AIE issmaller than 12 dB, the long term
average is modified as follow:

Nuy, =02+ Ny, +80 (55)

This parameter on long term average of the number of frames between frames classified as unvoiced is used by the
classifier to determine if the frame should be considered as generic audio or not. The more the unvoiced frames are
closein time, the more likely the frame has speech characteristics (less probably generic audio). In the illustrative
example, the threshold to decide if aframeis considered as generic audio G 4 is defined asfollows:

A frameisdeclared Gy if

Nuy, >140 & A'g <12 (56)
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The parameter A'z , defined at the beginning of this subclause, is added to not classify large energy variation as generic
audio, but to keep it as active content. A flag named local attack flag L, and used in subclause 6.8.1.3.5 of [6] is

derived from variation of energy parameter AIE . Thelocal attack flag L is set to 1 when the energy variation is greater
than 6 dB and the frame is classified as GENERIC AUDIO SOUND or when the energy variation is greater than 9 dB.

The modification performed on the excitation depends on the classification of the frame and for some type of frames
there is no modification at all. The next table 3 summarizes the case where a modification can be performed or not.

Table 6: Signal category for excitation modification

Voice activity
Frame Classification detected? Category
Y/N

Modification
Y/N

ONSET
VOICED_CLAS Y
UNVOICED TRANSITION (VAD=1)
ARTIFICIAL ONSET
GENERIC AUDIO SOUND Y Generic audio Y
VOICED TRANSITION
UNVOICED CLAS
ONSET

VOICED_CLAS
UNVOICED TRANSITION
ARTIFICIAL ONSET N Inactive content Y
GENERIC AUDIO SOUND
VOICED TRANSITION
UNVOICED CLAS

Active voice N

Y Active unvoiced Y

The output of the second stage classifier will be used to activate or not different post processing based on content
category.
5.3.1.8 Reconstructed excitation
The total excitation from layer 1 in each subframe is constructed by

u'(n)= g pv(n)+ gec(n), for 0<Nn<63 (57)
where c(n) isthe pre-filtered algebraic code vector. The excitation signal, u'(n), is used to update the contents of the

adaptive codebook for the next frame. The excitation signal, u'(n), is then post-processed as described in
subclause 6.1.1.3 of [5] to obtain the post-processed excitation signal u(n), which isfinally used as an input to the

synthesisfilter ]/ A(z). Thefinal steps of synthesis, post-processing, de-emphasis and resampling are described in
subclauses 6.1.4 of [5].

5.3.1.8.1 Particularity of rate 5.9, 7.2, 8.0 and 13.2 kbps

In case of GSC based concealment, with or without a time domain contribution, the excitation u'(n) corresponds
directly to the output of subclause 5.3.1.6.

532 Concealment for bandwidth extension for ACELP modes

5321 Time domain bandwidth extension

5.3.2.1.1 SWB time domain bandwidth extension

The concealment for SWB TD BWE works for 13.2 kbps, 16.4 kbps, 24.4 kbps and 32 kbps. The algorithm aimsto
reconstruct the high band of the current lost frame for SWB TD BWE. The reconstruction of the lost frame depends on
at least one of the following gain adjustment information: the coder type of the previous frame, the frame class of the
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last good received frame, the frame class of the current frame, the number of the consecutive lost frame, the energies
and thetilts of the low band of both the current frame and the previous frame.

There are gain shapes which are also the subframe gains, global frame gain and L SF should be reconstructed when the
current frameislost. The reconstruction of the LSF information is usually copying from the previous frame. The
reconstruction of the subframe gains of the lost frame is based on the subframe gains and the subframe gain gradients of
at least one frame before the current frame and adjusted by some of the above gain adjustment information. The
reconstruction of the global frame gain of the lost frame is based on the global frame gain of at |east one frame before
the current frame and the global frame gain gradient of the current frame and adjusted by some of the above gain
adjustment information.

Theinitial high band signal of the current lost frame is synthesized according to the decoding parameters of the frame
prior to the current lost frame, specificaly it is synthesized by passing the high band excitation through the synthesis
filter, where the high band excitation is obtained from the low band excitation and synthesis filter is obtained from the
reconstructed L SF parameters. Then the initial synthesized high band signal is adjusted by the reconstructed global
frame gain and at least two of the reconstructed subframe gains of the current lost frame. Finally, the high band of the
current lost frame is reconstructed.

532111 The reconstruction of the global frame gain

For single frame loss: determining the frame class of the current frame, the tilts of the current frame and the previous
frame, the energies of the low parts and high parts from the low band of both the current frame and the previous frame.

Assuming the three following conditions:
- Condition 1: the frame class of the current frameisnot UNVOICED_CLAS and UNVOICED_TRANSITION.
- Condition 2: the tilt of the previous frameis less than 8.0.
- Condition 3: the energy of low parts from the low band of the current frame EnLL is more than 0.5* EnLL e,
and EnLL islessthan 2.0* EnLL e, Or, the energy of high parts from the low band of the current frame EnHH
ismorethan 0.5* EnHH e, and EnHH islessthan2.0* EnHH y.q, . The EnLL ., isthe energy of low parts

from the low band of the current frame and the EnHH e, is the energy of high parts from the low band of the
previous frame.

If al the above mentioned three conditions are met, the global frame gain of the current lost frame is described as
follows:

0.4* Enygip +0.6* of,  Enygiip >4.0% of
of =40.8% Engiip+0.2% of,  4.0* gf => Eny4i0 > 2.0* of (58)
0.2* Eny 4o +0.8* of,  otherwise

where the En, 4, is calculated by:

ENratio = ENprev/ EN (59)

4 79
Z\/Z(s&(j*80+n)*0.0125)2

En= j=1\n=0

2 (60)

where En isthe high band excitation energy of the current frame, Enye, isthe high band excitation energy of the
previous frame.

Then if the tilt of the low band of the current frame tilt is more than that of the previous frame tilt ;¢ , the global

frame gain is updated as follows:
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of = tilt, ai0 * Of , | tilt ey >0 (61)
of, otherhwise
tilt,ai0 = MIN(G.0,tilt oy /tilt) (62)

If the above mentioned three conditions are not met, but the following three conditions are met:

- Condition 4: the frame class of the current frameis not UNVOICED_CLAS or thetilt of the previous frameis
more than 8.0,

- Condition 5: En,g, ismorethan4.0* of ,
- Condition 6: the energy of low parts from the low band of the current frame EnLL is more than 0.5* EnLL e ,
or the energy of high parts from the low band of the current frame EnHH is more than 0.5* EnHH ¢, . The

EnLL ey isthe energy of low parts from the low band of the current frame and the EnHH ¢, is the energy of
high parts from the low band of the previous frame.

The global frame gain would be;
gf =0.2* En4i0 +0.8* of (63)
For multiple frame losses:

For 13.2 kbps and 32 kbps, if Enyo ismorethan4.0* gf , EnLL ismorethan EnLL e, and EnHH is more than
EnHH ey . For 16.4 kbps and 24.4 kbpsif En 4, is more than 4.0% gf , the global frame gain is asfollows:

¢ {min((0.8* Enyatio +0.2* of ),4.0% of ),  tilt >10.0,tilt e, >10.0 (64)

min((0.5* Enyg4io +0.5* gf ),4.0* of ), otherwise

Otherwise, for 13.2 kbps and 32 kbps, if Eny4io ismorethan gf , EnLL ismorethan EnLL e, and EnHH ismore
than EnHH e, . For 16.4 kbps and 24.4 kbpsif En; 4o is more than of , the global frame gainisasfollows:

f - {0.5* ENvatio +0.5% o, tilt >10.0,tilt g, >10.0 )

0.2* Eny 40 +0.8* of,  otherwise

5.3.2.1.1.2 The reconstruction of the gain attenuation factor

Reconstruct the gain attenuation factor according to the following conditions: the coder type of the previous frame, the
frame class of the last good received frame, and the energies of the low band of both the current frame and the previous
frame, the number of the consecutive lost frames. The detail processing is as follows:

For single frame loss, judging the following three conditions:

- Condition 1: the energy of the shaped excitation se(n) of current frame Eng,. is more than the energy of the
shaped excitation se(n) of the previous frame Eng, ey -

- Condition 2: The coder type of the previous frame is not UNVOICED.
- Condition 3: The frame class of the last good received frameis not UNVOICED_CLAS.
If conditionl, 2 and 3 are met:

The gain attenuation factor factorg, to the shaped excitation sg(n)isasfollows:
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factorg, = Ense

Nse _prev

(66)

0.12
factors, temp=( factor,,)

Otherwise

- Condition 4: the energy of the shaped excitation sg(n) of current frame Eng, is more than 0.5 times the energy of
the shaped excitation se(n) of the previous frame 0.5* Eng,  prey -

- Condition 5: the energy of low parts from the low band of the current frame EnLL is more than 0.5* EnLL ¢, ,
or the energy of high parts from the low band of the current frame EnHH is more than 0.5* EnHH ,.¢,. The
EnLL ey isthe energy of low parts from the low band of the current frame and the EnHH ., isthe energy of
high parts from the low band of the previous frame.

- Condition 6: The coder type of the previous frameis not UNVOICED, or the type of the last good received is not
UNVOICED_CLAS or thetilt of the previous frame is more than 5.0.

If condition 4, 5 and 6 are met, the gain attenuation factor factorg, is calculated as follows:

En
factorg, = S

Nse  prev
(67)

0.125
factors, temp=( factor,,)

For multiple frame losses:

If the energy of the shaped excitation se(n) of current frame Eng,. is more than the energy of the shaped excitation
se(n) of the previous frame Eng, ey, the gain attenuation factor factors, is as follows:

En
factorg, = £
Nse  prev

(68)

factors, temp = (factorgs )*1%°

Otherwiseif condition4, 5 and 6 are met, the gain attenuation factor factorg, is asfollows:
En

factorg, = min| 2.0, [——%—

Nse  prev
(69)

factors, temp = (factore )0-125

Usethe factorg, and factors, empto the subframe gains and the shaped excitation se(n) described as follows:

9s(2* j) = gs(2* j)* factors,

gs(2* j+1) =gs(2* j+1)* factorg,

se(i+ j*40) =se(i+ j*40)* factorg, j=0,..,7,i=0,..39
factorg, = factors, / factors, temp

(70)
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Use the reconstructed information including subframe gains, global frame gain and L SFsto reconstruct the high band
signal of thelost frame.

5.3.2.1.1.3 Specifics for rates 13.2 and 32 kbps

Calculating the subframe gain gradients of the previous frame and the frame immediately prior to the previous frame
are described as follows:

gSgradO(j) = gS‘(J' +1) - gsl(j), j=012
OSgraa1(i) =95 (j +)-gs (i), j=0L2 71)
gsgradfec(j +1)=04* gsgrado(j) +0.6% gsgradl(j), j=012

where gs" (1), ] =12,3 4are the subframe gains of the previous frame, gs' (1), j =01,2,3are the subframe gains of the
frame immediately prior to the previous frame.

0.1* gSgrad1(D) + 0.9* 9Sqrad1(2),if  9Sgrad1(2) > 2.0* gSyrad1(2) and gSgrad1(2) > 2.0* gSyrada(l)

OF  OSgrad1(2) > 2.0* gSyrag1 (D) and gsyrad1(2) > 2.0* gSyrag1 (D)

OSgradfec (0) (72)

0.2* gsgradl(l) +0.3* gsgradl(Z) +0.5* gsgradl(S), otherwise

If the coder type of the previous frame is UNVOICED, or the frame class of the last good received frameis
UNVOICED_CLASS, and the gsyradfec(0) is positive. Then the first subframe gain template gSiempiate(0) Would be:

OSemplate(0) = 9S(3) + OSyradfec(0) (73)
Otherwise, if gSy e (0) ispositive, the subframe gain template S,y (0) would be:
9Semplate(0) = 95"(3) + 0.5* 9Syradrec(0) (74)
Otherwise, the subframe gain template gStempiate(0) would be:
OSemplate(0) = 95"(3) (75)
The other gain subframe gain templates gSigpae (1), ] =1,2,3 are determined asfollows:
If gSgrad1(2) is more than 10% gSyraq1 (D) and the gsgraq1(1) is positive. Then:
OSenplate(]) = IStemplate(i — D +0.8* OSyrarec(i), | =123 (76)
Otherwise, if gSgraqg1(2) is more than 10* gsyraq1 (D and gsgraga (1) is negative. Then:
OStemplate()) = OStemplate(] =1 +0.2* @Sgragiec(]), 1 =123 (77)
Otherwise
9Stemplate()) = OSemplate(] =1 + Sgradiec()), =123 (78)

Reconstruct the gs(j), j =1,... 15 use the gSenyplate( ), | =1.2,34 according to the coder type of the previous frame, the

frame class of the last good received frame and the number of consecutive lost frame. The global frame gain gradient
Oattn 1S 8lso determined by the upper three conditions, it isinitialized to 1.0:

If the coder type of the previous frameis UNVOICED or the frame class of the last good received frameis
UNVOICED_CLAS, and thereis single frame loss, then:
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9S(i* 4+ J) = OSenplate(i)*1.2, 1=0123j=0123 (79)

Oattn = Gatin * 0.95 (80)

Otherwise if the coder type of the previous frame is UNVOICED or the frame class of the last good received frameis
UNVOICED_CLAS Then:

0s(i* 4+ |) = OSenplate(i), 1=0123j=0123 (81)

Gattn = Jattn * 0.95 (82

Otherwise, if there are multiple frame losses, then:

9S(i* 4+ ) = OSemplate(i)* 0.5, 1=0123j=0123 (83)
Gattn = Jattn * 0.5 (84)

Otherwise then:
0s(i * 4+ ) = GSemplare(i), 1=0123j=0123 (85)
Qattn = Jattn * 0.85 (86)

where gs(i* 4+ j)i=0123; j = 01,2,3are the subframe gains of the current frame.

The global frame gain of the current frame is calculated with g4, and of prev described as follows:

of = Qartn * Of prev (87

wherethe df e, isthe global frame gain of the previous frame.

5.3.3 Guided concealment and recovery

5.3.3.1 Specifics for rate 24.4 kbps

Asdescribed in subclause 5.5.4 of [5], the activation flag and differential pitch lag are transmitted as side information to
obtain better pitch lag estimates and excitation signal for the future frame to be conceal ed.

Thefirst 1 bit of the side information is read from the bit-stream yielding the activation flag. In case the activation flag
equals 0, no further decoding is performed. If the flag equals 1, additional 4 bits are decoded yielding the differential
pitch lag. With 4bits 16 different states are signalled. 15 states are used to represent the differential pitch lag, ranging
from -7 to 7. The remaining signalling state is used to signal, that the pitch lag difference was outside the +-7 range on
encoder side.

In case the pitch lag difference isinside the signalled valid rage of +-7, the differential pitch lag is added to the pitch lag
of the last sub-frame. The result is used as an initial pitch lag estimate of the future 1% and 2™ sub-frame. Theinitial
pitch lag estimates are used as an input to the pitch lag extrapolation procedure described in subclause 5.3.1.1. If the
initial pitch lag estimates are available, the history of pitch lags used for the pitch extrapolation is updated with the

initial pitch lag estimates. In case the criteriain clause 5.3.1.1 is not met, instead of pitChDld , theinitial pitch lag
estimate is used for building the first and second subframe of the adaptive codebook during concealment .

In case the pitch lag difference indicates that the difference is outside the valid range of +-7 the pitch extrapolation is
performed like there is no future pitch lag information available in the bitstream.

5.3.3.2 Specifics for rates 9.6, 16.4 and 24.4 kbps

As described in subclause 5.5.5 of [5], side information on the activation of spectral envelope diffuser is transmitted to
suppress too sharp peak at LP spectrum at the decoder side, 1 bit is decoded to obtain the activation flag. In case the
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value equalsto 1, spectral envelope diffuser is activated, otherwise de-activated. When spectral envelope diffuser is
active, the following procedure is performed at the recovery frame.

A modified L SF parameter E)J(_l) for the previous frame is calculated by placing the low-order coefficients of the LSF

parameter of the concealed frame d)g_l) at equal space.

o™ (idx< j <16) (88)

- j-0 (A< j<idx

wl(_l) _ { J (1<) )
Then the LSF parameter for the current frame is replaced by the sum of mean vector of the current coder type and the
residual LSF vector obtained in the decoding of the current frame, and bandwidth separation is applied.

This bandwidth separation is applied to ensure stability and suppress too sharp peak in LP spectrum. The distances are
wider than the distance used in the normal LSF decoding process. In case the internal sampling frequency is 12.8 kHz,
the distances are as follows:

150 (0< w; <1000)
min_dist = {100 (1000< ; < 1900) (89)
50 (1900< @] < 6400)

Then, LP coefficients are cal culated based on those modified L SF parameters, and used instead of LP coefficients
obtained in the ordinary decoding process. The procedure for conversion from LSF to LPC is the same as normal
decoding process.

5.3.3.3 Energy control during recovery

Precise control of the speech energy is very important in frame erasure conceal ment. The importance of the energy
control becomes more evident when a normal operation is resumed after an erased block of frames. Since VC and GC
modes are heavily dependent on prediction, the actual energy cannot be properly estimated at the decoder. In voiced
speech segments, the incorrect energy can persist for several consecutive frames, which can be very annoying,
especialy when thisincorrect-valued energy increases.

The goal of the energy control isto minimize energy discontinuities by scaling the synthesized signal to render the
energy of the signal at the beginning of the recovery frame (afirst non-erased frame received following frame erasure)
to be similar to the energy of the synthesized signal at the end of the last frame erased during the frame erasure. The
energy of the synthesized signal in the received first non-erased frame is further made converging to the energy
corresponding to the received energy parameter toward the end of that frame while limiting an increase in energy.

If the available bitrate is sufficiently high, the synthesized speech energy information can be estimated in the encoder
and transmitted as a side information to the decoder. In EV'S, the energy information is transmitted only at 32 and 64
kb/s, using 5 bits. Further, it is transmitted only in the GC mode. In the TC mode, the energy control is not needed as
the TC mode does not make use of the adaptive codebook, and memory-less L SF quantization is used. At lower bitrates,
the correct energy is estimated at the decoder.

The energy control for LP-based decoding is triggered in the first non-erased frame following frame erasure for other
than TC modes. At frames coded at 7.2 and 8 kb/s, in case that this first non-erased frame is using the Autoregressive
(AR) prediction for the LP filter quantization, the energy control is continued in all subsequent frames using the AR
prediction. The energy control is then maintained in yet another frame as the synthesis filter can still be affected by the
filter coefficientsinterpolation.

The energy control is done in the synthesized speech signal domain. Even if the energy is controlled in the speech
domain, it isthe LP excitation signal that is scaled. The synthesis is then repeated to smooth the transitions.

The energy control in arecovery frame is done as follows. Let gg denote the gain used to scale the 1st samplein the
current frame and g, the gain used at the end of the frame. The excitation signal is then scaled as follows

us(n) = gacc (Nu(n) n=0,...,L-1 (90)
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where ug(n) isthe scaled excitation, u(n) isthe excitation before the scaling, L isthe framelength and gagc(n) is
the gain starting from gq and converging exponentially to g, . That is

dacc(M = facc 9acc(N-D+(@A-fagc)ay  n=0,...,L-1 (91)

with theinitialization gagc(—1) = gg. Thefactor fgc isthe attenuation factor set to the value of 0.98. This value has
been found experimentally as a compromise of having a smooth transition from the previous (erased) frame on one side,
and scaling the last pitch period of the current frame as much as possible to the correct (transmitted) value on the other
side. Thegains gy and g; are defined as

E,
= |[=—L 92
do 5 (92)
B

where E_; isthe energy computed at the end of the previous (erased) frame, E; isthe energy at the beginning of the
current (recovered) frame, E; isthe energy at the end of the current frame, and E, isthe target energy at the end of the
current frame. At higher bitrates, E, is computed at the encoder, quantized and transmitted. The energy information is

guantized using a 5-bit linear quantizer in the range of 0 dB to 96 dB with a step of 3 dB. The quantization index is
given by

(94)

{mlog(Eq + 0.001)J
I E~— 3

Theindex is limited to the range [0, 31]. At lower bitrates, Ey isestimated at the decoder.

The energy E; of the synthesized speech épre(n) at the end of the first non erased frame is first computed as follows.

The energy is the maximum of the signal energy for frames classified as VOICED_CLAS or ONSET, or the average
energy per sample for al other frames. For VOICED_CLAS or ONSET frames, the maximum signal energy is
computed pitch-synchronously at the end of the current frame as follows:

Elzmax(éf,re(n)) n=L-T® _L-1 (95)

where L isthe frame length at internal sampling rate. Signal épre(n) istheloca synthesis signal sampled at the internal

sampling rate. The integer pitch period length T is the rounded pitch period of the last subframe, i.e.
Tend - Ld [f'f‘ﬂ] +o.5J .

For all other classes, E; isthe average energy per sample of the last half of the current frame, i.e.

L-1
1 32
E = =5 ZL;?(n) (96)
n=

E_, iscomputed similarly using the synthesized speech signal of the previous (last erased) frame. When E_; is
computed pitch synchronously (i.e. if the class of the previous frame was VOICED_CLAS or ONSET), it usesthe
concealment pitch period T,..

When Eg iscomputed pitch synchronously (the class of the current frame is VOICED_CLAS or ONSET), it isdone

similarly using the rounded pitch value T of the first subframe:

Ep= max(é%re(n)), n=0,.., T (97)
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For other frame classes:

, L2
<2
Eo:m Z(:)Spre(n)- (98)
n=

As mentioned previously, Eq istransmitted from the encoder, but only at high bitrates. If Eq isnot available, itis
initialized to E; and further limited as described below.

Thegains gg and g, are further limited to a maximum allowed value to prevent too strong energy. This value has been
set to 1.2 with the exception of very low energy frames (Eq < 1.1). Inthiscase, g; islimitedto 1. If Ey isnot

transmitted, further precautions shall be taken because of the possible mismatch between the excitation signal energy
and the LP filter gain.

At 7.2 or 8kbrs, thisis done by upper-limiting the energy Ey by avalue Ejpgy, scaled by afactor O, -

In the recovery frame or in the scaled frames following the recovery frame coded by the GC mode using AR prediction,
ag, =15 and Ejya = E_; if the following conditions are met: 1) the end-frame LP filter is resonant in low
frequencies (measured by means of the filter tilt), and 2) the evolution of the transmitted pitch is stable within the frame
or the mean of the pitch value over all subframesislower than 34 samples. In the remaining scaled frames following the
recovery frame, the scaling factor o, =2 and By equalsto the larger value between E_; and an average energy of

recent voiced frames El. If E; iscomputed pitch synchronously, Elisthe running average of pitch-synchronous

energy of previous frames. If E,; is computed as average energy per sample, El isthe running average of average

energy per sample of of previous frames. For other bitrates, when the erasure occurs during a voiced speech segment
(i.e. the last good frame before the erasure and the first good frame after the erasure are classified as VOICED
TRANSITION, VOICED_CLAS or ONSET) and the LP filter impulse response energy of the first frame after an
erasure istwice as high as the LP filter impul se response energy of the last frame before the erasure, the energy of the
excitation is adjusted to the gain of the new LP filter asfollows:

E, = Elﬂ . (99)

q
Elp1

HereE| pq isthe energy of the LP filter impul se response of the last good frame before the erasure and E, p; isthe

energy of the LP filter of the first good frame after the erasure. The LP filters of the last subframes are used. Further, if
Eq > E_1 (Eqdready initialized to Ey), it isfurther limited as follows:

Eq =0.7E_; +0.3E, (100)

At 9.6 and 13.2 kb/s, there is however one exception to this energy scaling strategy if the LP filter is found resonant in
low frequencies and the frame is classified as UNVOICED_CLASor INACTIVE_CLAS. This situation indicates a
possible error in the classification and the energy is scaled as in the case of the 7.2 or 8 kb/s recovery frame.

The following exceptions, all related to transitions in speech signal of good frames following an erasure, further
overwrite the computation of gg . If artificial onset is used in the current frame, gq isset to 0.5g; , to make the onset
energy increase gradually. In the case of afirst good frame after an erasure is classified as ONSET, the gain g is
prevented from being higher than g, . This precaution is taken to prevent a positive gain adjustment at the beginning of

the frame from amplifying the voiced onset at the end of the frame. Finally, during a transition from voiced to unvoiced
(i.e. the last good frame being classified as VOICED TRANSITION, VOICED_CLAS or ONSET and the current frame
being classified UNVOICED_CLAS) or during a transition from a non-active speech period to an active speech period,

thevalueof gg issetto g;.

Additionally, the synthesis energy control is performed also in the erased frames following frames coded at 7.2 or 8 kb/s
or using the AMR-WB 10 mode. Here the energy control is simpler in the sense that it is just verified that the gain is not

increasing. Energies E_;, Ey and E; are computed similarly asin the recovery frames, but E_; isused instead of Eg,
and the gains gy and g; arelimited to 1.
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After the energy control, the speech signal is resynthesized by filtering the scaled excitation signal through the LP
synthesis filter. The running energy average E isfinally updated in good voiced frames as 0.05E, +0.95E; with

initializionto Ey.
5.3.34 Specifics for rates 32 and 64 kbps

53.34.1 Adaptive codebook resynchronization and fast recovery (WB)

Fast recovery is an approach where side information with some bit rate overhead is transmitted to arrest error
propagation into future frames, thereby improving performance under frame erasures. Side information includes
parameters like energy, frame classification information and phase information. Specifically, the phase side information
is used to align the glottal pulse position at the decoder to that of the encoder thereby synchronizing the adaptive
codebook content. The information on the lost frame which becomes available on receiving the future frameis used to
correct the excitation (pitch) memory before synthesizing the correctly received future frame. This helpsto significantly
contain the error propagation into future frames and improves decoder convergence when good frames are received
after the erased frame. The waveform interpolation technique ([5], clause 5.2.3) is used to avoid abrupt changesin the
pitch contour between the error concealed lost frame and the memory corrected future frame.

5.334.11 Decoding glottal pulse position

The glottal pulse position information consists of the position in the past, 7 , of the absolute maximum pulse from the
beginning of the current frame and its sign. If the first decoded pitch of the current frame is smaller then 128, the
received quantized positionz isused asis, else the received quantized position 7 is multiplied by 2.

5.3.3.4.1.2 Performing glottal pulse resynchronization

The goal of the resynchronization is to correct the difference between the target transmitted position of the last glottal
pulse in the adaptive codebook of the current frame, and its actual position in the conceal ed adaptive codebook
excitation signal. The position T(0) of the maximum pulse in the concealed adaptive excitation, u(n), from the
beginning of the frame is determined as described in the previous subclause. |f the decoded maximum pulse position is
positive, then the maximum positive pulse in the conceal ed adaptive codebook excitation from the beginning of the
frame is determined. If the decoded maximum pul se position is negative, the maximum negative pulse is determined.

The target position of the absolute maximum pul se with respect to the beginning of the current frame is given by:
Rag =256-7 (101)

where 7 has been defined as a decoded pulse or estimated as done in subclause 7.11.2.5.2. The error in the pulse
position of the last concealed pulse in the frameis found by searching for the pulse T (i) closest to the actual pulse,

Rag - The error isgiven by:
Te = Ras —T(K) (102)

where k istheindex of the pulse closest to R,q and T,the difference between the actual pulse and the closest one. If
Te = 0, then no resynchronization is required. If Tg >0 then T, samples need to be inserted. If T, <0, then Tg
samples need to be removed. Further, the resynchronization is performed only if To <64 and Te < Ny X Tt , where
Tgite 1Sthe absolute difference between T. and the pitch lag of the first subframein the future frame, or its extrapolated
valueif it isnot available.

The samples that need to be added or deleted are distributed across the pitch cyclesin the frame. The minimum energy

regionsin the different pitch cycles are determined and the sample deletion or insertion is performed in those regions.
The number of pitch pulsesin the frameis N, at positionsT(i), i =0,---, N, —1. The number of minimum energy

regionsis N, —1. If Tc < 128, there shall be at least 2 minimum energy regions in the current frame. The minimum

energy regions are determined by computing the energy using a diding 5-sample window. The minimum energy
position is set at the middle of the window at which the energy is at a minimum. The search performed between two
pitch pulses at position T (i) and T(i +1) isrestricted between T(i)+T./8 and T(i+1)-T./4.
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The sample deletion or insertion is performed around Ty, (i) , where T,y (i),i =0,--+, Ny, —1 are the minimum
positions described above and Ny, = Ny —1 isthe number of minimum energy regions. The samples to be added or
deleted are distributed across the different pitch cycles as follows.

If Npin =1, then thereis only one minimum energy region and all samples T, areinserted or deleted at Ty, (O) .

For Npin >1, asimple algorithm is used to determine the number of samplesto be added or removed at each pitch
cycle whereby less samples are added/removed at the beginning and more towards the end of the frame. If the total
number of pulses to be removed/added is T, and the number of minimum energy regionsis Ny, , the number of
samples to be removed/added per pitch cycle, R(i),i =0,---, N\yin —1, isfound using the following recursive relation:

. 2 i-1
R(i) = round{% f— R(k)J (103)

k=0

2|Te |

where f = >
Nmin

Note that at each stage, if R(i) < R(i —1) thenthevaluesof R(i) and R(i —1) areinterchanged. The values R(i)
correspond to pitch cycles starting from the beginning of the frame. R(0) correspondsto T, (0), R(1) correspondsto
Tin@ s --., R(Npin =D correspondsto Tyin (Nmin —1 - Since R(i) areinincreasing order, more samples are
added/removed towards the cycles at the end of the frame.

Removing samplesis straightforward. Adding samplesis performed by copying thelast R(i) samples after dividing by
20 and inverting the sign. For example, if 5 samples need to be inserted at position T, (0) , the following is performed:

U(Tmin (0) +1) = ~U(Trin (0) +1 - R(3)) / 20 (104)

Using the above procedure, the last maximum pulse in the conceal ed adaptive codebook excitation is forced to be
aligned with the actual maximum pulse position at the end of the adaptive codebook frame which is transmitted in the
current frame.

5.3.3.4.2 Avrtificial onset reconstruction

If the frameis classified as ARTIFICIAL ONSET, it means that the lost frame probably contained a voice onset, and
the transition mode has not taken care of it (e.g., several consecutive frames were erased, containing the voiced onset
frame, but also the following frame usually coded with TC mode). If the position of the glottal pulse of the previous

frameisin the bitstream of the first good frame (i.e. 32 and 64 kbps), the onset is reconstructed artificially inside the
adaptive codebook.

Thelost onset case is the most complicated situation related to the use of the long-term prediction in CELP decoding.
Thelost onset means that the voiced speech onset happened somewhere during the erased block. In this case, the last
good received frame was unvoiced and thus no periodic excitation is found in the excitation buffer. The first good frame
after the erased block is however voiced, the excitation buffer at the encoder is highly periodic and the adaptive
excitation has been encoded using this periodic past excitation. Asthis periodic part of the excitation is completely
missing at the decoder, it can several framesto recover from thisloss. It is worth emphasizing that this problem does
not occur in the EV'S codec for single frame erasures, as the frames following frames with voiced onsets are generally
coded with TC mode and, TC mode does not make use of inter-frame long-term prediction.

If an ONSET frameislost (i.e. aVOICED_CLAS good frame arrives after an erasure), but the last good frame before
the erasure was UNVOICED_CLAS, a specia techniqueis used to artificially reconstruct the lost onset and to trigger
the voiced synthesis. The position of the last glottal pulse in the concealed frame can be available from the first good
frame after the erase (in case the phase information related to the previous frame is transmitted in the bitstream). The
artificial onset reconstruction does not affect the concealment of the erased frame; it is only matter of recovery.
However, the last pulse of the erased frame is artificially reconstructed based on the position and sign information
available in the first good frame after the erasure. Thisinformation consists of the position, R, , of the maximum

pulse from the end of the frame and its sign. The last glottal pulse in the erased frame is thus constructed as a low-pass
filtered pulse placed in the memory of the adaptive excitation buffer (previoudly initialized to zero), and centred at the
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decoded position, R, . If the pulse sign is positive, the low-pass filter used isasimple linear phase FIR filter with the
impul se response how{— 0.0125, 0.109, 0.7813,0.109,— 0.0125} . If the pulse sign is negative, the low-pass filter used is
alinear phase FIR filter with the impulse response —hy, .

Placing the low-pass filtered glottal pulse at the proper position at the end of the concealed frame significantly improves
the performance of the consecutive good frames and accelerates the decoder convergence to actual decoder states.

The energy of the periodic part of the artificial onset excitation is then scaled by the gain corresponding to the quantized
and transmitted energy Eq, as described in subclause 5.3.3.3, for frame erasure concealment and divided by the gain of
the LP synthesis filter.

15-E

Jonset = 4 (105)

dLp

The LP synthesis filter gain being computed as:

(106)

where h(n) isthe LP synthesis filter impulse response. Finally, the artificial onset gain is reduced by multiplying the
periodic part by 0.96.

The LP filter for the output speech synthesisis not interpolated in the case of an artificial onset construction. Instead,
the received LP parameters are used for the synthesis of the whole frame.

5.34 Handling of multiple frame losses and muting

534.1 Specifics for rates 5.9, 6.8, 8.0, 13.2, 32 and 64 kbps

The principal of attenuation in case of packet lost has been introduced in subclause 5.3.1. However, there are exceptions
to the general case. The following three exceptions based on the last good frame coding mode that take precedence over
table below. All apply only up to 3 consecutive lost frames. First, if the last good received frame is coded with UC
mode, o isset to 1. Second, if the last good received frame is coded with VC or isan ONSET, a.isset to 1.0. Finaly, A
stahility factor, 0, is computed based on a distance measure between the adjacent LP filters. Here, the factor, 6, is
related to the L SF distance measure and it is bounded by 0 < 6 < 1, with larger values of 6 corresponding to more stable
signals. Thislimits energy and spectral envelope fluctuations when an isolated frame erasure occursinside a stable
unvoiced segment. Note that the class ARTIFICIAL ONSET isset at the decoder if the frame follows an erased frame
and artificial onset reconstruction is used as described in subclause 5.3.3.4.2 at bit rate 32 and 64 kbps.

The signal classification isimplicit for VC, UC and TC frames. Further, more precise classification can be decoded
from the bitstream depending of the bit rate.
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Table 7: Values of the PLC attenuation factor a

Last good received Number of successive
frame erased frames @
ARTIFICIAL ONSET 0.6
ONSET, VOICED_CLAS =3 L.0
' - >3 0.4

VOICED TRANSITION 0.4
UNVOICED TRANSITION 0.8

=1 0.26+0.8
UNVOICED_CLAS =2 0.6

> 2 0.4

>1

if GSC had temporal 0.8
AUDIO || INACTVE contribution

<=5 0.995

>5 0.95

5.3.4.2 Specifics for rates 9.6, 16.4 and 24.4 kbps

534.21 Fading to background level
The innovative as well as the harmonic excitation fade to individual target levels by changing the codebook gains.

[m-1]

oM = alpha- g™+ (1- alpha) - g9 (107)

where: g M) s the gain of the current frame;

g [m-1] isthe gain of the previous frame;
g'@9 isthe target gain;

alpha isthe fading factor, its derivation is outlined in subclause 5.3.4.2.3.
The fading is performed as follows:

. . _ i _ T
sgfadedm{g[m 1L [glma gl )j-ng,u =0....Lirame 1 (1073)
Ltrame

Where sig[i] istheinput signal, e.g. the harmonic or the innovative excitation, and sigsyeqli] isthe faded output

signal.

The harmonic excitation is faded towards zero: g5 =0.

The innovative excitation is faded towards a target background noise level: g% = g%"9. It is derived during the first

lost frame based on the background noise spectrum derived by CNG during clean channel decoding (see clause 4.3 of
[5]). Its derivation is performed as follows:

a) Derivetarget level in time domain based on background noise spectrum X "9

stopBin

~ 320

cng _ ) cng

N zx, (108)
i=startBand

b) Compensate gain of LPC synthesis/ de-emphasis (see also subsection 5.2.5):
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Ngybir -1 .
energE]F,C (109)
Nsubfr i—0

cng _ scng

g " =g

where energl[_i]pC is derived subframe-wise as stated in equation (26).

5.3.4.2.2 Fading to background spectral shape

Separate L PCs are applied for the innovative and the harmonic excitation as described in subclause 5.3.1. The
innovative and the harmonic excitations are faded to individual target spectral shapes by altering the LPC coefficients.
The fading from the last good LPC coefficients to the target LPC coefficientsis performed in the LSF domain as
follows:

fIM = alpha- MU 4 (1-alpha) f &0 (110)

where: f [m are LPC coefficients in the LSF domain of the current frame;
f [m-1] are LPC coefficientsin the LSF domain of the previous frame;

f 19 are the target LPC coefficients;
alpha isthe fading factor as described in subclause 5.3.4.2.3. In case of the innovative excitation, alpha
will be minimal 0.8.

The target spectral shape of the harmonic excitation is the short term mean of the last three LPC coefficient sets. Its
derivation is performed in the LSF domain as follows:

[m-3] [m-2] [m-1]
f[t)arget: f + f . + f (111)

The target spectral shape of the innovative excitation is derived during the first lost frame based on the background
noi se spectrum derived by CNG during clean channel decoding (see 4.3 of [5]). Its derivation is performed as follows:

a) Compute power spectrum on the background noise spectrum.

b) Apply an inverse Fourier transform with length 640 on the power spectrum to obtain the autocorrel ation values
r(k) with k=0...16.

¢) Do anormalisation of r(k) toobtain r(k),if r(0) <100set r(0) to 100 and multiply r(0) by 1.0005.

d) Execute the Levinson-Durbin algorithm with the order 16 to obtain the LP parameters from 1 (k).

e Finally, transform the LPC coefficients to the LSF domain to obtain f!¥9¢

5.3.4.2.3 Fading speed

The damping factor alpha controls the fading speed of the innovative and the harmonic excitation and depends on a
bunch of parameters. These are: the number of consecutive lost frames, the L SF stability factor &, the coder type, the
class of the last good frame, the pitch gain g, and the current coding mode. With this set of parameters the damping

factor is determined as follows:
- Firstly, if current coding mode is ACELP_CORE, then

- incasethe coder typeis UNVOICED and the number of consecutive lost framesis maximally three, then
alphaissetto 1

- dseif thelast good frame was UNVOICED _CLAS and

- ifitisthefirst lost frame, then alpha=0.8+0.2-0
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- elseif exactly two frames are lost, then alpha = 0.6
- otherwise, if three or more frames are logt, then alpha = 0.4
- €eseif thelast good frame was UNVOICED_TRANSITION, thenalpha= 0.8

- €eseif thelast good frame was ONSET and number of lost frames are maximally three and the coder typeis
GENERIC, thenalpha = 0.8

- €eseif thelast good frame was either VOICED_CLAS or the last good frame was ONSET and the number of
lost framesis maximally three, thenalpha =1

- otherwise, alpha =04

- besidesthat, if the last good frame was not one out of the set of { UNVOICED_CLAS,
UNVOICED_TRANSITION, VOICED_TRANSITION }, then

- incaseitisthefirst erased frame, then alpha = alpha-./g, , whereas ,/gp islimited from 0.85 to 0.98

- elseif the number of lost frames are exactly two, then alpha=(0.6+0.35-6)- g

- otherwise, if more than two frames are consecutive lost, then the pitch of gain is changed to the new gain
g’p =0y -(0.7+0.2-0) and following the damping factor is calculated asalpha = alpha- g’IO

- Otherwise, if current coding modeis not ACELP_CORE and

- ifitisthefirst lost frame, then alpha=0.7+0.3-9
- dseif exactly two frames are lost, thenalpha=0.45+0.4-6

- otherwise, if three or more frames are logt, then alpha = 0.35+ 0.4- 6

54 Concealment operation related to MDCT modes

54.1 PLC method selection

Thereis amultitude of PLC methods for MDCT coding modes available. Best possible codec performance in error-
prone situations with frame losses is obtained through selecting the most suitable method for a given bit rate, coded
audio bandwidth, used MDCT mode and signal class.

The main selector isthe MDCT mode of the previous frame, i.e. TCX MDCT or HQ MDCT. Second level criteriaare
described in the following subclauses.

5.4.2 TCX MDCT

54.2.1 PLC method selection

In case the last good frame prior to aloss was coded with the MDCT based TCX, arange of different specifically
optimized PLC methods are available that are selected based on second level criteria described in this subclause. The
PLC methods are:

- TCX time domain conceal ment
- MDCT frame repetition with sign scrambling
- tonal MDCT concealment using phase prediction

- non-tonal concea ment with waveform adjustment
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The criteria evaluated in this second level PLC method selection are

- Last MDCT mode: The MDCT mode of the last good frame lastCore is obtained by decoding the bitstreamin
every good frame.

- Number of consecutively lost frames: The number of consecutively lost framesisincreased in case of aframe
loss and isreset in agood received frame.

- Last unmodified LTP gain: If LTP information is updated in the last good frame, the variable ltpLastUnmGain
containsthe LTP gain, and otherwise it is zero.

- Tona MDCT pesk detection flag: The flag tonalMdctActive describes whether tonal MDCT conceal ment using
phase prediction should be done. It is set to zero by default and remains zero if one of the following conditionsis
true:

- thelast core or the second last core is not mode TCX20

the last unmodified LTP gain is bigger than 0.4 and the last pitch is bigger than L/ 2

the last pitch differs from the second last pitch
- TNSwasactivein thelast or second last frame

Otherwise, tonalMdctActive is set to one if the output of the peak detection of tonal components (see subclause
5.4.2.4.2) matches one of the following criteria

- the number of found peaksis higher than 10; or

- the number of found peaksis higher than 5 and the difference between the 3™ and 2™ last pitch is smaller
than 0.5 or

- at least one peak is found and the last good frame was either UNVOICED_TRANSITION or
UNVOICED_CLAS and the difference between the 3 and 2" last pitch is smaller than 0.5 and the last
unmodified LTP gainis <=0.4.

- Flag enabling non-tonal concealment with waveform adjustment: The flag enablePlcWaveadjust is set to one if
the bit rate is one out of the set of {48 kbps, 96 kbps, 128 kbps} .

- Intelligent gap filling:
Theintelligent gap filling flag igf describes whether intelligent gap filling is active (1) or not (0) (see subclause
5.4.2.6).

- TCX_Tondlity flag array:
array of tonality flags of the last ten received frames (see subclause 5.4.5.3a).

The decision logic of the different PLC methods is done with the criteria shown above. The selection of the PLC is
performed only in the first lost frame after a good frame and pertained in subsequently lost frames.

TCX time domain concealment is selected if:
- tonalMdctActive flag is zero; and

- lastCore isTCX_CORE and ItpLastUnmGain > 0.4 and the last good frame was neither
UNVOICED_TRANSITION nor UNVOICED_CLAS.

In al other cases, the three MDCT-based conceal ment methods are selected as described below.

MDCT framerepetition with sign scrambling is selected if:
- tonalMdctActive isone (in conjunction with tonal MDCT concealment using phase prediction); or
- tonalMdctActive iszero and non-tonal conceal ment with waveform adjustment is not active.

Tonal MDCT Concealment using phase prediction is selected if:
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- tonalMdctActive isone
Non-tonal concealment with waveform adjustment is selected if:

- enablePlcWaveadjust isone, tonalMdctActive is zero and thereis no transition having alarger frame size than a
normal TCX20 frame; and

- thelost frameis considered to be a non-tonal frame, which requires that the TCX_Tonality flag array contains
five or less ones or one out of the last three framesis not TCX20.

If aMDCT-based PLC mode is selected and igf isone, some missing information are added with the intelligent gap
filling conceal ment.

5422 TCX time domain concealment

Thetime domain PLC for TCX iscalled if the core of the last good frame was TCX and if in the PLC method selection
as describe in subclause 5.4.2.1 the TCX time domain concealment was chosen. This conceal ment method has some
similarity to the ACELP like concealment described in subclause 5.3.1. Due to the fact, that this method is operating in
the excitation domain to shape the noise towards the vocal tract and preventing discontinuities, alocal LPC analysisis
applied to the synthesized time domain signal synth(i) of the last frame. To improve the LPC analysis, first the synth(i)

signal isfiltered with the pre-emphasis filter described in subclause 5.1.3 of [5] to obtain wnthpre(i ) . After that, an

LPC analysisis applied on wnthpre(i) same asin subclause 5.1.5 of [5], but with the frame length L and the analysis

window, which first three-quarter part is a hamming window and last quarter part is a cosine window. The residual
signal exc(i) is obtained by filtering synthy(i) through the inverse filter same asin subclause 5.2.2.4.1.1 of [5]. The

local LPC parameters and the excitation signal exc(i) are stored for multiple frame loss.

54221 Construction of the periodic part of the excitation

If the last good frame was neither UNVOICED_CLAS nor UNVOICED_TRANSITION in combination with coder
type being GENERIC, a harmonic part and a random part of excitation have to be generated for a conceal ment of erased
frames. Otherwise, only arandom part has to be generated. The harmonic part of the excitation is constructed by
repeating the last pitch period of the previous frame. If thisisthe case of the first erased frame after a good frame and
the I SF stability factor is lower than one, the first pitch cycle isfirst low-pass filtered. The filter used is core sampling
rate dependant and consists of an 11-tap linear phase FIR filter. The filter coefficients for core sampling rates lower or
equal then 16 000 Hz are:

{0.0053, 0.0000, - 0.0440, 0.0000, 0.2637, 0.5500, 0.2637, 0.0000, - 0.0440, 0.0000, 0.0053} , (112)
for core sampling rate equal to 25600 Hz

{0.0056, 0.0000, - 0.0464, 0.0000, 0.2783, 0.5250, 0.2783, 0.0000, - 0.0464, 0.0000, 0.0056} (113)
and for higher core sampling rates

{-0.0053, - 0.0037, - 0.0140, 0.0180, 0.2668, 0.4991, 0.2668, 0.0180, - 0.0140,- 0.0037,-0.0053} .  (114)

The periodic part of the excitation is constructed as described in subclause 5.3.1 including the pitch extrapolation as
described in subclause 5.3.1.1 and the glottal pulse resynchronization as described in subclause 5.3.1.3. The pitches
used to get the pitch extrapolation are based on the LTP lag and gains coming from the last TCX frames.

These LTP lag and gain are sent in the bitstream as side information. The specific handling as described in subclause
5.3.1.5isused for TCX time domain concealment at all bitrates, additionally with the specific low-pass filtering of the
first pitch cycle as described above.

The gain of pitch, g, is calculated on synthye(i) asfollows:
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2Lsubfr -1
Z (synthpre (i = 2Lgybtr ) - SYNthpre (i = 2L gy —Tc))
__i=0
g P 2I-subfr -1 (115)
Z(Wmhpre(i — 2L guofr _Tc))2
i=0

where synthy,¢(i) are samples of pre-emphased prior time data, Lg e isthe length of a subframein samplesand T is

the rounded pitch period equal to the LTP lag of the last good frame. The gain of pitch is limited between zero and one
to prevent unexpected increase of energy. The formed adaptive excitation is attenuated sample-by-sample throughout
the frame starting with one and ending with the damping factor calculated same asin subclause 5.3.4.2.3. To get a
proper overlap add in the case the next good frameisavalid TCX frame, half aframe is additional created the same as
describe above.

The attenuation strategy of the periodic part of the excitation is the same as done in subclause 5.3.4.2.1.

54222 Construction of the random part of the excitation

The innovative (non-periodic) part of the excitation is generated by a simple random generator with approximately
uniform distribution. If the last good frame was VOICED_CLAS or ONSET, a pre-emphased filtering of the noiseis
done same as[19] subclause 5.1.3, but with the pre-emphasis factor of 0.2 for core sampling rates lower or equal then
16 kHz and 0.6 for all other rates. The filtering is applied to decrease the amount of noisy componentsin the lower
frequencies speech region. Furthermore, to shift the noise more to higher frequencies, the noise getsfiltered by a 10-
order high pass FIR filter in case of the first erased frame after a good frame and if the last good frame was neither
UNVOICED_CLAS nor UNVOICED_TRANSITION. Thefilter coefficients are

{0.0000, - 0.0205, - 0.0651, - 0.1256, - 0.1792, 0.8028, - 0.1792, - 0.1256, - 0.0651, - 0.0205, 0.0000} (116)
for core sampling rates lower or equal than 16000 Hz,
{-0.0300, - 0.0521, - 0.0837,- 0.1142, - 0.1362, 0.8557, - 0.1362, - 0.1142, - 0.0837, - 0.0521, - 0.0300} (117)
for the core sampling rate of 25600 Hz and
{-0.0517,-0.0587,- 0.0820, - 0.1024, - 0.1164, 0.8786, - 0.1164, - 0.1024, - 0.0820, - 0.0587, - 0.0517} (118)

for al other rates. For the second and further lost frames, the noise is composed via alinear interpolation between the
fullband and a highpass-filtered version of it as

noise(i) = (1- cummulative_ damping) - noise(i) + cummulatie_ damping- noise(i)p, (119)

where noise(i) are noise samples generated as described in beginning of this subclause, noise(i), are noise(i) filtered

with the highpass filter above and cummulative _damping is a frame wise cumulative factor of the damping factors.
This ensures that the noise fades to fullband noise with the fading speed dependently on the damping factor.

Theinnovation gain, g, which is used for adjusting the noise level, is calculated as

2I-subfr -1
. . 2
Z (exc(i — 2Lgyptr ) — 9 p - exc(i — 2Lgyporr —Te))

i=0
_ 120
9s . (120)

where g iscalculated asin equation (115). However, if the last good frame was neither UNVOICED_CLAS nor
UNVOICED_TRANSITION in combination with coder type being GENERIC, g, is set to zero for calculating gs and
the pitch buffer get reset.

The attenuation strategy of the random part of the excitation is somewhat different from the attenuation of the periodic
excitation. The reason is that the pitch excitation is converging to zero while the random excitation is fading towards the
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background level g®"9 described in 5.3.4.2.1. The background level islimited to 2- gg. The random part of the
excitation is attenuated linearly throughout the frame on a sample-by-sample basis starting with g4 and going to the
end of the frame gain whichis

g® = alpha- g + (1-alpha) - g9 (121)

where gem| isthe gainin the last sample of the noise signal and alpha isthe damping factor as calculated in subclause
5.3.4.2.3. Dueto thefact that g4 isarelative component, the noise gets normalized. If the last good frame was

UNVOICED_CLAS and the coder type is not UNVOICED, the innovative excitation is further attenuated by afactor of
0.8. Otherwise, if the last good frame was hot UNVOICED_CLAS and not UNVOICED_TRANSITION, the excitation

is further attenuated by 1.1-0.75g, .

To get aproper overlap add in the case the next good frameisavalid TCX frame, half aframe is additional created the
same as describe above.

5.4.2.2.3 Construction of the total excitation, synthesis and updates

Finally, the random part of the excitation is added to the adaptive excitation to form the total excitation signal. If the last
good frameis UNVOICED_CLAS or last good frame is UNVOICED_TRANSITION and coder type is GENERIC,
only the innovative excitation is used as mentioned above. The synthesized signal is obtained by filtering the total
excitation signal through the LP synthesis filter (see [5] subclause 6.1.3) with the local calculated LPC parameters and
post-processed with the de-emphases filter, which isthe inverse of [5] subclause 5.1.3.

If LTPinformation is available in the last good frame and g isequal to zero then the ItpLastUnmGainis reset to zero.
In the end the overlap and add buffers get updated same as in subclause 5.4.5.

5423 MDCT frame repetition with sign scrambling

The excitation of the concealed frame (input to FDNS) C[e{{é] (k) is derived by sign scrambling of the last received
excitation spectrum Cey¢ jagtGood (K) :

randomVector (k) -
|randomVector (k)|

é([a%] (k) = Cexc_lastGood (K), fork=[0,...,igfStartLine] (122)

igftartLine isthe IGF cross over frequency. The randomVector isderived as
randomVector (k) = randomVector (k —1) - 31821+13849, for k =[1,...,igfSartLine] (123)

For any lost frame following a received frame, theinitial valueis reset:

randomVecior (0) =1977 (1233)
If the last 2 spectra are coded using TCX5, then the one with smaller energy is chosen.

The spectrum ctm (k) isfaded towards noise as described in subclause 5.4.6.1.3.2.1.

5424 Tonal MDCT concealment using phase prediction

54241 Overview

The phase prediction described in subclause 5.4.2.4.3 is performed on the spectral coefficients belonging to tonal
components found using the peak detection described in subclause 5.4.2. For the spectral coefficients not belonging to
the tonal components, the sign scrambling is applied as described in subclause 5.4.2.3.
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5.4.2.4.2 Peak detection of tonal components
Peak detection is performed if the current frame islost but the previous frame has been received.

The peaks are first searched in the power spectrum of frame m-—1, using predefined thresholds. Based on the location

of the peaksin frame m-1, the thresholds for the search in the power spectrum of framem—1.5 are adapted, whereas
frame m—21.5 represents the second 10ms of frame m— 2 and the first 10ms of frame m—1. Thus, peaks existing in

both spectra(m-1 and m—1.5) are found. Their exact location is based on the power spectrum of frame m—1.5.

The power spectra PI™191(k) and PI™ ¥ (k) are obtained as follows:
- 2 2
pLY] (k)=‘8[y] (k)( +‘c[y] (k)( ,ye{m-15m-1,k=0...nSamples-1 (124)

where SIY)(k) represents the MDST coefficients and C!Yl (k) represents the MDCT coefficients and nSamples being
the number of spectral coefficients. A minimum significant value of a spectral line in the power spectrum is assured by
this operation:

2 g
P (k)= max[—nSamples Pl (k)j
400

(125)

cI™L5](k) and S™25](k) are derived from the time domain signal viaMDCT/MDST. cl™U(k)is given and
sIm1(k) is estimated:

‘s“*”l (k)‘ - ‘c[m—ll (k+1)—cMm I (k-1 (126)

If the change of the pitch lag between the last and the second last frame is larger or equal than 0.25 or the pitch lag is
smaller than 10ms (corresponding to Fy <100Hz ), the index of the fundamental frequency is set to zero. Otherwise the

index of the fundamental frequency is determined as:

_ 2-FrameSze

- (128)
PitchLag

Fo'9=F,
10 strongest peaks are found at the positions ny - Fy, i € {L...,10}, iy € {2,3,4...}. Distance between peaks are calculated as
d; =n1—n,ie{L...9}. The most common among differences d; is d . If there are at least 3 d; equal to 1 and if
d=1;orlessthan5 d; areequal to d #1, then Fy isnot changed. If there are morethan 5 d; equal to d #1, then F,
issetto d- Fq. Otherwise Fg issetto 0.

An envelope of each power spectrum is calculated using a moving average filter:

k+[ FL/2]
PY(i)ye {m-15m-1}
i=k-{ FL/2] '

Envelope¥l(k) = 159 (129)

Thefilter length FL depends on the index of the fundamental frequency and islimited to the range [11,23], as shown in
Table 1. If the fundamental frequency is not available or not reliable, the filter length FL is set to 15, otherwise:

FL= max(ll mi n{23,1+ 2: LF—ZOJD . (130)
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Table 8: Filter length depending on the fundamental frequency

FO FL
0 15
<=10 11
>= 22 23
Fo
else 1+2-| —

The smoothed power spectra are calculated as follows:

p[Y]

L e (K) = 0.75- P (k=) + PY (k) + 0.75- PV (k +1), y € {m—1.5,m~1} (131)
542421 Detection of the peak candidates

If the smoothed spectrum Ps[rrr?(;&]hed is above the envelope Envel ope[m‘l] at bin k and the smoothed spectrum at bin k

isbigger than at bins k—1 and k+1, k istreated as pesk candidate i, and theright and left foot of this peak
candidate are searched for.

Theright foot is defined as the spectral bin with index i, , for which
PIM=3 () < P (i, +1) (132)
and

PIM=U(x) > PIMU(x+1), for x=[k+1,...i, —1] (133)

Itisalso allowed for an X e [k+1,....i, —1] that P[™3(x') < PI™ U (x +1) istrue, but only if

3-PIMU(xy > PIM U (x +1) and if thereisa k < j <i, for which:

PIMIC 4y PM(x)

S CORINL () o
and
PIM1 () > 3P (x+1), for x=[X +1..., j —1] (135)
P (j) <3PtMU(j +1)
The left foot is defined in the same way as the right foot, but on the left side of the bin k.
Thelocal maximum i, isthen found between the left and the right foot.
The thresholds for the peak searchin PI™ 1% are set at positions k& [imayx —Limax +1] as:
[m-1] m-1]
Threshold(K) = 11 when Py i(k)> Envelopd ™Y (k) (136)
1.5 otherwise

If the change of the pitch between the last and the second last frame is smaller then 0.5, then for each

- k:|_n~FOJ,foreach ne[LN], N being the number of the harmonicsof Fqy, frac=n-Fy—k

- k= Lm. Fc?rigj, for each me [L{'%O”g +O.5J] , frac=m- Foorig —k
0

ETSI



3GPP TS 26.447 version 14.2.0 Release 14 45 ETSI TS 126 447 V14.2.0 (2020-09)

thresholds are updated as follows:

Threshold (k) =threshpase
Threshold(k —1) =threshyee + 2- frac (137)
Threshold (k +1) =threshy,ee + 2- (1- frac)

with
orig _
threshye, = 0.70 when F, s> Oand Fy =0 (138)
0.35 when F;"9>0andFy>0
For al bins not belonging to peaks or harmonics the threshold is set as:
Threshold(k) =16. (140)

Note: The base threshold 7.59, as given in equation 129, corresponds to 8.8dB . All other thresholds, represented by
Threshold (k) , are given relative to this base threshold. Thus,

- 0.35 correspondsto 4.24dB
- 0.7 corresponds to 7.25dB
- 1.1 correspondsto 9.21dB
- 1.5 correspndsto 10.56dB

- 16 correspondsto 20.84dB

542422 Final detection of the tonal components

After setting the thresholds Threshold (k) asdescribed in subclause 5.4.2.4.2.1, peaks detected in frame m—1 are now
searched for in the power spectrum of frame m—-1.5.

If the following is fulfilled:
PI™L] (k) > Envelopd ™2 (k) - Threshold (k)

pImLS] (10 2 max(PITE k-1, Pl (1+1)

(141)

the right and left foot of the peak is searched for in PI™13] around k. The algorithm for the foot search is the same as
theonein subclause 5.4.2.4.2.1.

Thelocal maximum i, isthen found between the left and the right foot.

A tonal component is defined as the set of spectral bins I1gne =[imax =3+ imax +3] - If two neighboring tonal
components would overlap, their surroundings are symmetrically reduced such that each spectral bin belongs only to

one tonal component. All tonal components then build the set 1gnes-

54.2.4.3 Phase prediction

For all found tonal components |qnes., that include spectrum peaks and their surroundings, as described in subclause

5.4.2.4.2.2, the MDCT phase prediction is used. For al other spectrum coefficients sign scrambling described in
subclause 5.4.2.3 is used.

The phases are derived for each bin of atonal component as:

PUSSIE arctan{ S

C[m—l.5] (k)

[m-1.5]
(k)] » K€ l7one: 1Tone € Tones (142)
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The fractional part Al isgiven by:
b
Al = arctan a-E (143)

with a given in Table 2, depending on the neighboring bins around a spectral peak | =i -

Table 9: Variable a from equation (143)

if a

PIM-2( _2) > mr - PIM™2 | +) tan(Mj
b

PIM-21( +1) > mr - PIM-2 (1 1) tan(z—”j
b

else co{”j plm- 2](| -1 00{3,[)
b) | pMm=2 +1) b

sin(”j+ s 21(' - sin(?"”]

b) ([ PM2( 11 b

Where the bandwidth b is 7, the maximum ratio mr is 44.8 and the constant G is

2:1.36°
The phase shift, being the same for every spectrumbinin I, isderived as follows

Ap=7-1%4+Al, (144)

where | =i, istheindex of the bin closest to the peak and Al isthe fractional part (i.e. distance of the peak from
imax 9iven asthe fractional number of bins).

The current phase o™ (k) is estimated for each ke I1one USING:

"M (k) = g™ (k) + Pt - AP (145)

where ngmgige =1.5 for thefirst concealed frame and ngig iSincreased for 1 for every consecutive frameloss. The
correspondingt MDCT hins are estimated as:

clm () =/ P™ L8 (k) - cosl™ (k). (146)
5425 Non-tonal concealment with waveform adjustment
54.25.1 Preliminary concealment in frequency domain

The MDCT coefficients of the current lost frame are computed by using the MDCT coefficients of the frame prior to
the current lost frame as follows:

The MDCT coefficients at all frequency points of the frame prior to the current lost frame are multiplied by random
signsto obtain the MDCT coefficients of all frequency points of the current lost frame. In other words, when the current
lost frameisthe pth frame,

cP(m) = sgn(m)*cP2(m), m=0,---,M -1 (147)

wherein Cp(m) isthe MDCT coefficient at the frequency point M of the pth frame, M isthetotal number of the
frequency points, and sgn(m) isthe random sign at the frequency point M.
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The obtained MDCT coefficients of the current lost frame are transformed by an IMDCT to produce the initially
compensated signal of the current lost frame.

5.4.25.2 Waveform adjustment in time domain

Waveform adjustment is performed on the initially compensated signal of the current lost frame to obtain the
compensated signal of the current lost frame. The detailed procedure of the waveform adjustment is described as
follows:

When the first lost frame occurs, the pitch period of the current lost frame is estimated as follows:

The pitch search is performed over the time-domain signal of the frame prior to the current lost frame by using the
autocorrelation method to obtain the value of the pitch period of the frame prior to the current lost frame. The obtained
pitch period value is used as the pitch period value of the current lost frame and to compute the maximum of normalized

autocorrelation of the current lost frame. Detailedly, te [T, , T, ],0< T, <T., <L issearched sothat
L-t-1

Z S(i)s(i +1)

a(t) = i:OT (148)

achieves the maximum value, then the resulting t is the value of the pitch period, denoted by T , wherein T and
T

win e the upper and lower limits for the pitch searching, respectively, and L isthe framelength, S(i) with

0<i<L-1isthetime-domainsigna (the signal before TCX long-time prediction and post-processing) over which
the pitch search is performed. T, and T, are obtained as follows:

Tmax = round(0.75L) (149)
Tmin = round(34L / 256) (150)

wherein round() denotes the rounding operation. Define

L-t-1

Zs(i)s(i +1)

O e— (151)

1
OIEFOEPICHO
i=0

i=t

then f(T) isthe maximum of normalized autocorrelation. When the frame length L is not greater than 320, define:
Ty =[1/2] (152)
wherein [x| indicates taking the greatest integer value lessthan or equal to X. Comparing f(T) with f(Ty), the pitch

periodisresetas T =Ty incase f(Ty)> f(T).

When the frame length L is greater than 320, in the procedure of estimating pitch period the following processing is
carried out before pitch searching over the time-domain signal of the frame prior to the current lost frame: the time-
domain signal of the frame prior to the current lost frame is down-sampled towards a half sampling rate, and the down-
sampled time-domain signal is used to replace the original time-domain signal of the frame prior to the current lost

frame for the pitch estimate. Accordingly, the searching limits T, and T, herein are obtained specifically as
follows:

Trmax = found(0.75L/ 2) (153)

Toin = round(17L / 256) (154)
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The following procedure is used to determine whether the pitch period value of the current lost frame estimated by the
above method is usable regarding subsequent waveform adjustment:

i. Verify the following conditions to find if any one of them is met. If so, the obtained pitch period value is unusable.

(1) The cross-zero rate of theinitially compensated signal of the first lost frame, denoted by zp _current , is greater
than athreshold z1, wherein zZ1=70 for L <256, and zZ1=105 in other cases.

(2) In the frame prior to the current lost frame, the ratio of lower-frequency energy to whole-frame energy, denoted by
low_ freq_rate, issmaller than athreshold of 0.02. Thisratio is defined as

low_freq_rate= Jow _ _m=0 (155)
e

m=0

wherein low= 30 when the current lost frameis TCX20, low=15 when the current lost frameis TCX10, M isthe
total number of the frequency points.

(3) In the frame prior to the current lost frame, the spectral tilt, denoted by tilt , is smaller than athreshold TILT ,
wherein TILT = 0.5 for L <320 and TILT = 0.7 otherwise. This spectral tilt is defined as

L1
ZSLP(i)SLP(i -2
tilt =1=L/4 (156)

L-1
0

i=L/4

wherein s p(i),i =0,---,L —1 isalow-passfiltered signal of the time-domain signal of the prior frame. The low-pass
filter is given by:

0.18
1-0.64z1-0.18272

Hip(2) = (157)

(4) In the frame prior to the current lost frame, the cross-zero rate of the second half frame zp2 is greater than that of
the first half frame zpl by four times.

ii. If none of the above-mentioned conditions (i.e. the conditions (1)-(4)) is met, verify whether the obtained pitch
period value is usable according to the following criteria:

(a) When the current lost frame is within a silence segment, the obtained pitch period value is considered to be
unusable. The silence segment isidentified if the logarithm energy of the frame prior to the current lost frame is smaller
than athreshold of 50 or the following two conditions are met simultaneously:

(1) The maximum of normalized autocorrelation mentioned above in the pitch estimate procedure is smaller than 0.9.

(2) The result of the current long-time logarithm energy minus the logarithm energy of the frame prior to the current
lost frame is greater than 8.0.

The logarithm energy is defined as:
=
ener =10log; (TZ(; 02(i)) (158)
i=

where ofi),i =0,---,L -1 isthetime-domain signal used as the final decoder output.

The long-time logarithm energy is defined as follows:
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Set aninitial value e0> 0. For each frame, if itslogarithm energy is greater than 50 and its cross-zero rate is smaller
than 100, the long-time logarithm energy is updated as below:

ENef pean = &% ENEfpean + (1—a) = ener (159)
where e0 =59.426 and a = 0.98.

(b) When the current lost frame is not within a silence segment and the maximum of normalized autocorrelation
mentioned above is greater than 0.8, the obtained pitch period value is considered to be usable.

(c) When the criteria (@) and (b) are not met and the cross-zero rate of the frame prior to the current lost frame is greater
than 100, the obtained pitch period value is considered to be unusable,

(d) When the criteria (a), (b), and (c) are not met and the result of the current long-time logarithm energy minus the
logarithm energy of the frame prior to the current lost frame is greater than 6.0, the obtained pitch period valueis
considered to be unusable,

(e) When the criteria (a), (b), (c), and (d) are not met, and the result of the logarithm energy of the frame prior to the
current lost frame minus the current long-time logarithm energy is greater than 1.0 and the maximum of normalized
autocorrelation mentioned above is greater than 0.6, the obtained pitch period value is considered to be usable,

(f) When the criteria (a), (b), (c), (d), (), and (f) are not met, the harmonic characteristic of the frame prior to the
current lost frame is verified. When avalue harm representing the harmonic characteristic is smaller than a threshold
H , the obtained pitch period value is considered to be unusable, When the value harm is greater than or equal to the

threshold H , the obtained pitch period value is considered to be usable, Inthiscase, H =0.7. harm can be computed
asfollows:

G

_i=1
harm—T (160)
R0
i=0
wherein I‘ll is the fundamental frequency point, hy,i =2,---,1 isthe jth harmonic frequency point of hy, c(hy) isthe

MDCT coefficient at the frequency point h . Due to the quantitative relation between the pitch period and the pitch
frequency, thevalue of hy,i=1---,1 can be computed with the pitch period value mentioned above. When h; isnot an
integer, harm is computed with its adjacent one or several frequency points by using rounding.

When the current lost frame is not the first lost frame, the pitch period of the first lost frame is taken as the estimated
pitch period of the current lost frame,

If the pitch period of the current lost frame is not usable, the initially compensated signal of the current lost frameis
taken as the compensated signal of the current lost frame; if the pitch period is usable, waveform adjustment is
performed on the initially compensated signal with the time-domain signal of the frame prior to the current lost frame,
that is, the pitch period is adjusted under certain conditions at first, and then the following are conducted:

It is supposed that the current lost frame isthe x lost frame, wherein x>0, and when x islarger than 4, theinitially
compensated signal of the current lost frame is taken as the compensated signal of the current lost frame, otherwise the
following steps are performed,;

(a) A buffer is established with alength of L ;

(b) When x equals1, thefirst T /4 samples of the buffer are configured asafirst T /4 -length signal of the initially
compensated signal of the current lost frame, wherein T isthe pitch period of the current lost frame;

(c) When x equals 1, the last pitch period of time-domain signal of the frame prior to the current lost frame and the
first T/4-length signa in the buffer are concatenated, and repeatedly copied into the buffer, until the buffer isfilled up
to obtain atime-domain signal with alength of L, and during each copy, if the length of the existing signal in the buffer
is |, thesignal iscopiedto locationsfrom | =T /4 to | + T —1 of the buffer, wherein | > 0, and for the resultant
overlapped areawith alength of T /4, the signal of the overlapped areais obtained by adding signals of two
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overlapping parts after windowing respectively; when x islarger than 1, the last pitch period of compensated signal of
the frame prior to the current lost frame is repeatedly copied into the buffer without overlapping, until the buffer isfilled
up to obtain atime-domain signal with alength of L ;

(d) When x islessthan 4, the signal in the buffer is taken as the compensated signal of the current lost frame; when x
equals 4, overlap-add is performed on the signal in the buffer and the initially compensated signal of the current lost
frame, and the obtained signal is taken as the compensated signal of the current lost frame.

For each lost frame without overlap-add processing, an additional signal as a noise is added to the compensated signal

of the frame after the compensated signal is obtained. The detailed method of adding additional signal is as follows:
firstly, a past signal, namely, the time-domain signal of the frame prior to the first lost frame (in the case of the first lost
frame) or the initially compensated signal of the prior lost frame (in the case of the second, third, or fourth lost frame) is
passed through a high-pass filter given as follows to obtain an additional signal:

Hyp(z) =1-0.68271 (160a)
secondly, additional-signal gain values of the lost frame are estimated as follows:
NoiseGain = 0.99NoiseGain + 0.01GainBob (160b)
wherein NoiseGain is updated sample by sample during a series of consecutively lost frames with an initial value of
zero at the beginning of the first lost frame and

GainBob = 1-% £(T) (160¢)

where f(T) isthe maximum of normalized autocorrelation as described by equation (151); then, the additional signal

is multiplied with the estimated additional-signal gain values sample by sample, and the additional signal resulting from
multiplication is added to the compensated signal, to obtain a new compensated signal. For each lost frame with
overlap-add processing, overlap-add is performed after the additional signal is added to the signal in the buffer.

For the first correctly received frame after the frame loss, if the number of consecutively lost framesislessthan 4, a
buffer is established with alength of L, the last pitch period of compensated signal of the frame prior to the first
correctly received frame is repeatedly copied into the buffer without overlapping until the buffer isfilled up, overlap-
add is performed on the signal in the buffer and the time-domain signal obtained by decoding the first correctly received
frame, and the obtained signal is taken as atime-domain signal of the first correctly received frame. The additional
signal described above is added to the signal in the buffer before overlap-add.

5.4.2.6 Intelligent gap filling

Theintelligent gap filling tool is applied on the constructed signal, generated from one of the three MDCT-based TCX
PLC methods, as described in [5], subclause 6.2.2.3.8. However, with increasing number of lost frames, the tiled IGF
signal gets further attenuated by changing the IGF gain factor for each scale factor band.

In case of alost frame, the IGF gain factors calculated in [5] subclause 6.2.2.3.8.3.8 firstly get limited to the maximum
value of 12. After that, the gain factors get changes as follows:

(k)= {g(k)-(l—nbLostCmpt/S) if  nbLostCmpt <5 (16D

g(k)/2 else

where g(k) isthe IGF gain factor at scale factor band k and nbLostCmpt are the number of consecutively lost frames.

5.4.3 HQ MDCT

5431 Preliminary signal analysis of past synthesis

The buffer containing the past decoded signal is analysed in apreliminary step to prepare the PLC selection method
described in clause 5.4.3.2 and the MDCT conceal ment described in clause 5.4.3.6.
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54311 Resampling to 8 kHz

Thelast 2 frames of the previous synthesis signal are resampled to 8 kHz using zero-delay low-pass FIR filter with a
cutoff frequency at 4 kHz. The FIR filter order is 20, 40, 60 for a sampling frequency of 16, 32, 48 kHz, respectively.

The FIR filter coefficients are denoted h, ,¢, (i) at 16 kHz, h, 5, (i) a 32kHz and h, 44 (i) at 48 kHz.

Low-pass filtering and downsampling steps are jointly performed with a polyphase approach; the resampled signal at
8kHz, 5 (n),n=0.,...,319, can be computed using the relationship based on the past synthesis §;5(n) , $;,(N),
Sis (n) at respectively 16, 32 and 48 kHz:

20
Z§16(2n+10_i)h4,16k (i) foon =16 kHz

i=0

40
S (n) = Z Sy (4n+20~i)hy 35 (1) foou =32 kHz (162)
i—0

60
> 845(6n+30-i)hy 45 (1) foou =48 kHz
i=0

Note that in the above summations, the past synthesis outside the last 2 framesis by convention considered to be zero.
For instance, at 16 kHz, it is considered that §5(n) = Owhen n< 0 or n> 640.

54.3.1.2 Pitch search by cross-correlation

The past synthesis signal resampled to 8 kHz and of length 40 ms, 8 (n),n=0,...,319, isused to perform an open-
loop pitch search as follows:

- Thetarget signal is defined as the last 6 ms segment from the 40 ms buffer at 8 kHz:
t(n) =8 (n+271),n=0.,...,47

- A search vector of the same length (6 ms), §"% (n+ j),n=0.,...,47,, with sliding starting point 0< j < Lo,an
isused. The searchrange L, 4, covers 33 mswhen the voicing parameter indicates a voiced segment (i.e. v

=1) and 28 ms otherwise; therefore the pitch search range is adapted depending on the voicing indicator Vv, to
use alonger search range in case of voiced signals. The cross-correlation is computed for eachindex | as:

Z ' (n+ t(n)

Corr(j) = —"=2 (163)
47
(S S
ni=0 ni=0
To minimize computational complexity the term Zt(n) is pre-computed and the term Z P (n 4 j)?

ni=0 ni=0
updated incrementally by removing the first term and adding a new term in each iteration.
For eachindex |, the maximum correlation ¢ and maximum location |, are updated as follows: If
Corr(j)>c,c=Corr(j) and j,. = j, withtheinitial conditions c=0 and j, =0;thisloopis
stopped whenever v=0and Corr(j) > 0.95.

The pitchisthen defined as T, = 272 - which corresponds to the time offset with respect to the beginning of the

target signal (i.e. 34 ms after the beginning of the past synthesis "% (n)).

Jma
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5.43.2 PLC method selection

In case the last good frame prior to aloss was coded with HQ MDCT arange of different specifically optimized PLC
methods is available that are selected based on second level criteria described in this subclause.

The criteriaevaluated in this second level PLC method selection are:

- Output sampling rate
The output sampling rate fg;; in which response the second level PLC method is selected is one out of the set
of {8000Hz, 16000Hz, 32000Hz, 48000HZ} .

- Bitrate
The bit rate r in which response the second level PLC method is selected is one out of the set of the supported
bit rates of the EV S default operation mode [5].

- Voicing
The voicing parameter Vv in which response the second level PLC method is selected is a binary parameter.

- Correlation
The correlation parameter € computed asin clause 5.4.3.1.2, in which response the second level PLC method is
selected is a correlation coefficient defined in the number range from [O...1].

- Transient condition
The transient conditiont = [to,tl] in which response the second level PLC method is selected is a vector of
dimension 2 of binary parameters tg,t; indicating a transient condition tq in the last good frame or in the frame
before t; . The determination of the transient condition for agiven HQ MDCT frame s specified in [5],
subclause 5.3.2.4.1.1.

- Spectral envelope stability based speech/music classification
The Spectral envelope stability based speech/music classification Sy

method is selected is a binary parameter. This parameter is a post-processed instance of the envelope stability
parameter Sthat is specified in [5], subclause 6.2.3.2.1.3.2.3 (Noise level adjustment). The spectral envelope
stability based speech/music classification is cal culated during the decoding of the preceding good HQ MDCT
frame and stored for use in the context of the PLC method selection during a bad frame.

in which response the second level PLC

The post-processing of this parameter isa Markov smoother with:
- {speech, music} as hidden states,

- the normalized envelope stability parameter,

S= }1-2.0003412)" (50003412 (164)

anditsreverse 1- S
asdirect state observation likelihoods for music and, respectively, speech,

- and the transition probabilities
ts={0.999 0.5 for going from speech or, respectively, music state to speech state, and

tm ={0.001 0.5} for going from speech or, respectively, music state to music state.
For each good HQ MDCT frame the following sequence of operationsis executed:
1) Calculation of the normalized envelope stability parameter S and itsreverse 1-S.

2) Calculation of apriori likelihoods p 4 for speech and music states based on the state likelihoods for the instant
p’ of the previous (good) frame and the transition probabilities:

_ pa,s _ tS n
pa—{pa,m}—{tm} p (165)
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3) Element-wise multiplication of the vector of a priori likelihoods p 4 with the vector of direct state observation
likelihoods for music and, respectively, speech:

~ | Pas (- S)

Subsequent normalization yield the vector of state likelihoods p of the current frame:

|o

(167)

©
Il
o

4) Finaly, theindex of the largest element of the state likelihood vector pisidentified and taken as speech/music

classification result Sy, for the present frame.

Spic = max™(p) (168)
5) The state likelihood vector p of the current frame is stored for subsequent use in the next good HQ MDCT
frame.
With the above-specified parameters the second level PLC method selection is performed as follows:

- Firgtly, if output sampling rate fg ; equals 8000 Hz, the PLC method specified in clauses 5.4.3.3, 5.4.3.4 is
applied.
- Otherwise (if output sampling rate fg, isequal or exceeds 16000 Hz), then:

- incasethebit rate r islessor equal to 48 kbps and
- if thevoicing parameter vis set or the correlation parameter c exceeds 0.85, then
- theframe loss conceal ment method specified in subclause 5.4.3.6 is applied;
- otherwise,
- theframeloss concealment method specified in subclause 5.4.3.5 is applied.
- otherwise (in case the bit rate r islarger than 48 kbps), then:

- theframeloss concealment method specified in subclause 5.4.3.6 is applied under the same
condition as above (for bit rates less or equal to 48 kbps) except for the case that the spectral

envel ope stability based speech/music classification Spic indicates music, in which case this
frame loss concealment method is only applied if the correlation parameter Cisbelow 0.6 or if
the voicing parameter Vis set;

- otherwiseg, if the above condition is not satisfied the frame loss conceal ment method specified in
subclause 5.4.3.5 is applied.

- However, in addition to the conditions specified above, the frame loss conceal ment method specified in
subclause 5.4.3.6 is only applied under the provision that the current frame is the first bad frame following a
good frame and that the transient condition vector does not indicate atransient in the previous or it indicates a
transient in the frame before the previous frame. If this provision is not satisfied, the frame loss conceal ment
method specified in subclause 5.4.3.5 is applied.

The decoding of HQ MDCT for NB includes the following modules:
- afrequency domain packet loss concealment (PLC) block,
- aspectrum decoding block,

- amemory update block,
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- anIMDCT block,
- and atime-domain PLC block.

If it is determined that there is an erased frame, the erased frame is concealed using a PLC method. The bad frame
indicator (BFI) set to 1 indicates that a current frameis erased, or that no useful information exists for that frame.
Similarly, the Prev_BFI flag set to 1 indicates that a previous frame has been erased.

Figure 2 shows the block diagram for packet loss concealment of NB signals for the MDCT mode. A frequency-domain
approach operates on the frequency domain signal such asthe input to the IMDCT block in the figure. A time-domain
approach operates on the time domain signal after the IMDCT block. When a frame erasure occurs, the spectral
coefficients of the current frame are estimated. To accomplish this using the frequency-domain approach, the
synthesized spectral coefficients of the last good frame are repeated for the current frame with signal modification such
asagain scaling and arandom sign changing. In the time-domain approach, an additional PLC operation is added to
enhance the performance of the frequency-domain approach depending on the input signal characteristics. For this
additional operation, the appropriate packet |oss concealment tool, either the phase matching tool or the repetition and
smoothing tool is selected.

NB
First No (Burst)
bad?
Yes v
Spectral coeffs. Spectral coeffs.
repetition repetition

v v

Random sign/
Sign prediction

v v

Adaptive gain scaling Adaptive fade-out

Random sign

A

Memory update

Time-domain PLC

'

Audio output signal

Figure 2: Block diagram for NB PLC for MDCT mode
5.4.3.3 MDCT frame repetition with random sign and gain scaling

When afirst frame erasure occurs, packet loss concealment is performed as follows. In order to conceal the erasure, the
signal characteristics of a decoded signal are used, which resultsin a classification of the characteristics of the decoded
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signal into a stationary and normal frame. A current frame is determined to be transient using the frame type
(is_transient) which is transmitted from the encoder. The energy difference (energy_diff) is used to determine if the
current frame is stationary, and is represented by the following equation. The energy difference indicates the absolute
value of anormalized energy difference between energy Ecur Of the current frame and a moving average Eua of per-
frame energy. Ema will be updated to Ema_oid in the next frame.

Ema
Where,
Ema =08+ EMA_oId +0.2% Egyrr (170)
n-1
Z norm(k)
k=0
Ecurr B (171)

Depending on the frame type and characteristics, scaling and a random sign are used when the spectral coefficients are
repeated for the current erased frame.

if (is_transient == 0) {
if(energy_diff < ED THRES) {
/* Stationary frane */

Repeating the spectral coefficients of the last good frame without scaling;

}
el se{
/* Non-stationary frane */
Repeating the spectral coefficients of the last good frame with 3dB scal e- down;
}
el se {
if( st->old_is_transient[1] == 1) {

Repeating the spectral coefficients of the last good frane with 3dB scal e- down;

}

else {
Repeating the spectral coefficients of the last good frame with 3dB scal e- down;
Use random sign fromthe 2" band (8" spectral coefficient)

}

When multiple erasures have occurred, an adaptive fade-out by regression method is used. In this adaptive fade-out by
regression, a grouped average norm value of an erased frame is predicted using K grouped average norm values of the
previous good frame through regression analysis.

Figure 3 illustrates the structure of grouped sub-bands when the regression analysisis applied to a narrowband
(supported up to 4.0 KHz) signal. Grouped average norm values obtained from grouped sub-bands form a vector, which
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isreferred to as an average vector of grouped norms. K grouped average norm values of each grouped sub-band (GSb)
are used for the regression analysis.

8 coeffs *16subbands 16 Coeffs*2subbands
18 sb|sb|sb|sb|sb|sb|sb|sb|sb|sb|sb|sb]|sb|sb|sb]sb| sb Sh
subbands |o|1]|2]3]|4|5]|6]|7|8]9]10f11]12]13]|14|215] 16 17
L B S 1
Frame n-K | GShO GSb1 GSh2 :
1
: : Regression
Frame n-1 | GSbO GSb1 Gspz |I| anabsis
| | for each
1
Framen ¢ GSb0 GSb 1 Gsb2 | GSb
(Erased) "
OkHz 1.6kHz 3.2kHz 4.0kHz

3 Grouped Sub-bands (GSb)

Figure 3: Structure of grouped sub-bands

Figure 4 illustrates the concept of alinear regression analysis and a non-linear regression anaysis. Between the two
methods the linear regression analysisis applied to the adaptive fade-out, wherein the ‘average of norms' indicates an
average norm value obtained by grouping several bands and is the target the regression analysisis applied to. A linear
regression analysis is performed when the quantized value of the norm is used for an average norm value of a previous
frame. 'Number of PGF', which is used for aregression analysis, indicates the number of the previous good frames and
isused for aregression analysisis avariable. The linear regression analysisis represented by equations (172) and (173).

y=ax+b (172)

m X
EALEDRZ
Zxk Zxﬁ L‘} ZXkYk )

Asin equation (172), when alinear equation is used, the upcoming transition(y) is predicted by obtaining a and b. In
this equation, x can be aframe index. In equation (173), a and b are obtained by an inverse matrix. Gauss-Jordan
Elimination is a simple method of obtaining an inverse matrix.

Number of PGF

Average
of Norms

g N )
A"( Non-Linear
Linear

n4 n-3 n-2 n-1l n .. Frame

Figure 4: The concept of a linear regression analysis and a non-linear regression analysis
Figure 5 isablock diagram of a packet loss concealment block with adaptive fade-out. Referring to Figure 5, the signal

characteristic determiner determines the characteristics of a signal by using a decoded signal and classifies the
characteristics of the decoded signal into transient and normal frames. A method of determining atransient frameis

ETSI



3GPP TS 26.447 version 14.2.0 Release 14 57 ETSI TS 126 447 V14.2.0 (2020-09)

now described. The current frame classification of transient is determined by two parameters. the frame type
(is_transient) which is transmitted from the encoder, and the energy difference (energy_diff), which is represented by
Equation (169).

if(energy_diff < ED THRES & is_transient == 0 ) {

/* Not Transient */

num pgf = 4;
}
el se{

num pgf = 2;

}

In the above context, ED_THRES denotes a threshold and is set to 1.0. According to the result of the transient
determination, the number of PGFs (num_pgf), referred to in the subclause on regression analysis, can be controlled for
packet l1oss conceal ment.

Another parameter for packet |oss concealment is a scaling method of burst erasure duration. The same energy
difference value is used for the duration of asingle burst.

if((energy_diff<ED THRES) && (is_transient==0)) {
/* Not Transient */
mute_start = 5;
random start = 2;
}
el se {

mute_start = 2;

random start = 2;

}

If it is determined that the current frame is an erasure and is not transient, then when a burst erasure occurs frames
starting from the fifth frame of the burst are forcibly scaled to a fixed value of 3 dB regardless of the regression analysis
of the decoded spectral coefficient of the previous frame. Otherwise, if it is determined that the current frame that is
erased istransient, when a burst erasure occurs, frames starting from the second frame are forcibly scaled to afixed
value of 3 dB regardless of the regression analysis of the decoded spectral coefficient of the previous frame.

Because regression analysisis performed only when a burst erasure has occurred, when nbLostCmpt indicates the
number of contiguous erased framesistwo, that is, from the second contiguous erased frame, the regression analysisis
performed.

i f (nbLost Cnpt ==2) {
regressi on_anaysi s();
}

Even though an nth frameis a good frame, if the (n—1) thand (n+ 1) th frames are erased frames, a totally different

signal is generated in an overlapping process. Thus, when erasures occur in a non-consecutive order (an erasure frame, a
good frame, and an erasure frame), although nbLostCmpt of the third frame (the second erasure) is 1, nbLostCmpt is
forcibly increased by 1. Asaresult, nbLostCmpt is 2, and it is determined that a burst erasure has occurred, and thus the
regression analysis will be used.

if( prev_old_bfi == 1 & & nbLostCnpt == 1 && output_frame_org == L_FRAVESK )
{
nbLost Cnpt ++;
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In the above context, prev_old_bfi denotes frame erasure information of the second previous frame. This processis
applicable when the current frame is an erased frame. To reduce complexity, the regression analyzer block forms each
group by grouping 8 or 2 bands, and applying the regression analysis to the mean vector of grouped norms. The number
of previous good frames for the regression analysisis set to either 2 or 4, and is controlled by the result of the signal
characteristic determiner block. In addition, the number of rows of the matrix for the regression analysisissetto 2. Asa
result of the regression analysis by the regression analyzer block, an average norm value of each group is predicted for
an erased frame and is done by calculating the values a and b from alinear regression analysis equation (173). In this
block the calculated value a can be adjusted to the predetermined range as follows. In EV S the range is always limited
to anegative vaue. In the following pseudo-code, norm_valuesis an average norm value of each group in the previous
good frame and norm_p is a predicted average norm value of each group.

if(a>0){

a = 0;
normp[i] = normval ues[0];
}
el se {
normp[i] = (b+a*(nbLost Cpt - 1+num pgf);

}

With this modified value of a, the average norm value of each group is predicted. When the predicted norm is larger
than zero and the norm of the previous frame is non-zero, the gain calculator block calculates a gain between the
average norm value of each group that is predicted for the erased frame and an average norm value of each group in the
previous good frame. Otherwise, the gain is scaled down by 3 dB from the initial value of 1.0.

The calculated gain is aso adjusted to a predetermined range. In EV'S, the maximum value of the gain is 1.0.

The scaler block applies gain scaling to the previous good frame to predict spectral coefficients of the erased frame. The
scaler block a so applies adaptive muting to the erased frame and a random sign to predicted spectral coefficients
according to characteristics of an input signal, which is also controlled by the results of the signal characteristic
determiner block.

The number indicated by mute_start indicates that muting forcibly starts when bfi_cnt is equal to or greater than
mute_start and when continuous frame erasures occur. In addition, random_start, related to the random sign, is analysed
in the same way.

According to a method of applying adaptive muting, spectral coefficients are forcibly down-scaled by 3dB. In addition,
the sign of each of the spectral coefficientsis randomly modified to reduce modulation noise generated due to repetition
of spectral coefficientsin each frame.

In addition, the random sign is applied to frequency bands equal to or higher than the second frequency band, as it
should be better to use the sign of a spectral coefficient that isidentical to that of the previous framein avery low
frequency band (0~200Hz for the first band). Accordingly, a sharp change in the signal can be smoothed, and an erased
frame accurately restored to be adaptive to the characteristics of the signal, in particular, atransient characteristic.
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Figure 5: Block diagram of a packet loss concealment block with adaptive fade-out

5434 MDCT frame repetition with sign prediction

An analysis of the sign change of the MDCT coefficientsin the received framesis continuously performed. The
andlysisof X M (k) and X ™U(k) is performed on 4-dimensional bands up to 1.6 kHz ( k =64 MDCT coefficients
divided into B =16 bands).

Two 16-dimensional state variables, used to determine the sign of the reconstructed MDCT vector, C[m](b) and

AC [m](b) hold the number of sign switches between consecutive frames. The analysis takes also into account signal

dynamics (measured by atransient detector), to decide on the reliability of past data. Updates for both state variables are
done only forisTransient ==0, if isTransient ==1the values are set to zero.

Within asub- bandb=0,...,B -1, first state variable is incremented whenever the sign of the corresponding MDCT
coefficients switches:

for keb
it xMaxx ™y <o (174)

clmlw) = clmlp) +1
The second state variable accumulates number of sign switches over consecutive frames:
acm ) =clmlp) + clmUp), beB (175)
When frame mislost, the missing MDCT vector is reconstructed by copying the last available coefficients. The sign of
the reconstructed vector can be preserved or changed on a sub-band basis (every 4 coefficients). Inside aband b the

decision whether to change the sign or not is based on comparing the second state variable to a pre-determined
threshold as follows (wherein asign flip or reversal isindicated by -1 and preservation of the sign isindicated by +1):
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for ke€b

sign(X&[m](k))z{_l o et (176)

+1 if ACMUMb) <T

Thethreshold T is adjusted to the past decision of the transient detector. The sequential decision logicisillustrated in
Table 10.

Table 10: Sign extrapolation decision logic

1. If any of frames m-1 or m—2 contains Apply random sign to the copied coefficients
transient
2. If frames m-1 or m—2 are good, but frame Apply sign extrapolation with T=3

m-3 contains transient

3. Ifframes m-1,m—2, and m-3 are good Apply sign extrapolation with T =6

5435 Phase ECU

Phase ECU is a frame loss concealment method especialy suitable for general audio and music signals. It providesa
smooth and faithful time evolution of the reconstructed signal for alost frame, wherein the audible impact of aframe
[0ss is minimized.

Phase ECU is a frame loss conceal ment technique that operates with a sinusoidal model under the assumption that the
audio signal is composed of alimited number of individual sinusoidal components. The genera principle of Phase ECU
comprises sinusoidal analysis of a previoudy received good HQ MDCT coded frame of the audio signal (analysis
frame), wherein the sinusoidal analysis involves identifying frequencies of sinusoidal components of the audio signal.
Further, asinusoidal model is applied on this previously synthesized frame, wherein it is used as a prototype framein
order to create a subgtitution frame for alost audio frame. The creation of the substitution frame is done by time-
evolving the identified sinusoidal components of the prototype frame, up to the time instance of the lost audio frame, in
response to the corresponding identified sinusoidal frequencies.

In more detail Phase ECU operation comprises the steps of sinusoidal analysis, described in subclause 5.4.3.5.2, and
application of the sinusoidal model based on a prototype frame of the earlier synthesized signal in order to generate a
substitution frame for the lost audio frame, described in subclause 5.4.3.5.3. In addition and prior to this basic Phase
ECU operation atransient analysis step is carried out, described in subclause 5.4.3.5.1 with the purpose to detect audio
signal and burst frame loss conditions under which the basic Phase ECU operation is adapted in order to ensure
maximum reconstruction signal quality.

5.4.35.1 Transient analysis

The purpose of the calculationsin transient analysisis the detection of properties of the previously reconstructed good
signal frame or the frame loss statistics that could lead to suboptimal signal reconstruction quality with the Phase ECU.
Upon such detected conditions phase and magnitude of the substitution frame are selectively adjusted in order to
mitigate potential quality degradations. Conditions under which such adjustments are carried out are detected transients
or burst losses with several consecutive frame losses. The result of the transient analysis is phase and magnitude
modification factors corresponding to such adjustments.

Transient analysisis performed on each lost frame, and the following steps are performed for the first lost frame or for
the second lost frame in case the first lost frame was handled with the method according to subclause 5.4.3.6. For
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subsequent lost frames transient analysis relies on previously calculated and stored parameters (that were calculated
based on the synthesis of the last good HQ MDCT frame). For these losses transient analysis adjusts magnitude
spectrum attenuation factors and phase dithering degrees in response to detected transient or burst loss condition.

The transient analysisis performed in the frequency domain. Two FFTs are performed on a left and aright part of the
analysis frame buffer which contains the previous synthesis

X:: (k) =FFT(Wh(n) “Xprev (—Ltran — n))

r (177)
X £ (K) =FFT (wh (1) - Xprey (~Liran —n— L))

where Ly 4, isthelength of the transient analysis, set to 64, 128, or 192 for WB, SWB, and FB, and w;,(n)isa

hamming window of corresponding length. The resulting FFT spectrum is split into bands according to Table 11 that
are approximately following the size of the human auditory critical bands, and the energy in each band is calculated.

Table 11: Band start of Phase ECU

b o128 |4 [5 6 |7 |8
keart®) |1 |3 |6 |10 |16 |32 |64 |128 |192

ke (0 )
BEO= Y [XEK)

k= ksan (b)
Kens (0) (178)

Eb)= Y [XEW[

k=Kgart (b)
Next the ratio of these energiesis calculated as

E, (b)
Gyan()=——= 179
®) E (b) (179)

This means that the transient detection is made frequency selectively for each frequency bandb . The gain Gy, g, (b) is
then compared with an upper and alower threshold for onset or respectively offset detection. If Gy, 5, (b) >10or
Gyran () < 0.1isfulfilled, then band b contains atransient and Ty an (D) issetto 1. The gains Gyg(b) aresetto 1. If a

band has atransient, then gain Gpag (b) is updated to:
Grrag (0) = MinL,\/Gyan (0)) (180)
The gains Gyyg (b) for thefirst lost frame are saved into G,’nag (b).

The derivation of magnitude and phase modification factors in response to a detected burst loss condition is described in
the following. Thevariable a(b)issetto 1, B(b)issetto 0, and Sy e = 0.5. An average energy of each band is

cal culated:

ran 2 Keng (0) — Kegart ()

(Stran(b) corresponds to a low-resolution spectrum of the last good frame. This spectrum is used as part of the burst loss

handling feature of Phase ECU. It is used for a spectrally shaped additive noise signal to which the substitution signal is
pulled in case of burst frame losses.

For subsequent lost frames, the gain Gpgg (0) is updated according to:

Ginag (D) = Gigg (b) -10~Cat /20 (182)

where
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Gart =0, Njost < Tatt
Gat = Katt (Niog —Tart ) Tatt <Njogt <15+ Tyt
Gt = 15K it + (Njogt — Tt —15)- 6.0206, Niog > 15+ Tait (183)

Katt = 4—round(S)
Tat = 2+ round(S)

Here N, isthe number of consecutive lost framesand Se [O,l] is envelope stability feature described in [5] subclause
6.2.3.2.1.3.3, where the range endpoints 0 and 1 represent speech and music respectively. If N,y >10then

Brute = Broute - 0-5.
The attenuation factors a(b) and S(b) are updated as:

(5) = Grrag (0)
BO) = Bruse 1~ ” (B) (184)

Through variable a(b) the concea ment method is modified by selectively adjusting the magnitude of the substitution
frame spectrum, based on the frequency domain transient detector status Gy, 4, (b) . See equation (189).

The scaling factor £(b) is used to scale the spectrally shaped additive noise signal such that, except for the incorporated
gradua muting behaviour through factor S te, it compensates for the energy loss caused by the attenuation with
factor a(b). Thisisan aspect of the long-term muting behaviour which is outlined in subclause 5.4.6.2.2.

For b=5, B(b) isfurther adjusted as #(b) = £#(b)-0.5 and for b>6 S(b) = S(b)-0.1. This superimposes a low-pass
characteristic on the additive noise signal, which avoids unpleasant high-frequency noise in the substitution signal.

Thevariable phase_ dither isinitialized to 0, and for Nj,q > 3+ round(S) the phase dither is cal culated:

(185)

phase_dither = 27 mmLL Niog = (3= round(s))]

2
5.4.3.5.2 Spectrum analysis

The spectrum analysisis carried out in the frequency domain. It is only done once for the first lost frame after a good
HQ MDCT frame. The buffer with the previous synthesis of the last good HQ MDCT frame (anaysis frame) is
windowed and passed through a FFT.

X (K) = FET(Why (M) Xprey (L prot — ) (186)

where Wy, (n) is ahamming-rectangular window, and L o isthe length of the FFT set to 512, 1024, or 1536 for WB,
SWB, and FB signals,

0.54+ 0.46co{’L’—”J 0<n<Ly
h
Why (n)=4<1 Lh <n<L- Lh (187)
0.54+ O.4GCO{MJ L-L,<n<L
h

and Ly, isthe length of the hamming part, and is 96, 192, or 288 for WB, SWB, and FB.

The spectrum X (k) is saved and used for all consecutive frame losses. Then the magnitude spectrum |X = (k)| is

calculated. Then the peaks of this magnitude spectrum are located by a peak picking method. The number of found
peaksis N peaks, and the peaks locations areky (j), j =0,..., N pears —1. The frequency resolution of these peak locations

is however still insufficient for good Phase ECU performance, since the true frequencies of the sinusoidal model
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components are rather found in the vicinity of them. Thus, after the peaks in the magnitude FFT spectrum are found,
their positions are further refined to make them available in highest possible resolution. The refinement is carried out by
using parabolic interpolation, which yields the fractional peak locations k]o(j), J =0, N peaks —1.

This sinusoidal model is also used in reconstruction of the lost audio frame.

5.4.3.5.3 Frame reconstruction

The substitution frame for the lost frame is calculated by applying the sinusoidal model on aframe of the previoudly
synthesized good frame signal, where this frame serves as a prototype frame. The previously calculated sinusoidal
components of this prototype frame are time evolved to the time instant of the lost frame. For numerical simplicity, this
prototype frame and its spectrum are chosen to be identical to the windowed analysis frame and, respectively, its
aready calculated and saved spectrum (see subclause 5.4.3.5.2). While the exact time evolution of the sinusoids of the
windowed prototype frame would require a complex superposition of frequency-shifted, phase-evolved and sampled
instances of the spectrum of the used window function, Phase ECU operates with an approximation of the window
function spectrum such that it comprises only aregion around its main lobe. With this approximation the substitution
frame spectrum is composed of strictly non-overlapping portions of the approximated window function spectrum and
hence the time-evol ution of the sinusoids of the windowed prototype frame reduces to phase-shifting the sinusoidal
components of the prototype spectrumin ¢ -regions around the corresponding spectral peaks j by an amount 8(j) .

Note that this amount 8( j) merely depends on the respective sinusoidal frequency (peak location)
k’p(j), j =0.,..., N peays —1 and the time shift between the lost frame and the prototype frame. This s expressed in the
following equation. The phase shift is calculated as:

9(j)=27z'kp—(j)-(2L—(2L—Lprot)/Z—L/2+ Kotts — K ) (188)
prot

where K5 1S the offset in number of samples since the last good frame. K5 1S @ variable incremented by L for each
lost frame, and K equals 40, 80, or 120 for WB, SWB, or FB signals.

Note, that if either of the last two frames have the isTransient flag set, then the number of peaksis set to 0.

Next the spectrum around the spectral peaksis updated and random noise component related to burst loss handling is
added

X (k) = a(b) - X (k) -€'9D) + B(b) - Gyyan (b) - €27 " (189)

wherek = j —dy,..., |+ J», bisset according to Table 11, rand is arandom number between -1 and 1, and

—rts
Jzzmin(&kp(j+1)—kp<j)—1] (10)
2
If phase_dither is hon-zero, the amplitude is adjusted, and a small random component is added to the phase
6(j) =6(j)+rand phase_dither (191)
a(j)=a(j)-(0.5+0.5-(1- phase_dither/27)) (192)

The spectral coefficients which have not been updated are also updated in a similar manner but with a randomized
phase.

For clarity it isto be noted that the first additive term in equation (189) relates to phase shifting the sinusoidal
components of the prototype spectrum. In addition, if phase_ dither is non-zero, the phase is modified with a random

component. This avoids quality degrading tonal sounds due to too strong periodicity and is useful both in case of
transients and burst frame loss. In addition, for the same reason the magnitude of the prototype frame spectral
coefficients is attenuated with the scaling factor ar(b) . The second additive term in equation (189) modifies the
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substitution frame spectral coefficients by an additive noise component, where the magnitude of the additive noise
component corresponds to the scaled coefficient of the low-resolution magnitude spectrum of the previous good frame,

Giran » Which derivation is described in subclause 5.4.3.5.1. The scaling factor 3(b) is chosen such that, except for the
incorporated gradual muting behaviour, it compensates for the energy loss caused by the attenuation with factor a(b).
Thisis an aspect of the long-term muting behaviour which is outlined in subclause 5.4.6.2.2.

The reconstructed substitution frame spectrum is passed through the IFFT to create atime domain substitution frame.
Xph(N)= IFFT(XE (k) (193)

Where n=0...., Ly - Thesignal Xpn(n) iszero extended outside of thisrange. Thissignal Xp, (n+ Lprot/Z— Nyerg) 1S

then windowed and time-domain aliased as described in [5], clause 5.3.2.2 (N, is the number of zero samplesin the

ALDO window). The resulting windowed and time-domain aliased signal is then overlap-added with the previous frame
as described in [5], clause 6.2.4.1.

5.4.3.6 MDCT concealment based on sinusoidal synthesis and adaptive noise filling

The MDCT concealment based on sinusoidal synthesis and adaptive noise injectionisillustrated in Figure 6. Note that
the resampling to 8 kHz and pitch search are already described in clause 5.4.3.1.

4

|, Resampling - Pitch | FFT Selection of Sinusoidal Adaptive
to8kHz . :search ! sinusoids synthesis (f; o) noise filling

,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,

—

Figure 6: Block diagram of MDCT concealment based on sinusoidal synthesis
and adaptive noise filling

54.3.6.1 FFT

The pitch cycle of length T, is extracted from the resampled past synthesis S (n) of length 320 as:

aprev

Starget (n) = S
following steps:

(320-24-T, +n),n=0,.., T, —1. Thispitch cycle is analyzed in frequency domain using the

- Thesignal S 44« (n),n=0,...,T, —1 islinearly interpolated to alength corresponding to a power of 2 to obtain

the segment S, .4 '(N) of length T, suchthat T,'= 2109:(1)T \yhere [[.] is the rounding upward to the nearest
integer. A linear interpolation is applied as follows:

S(argetl(o) = S[arget(o)
S[arget '(Tc l_1) = Starget (Tc _1) (194)
Stargetl(n) = Staget (LHTJ)+ (nT_LnTJ)(Starget (\_nrj+1)— Starget (LHTJ)), n=1....T; -2

where |. | isthe rounding downward to the nearest integer and 7 = (T, —1)/(T,'-1).

- Thesegment S ,4¢'(N) isdecomposed in frequency domain by FFT of length N =T,' to obtain the
spectrum T(K), K=0,..., N7 -1

- Theamplitude spectrum [T (k)| is computed for k =0,..., Nger /2+1 and the overall amplitudeis also
computed as:

Neep /241
or = T () (195)
k=0

ETSI



3GPP TS 26.447 version 14.2.0 Release 14 65 ETSI TS 126 447 V14.2.0 (2020-09)

5.4.3.6.2 Selection of sinusoidal components

Sinusoidal components are selected by first detecting the number N peak Of spectral peaks following condition:

[T(K)| > [T(k—1)| and [T (k)| >[T(k+1)| . When the binary voicing indication has the value v =1, the pesk selection
is extended to select not only the peak at index k meeting the preceding condition but also neighboring peaks at index
k-1 and k +1; this allows capturing alarger portion of the overall spectral energy and lowering the noise to be re-
injected for voiced signals.

Thefinal number of pesksto bekept is N ey ing = MiN(20, N o, ) to reduce the computational load of the

subseguent sinusoidal synthesis. Thisfinal selection of peaksis performed by iteratively selecting the peak maximizing
L. Npeak, selected . i

|T(k)| among peaks that are not yet selected as long as the conditions v =1 or Zkzo |T(k)| <0.70; isdtill

met, where the latter condition ensures that 70% of the amplitude spectrum is covered.

For each i-th peak that gets selected, the amplitude A =[T (k;)|, phase ¢, = 2T (k;) and normalized frequency
f; = 2K, / N are computed.
5.4.3.6.3 Sinusoidal synthesis

A segment of length Ly, corresponding to 2 frames of 20 ms (40 ms) and 8 kHz to resampling delay is generated from
the N e fina SElected frequency bins as:

-1 (196)

This sinusoidal synthesisisimplemented using an autoregressive of order 2. The extra segment length (after the current
frame) is used for crossfading with the next decoded frame and to compensate for resampling delay.
5.4.3.6.4 Adaptive noise filling

Frequency components that do not correspond to selected sinusoids below 4 kHz or that are above 4 kHz are re-injected
by adaptive noise filling, in particular to compensate for energy |oss.

The pitch computed according to clause 5.4.3.1.2 is mapped to the output sampling rate fs‘out asoT, , where ¢ isthe
decimation factor used in sub-clause 5.4.3.1.1 with §=2, 4, 6 for f__ =16, 32 or 48 kHz respectively. For a20 ms
framelength L a f

s,out

sout» @residual signal is computed as:

Vioise(N) = SP(n) - §s.in (), n=0,...,Lye-1 (197)
where theresidual lengthis L, = 0T, if 0T, <Lgame @0 Lo = Liane Otherwise. Then, if the binary voicing
indicator hasthe value v =1, the residual is further scaled down by afactor of 0.25 as Vv, . (n) = 0.25v, . (N),

n=0,...,L 1.

noise
Thisresidual signal is repeated iteratively by adding blocks of variable length until the length of 2 frames (40 ms) is
reached. The start index for the residual repetitionisinitializedto N ;4 = 0. Inthe m-thiteration:

m]

- A block length Lrand[

Liag ™ = (0.5+0.2rand)L
between 0 and 1.

is pseudo-randomly computed by alternating between

and L™ =(0.7+0.3rand)L where rand isarandom number

noise noise !

- Asinewindow W, (™ (n) of length L, iscomputed as:
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n+0.5 ”], n=0,..,Lq™M-1 (198)

[m] ;
Wiand (n) =3 n[ ~
I-rand r 2

This calculation is performed by running an autoregressive filter of order 2.

- Two blocks are extracted from the residual signal: b (n) = Ve (Ligiee — Liang - +N), N=0,..., L o™ -1
and b, (N) =V, (Logie #N), N=0,...,L,4q "™ —1. Note that the blocks overlap with each other and the

length of the overlap depends on the value of L4 (™" in the current iteration.

- These two blocks are overlap-added to update the noise vector S (n) from the current start index N= N, 4

énoise(n) = Wrand (r (n)bl(n) + Wrand (rm (Lrand i - n—l)bz(n), n= Nrand [ARRS] Nrand + I-rand il -1 (199)

Note that the upper limit N4 + L,ng (M _1 of thetime interval is actually saturated to
[m]
maX(Nrand + I-rand " _1' Lframe)'

- Thestart index isupdated: N, .4 = N,.nq +Z|n;0 L' ang .

Theiterationsstop assoon as N, 4.4 = 2L ¢ ame-

5.4.3.6.5 Synthesis
The signal is synthesized as.

§(n) = §sin (n)+ énoise(n) , n=0...,L4 -1 (200)

Note that when the binary voicing indicator has the value v =1, the noise vector §

oise (M) has been scaled down by a
factor of 0.25, to avoid artefacts for voiced signals.

Thissignal is overlap-added with the previously decoded synthesis to ensure signal continuity between frames.

5.43.7 Time-domain PLC and OLA

543.7.1 PLC mode selection

The frequency domain PLC block includes a frequency domain erasure conceal ment algorithm and operates when the
BFI flag is set to 1 and the decoding mode of the previous frame is the frequency domain mode. The frequency domain
PL C block generates spectral coefficients of the erased frame by repeating the synthesized spectral coefficients of the
previous good frame stored in memory. With these coefficients the IMDCT block generates the time domain signal by
performing atime-frequency inverse transform. The conventional OLA block performs a general OLA processing by
using the time domain signal of the previous frame, and generates a final time domain signal of the current frame asa
result of the general OLA processing.

To achieve an additional quality enhancement taking into account the input signal characteristics, the time-domain PLC
introduces two conceal ment tools, consisting of a phase matching tool and a repetition and smoothing tool. With these
tools, an appropriate concealment method is selected by checking the stationarity of the input signal.

Figure 7 shows the two concealment tools and the conventional OLA for the time-domain PLC.

The phase matching block in the figure will be introduced in subclause 5.4.3.7.2 and the repetition and smoothing block
in the figure will be introduced in subclause 5.4.3.7.3.
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Figure 7: Block diagram of a Time-domain PLC module

Table 12 summarizes the PLC modes that are used for time-domain PLC. There are two tools for the time-domain PLC.
Each of these tools has several modes representing the erased frame types. The erased frame types are classified as
single erasure frame, burst erasure frame, next good frame after erasure frame, and next good frame after burst erasure.

Table 12: Used PLC modes for Time-domain PLC

Name of tools

Single erasure frame

Burst erasure frame

Next good frame

Next good frame
after burst erasures

Phase matching

Phase matching for
erased frame

Phase matching for
burst erasures

Phase matching for
next good frame

Phase matching for
next good frame

- Repetition Repetition Repetition
Repetition & &smoothing for &smoothing for &smoothing for next Next good frame after
Smoothing burst erasures
erased frame erased frame good frame

Table 13 summarizes the PLC mode selection method for the PLC mode selection block in Figure.7.

Table 13: PLC mode selection

Parameters

Status of Parameters

Definitions

BFI

1

Bad frame indicator for
the current frame

Prev_BFI

BFI for the previous
frame

nbLostCmpt

The number of
contiguous erased
frames

Phase_mat_flag

The flag for the Phase
matching process
(1: used, 0: not used)

Phase_mat_next

The flag for the Phase
matching process for
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burst erasures or next
good frame

(1: used, 0: not used)

The flag for Repetition

stat_mode_out - - - ay (N 0 &smoothing process
(1: used, 0: not used)
diff_energy - - - (<0.159063) " | (<0.159063)" | >0.159063 Energy difference

Phase Phase
matching | matching
for for next
erased good
frame frame
Name of tools Phase matching Repetition and Smoothing
NOTE:  ‘The () means "OR" connections.

Phase Repetition Repetition Next good
matching | &smoothing | &smoothing | frame after
for burst | for erased | for next good burst
erasures frame frame erasures

Selected PLC
mode

The pseudo code to select a PLC mode for the phase matching tool is as follows.
i f( (nbLost Cnpt==1) &&( phase_mat fl ag==1) &&( phase_mat _next==0) ) {

Phase matching for erased frane ();

}

else if((prev_bfi == 1)&&(bfi == 0) &&(phase_mat_next == 1)) {
Phase nmat ching for next good frane ();

}

else if((prev_bfi == 1)&&(bfi == 1) &&(phase_mat_next == 1)) {

Phase matching for burst erasures ();

}

Using this selection method, the phase matching flag (phase_mat_flag) determines at the point of the memory update
block in the previous good frame whether phase matching erasure concealment processing is used for every good frame
when an erasure occursin a next frame. To this end, energy and spectral coefficients of each sub-band are used. The
energy is obtained from the norm value. More specifically, when a sub-band having the maximum energy in a current
frame belongs to a predetermined low frequency band, and the inter-frame energy changeis not large, the phase
matching flag is set to 1.

The detailed method is as follows. When a sub-band having the maximum energy in the current frame is within the
range of 75 Hz to 1000 Hz, a difference between the index of the current frame and the index of a previous frame with
respect to a corresponding sub-band is 1 or less, and the current frame is a stationary frame of which an energy change
islessthan the threshold (ED_THRES 90P), and three past frames stored in the buffer are not transient frames, then
phase matching erasure conceal ment processing will be applied to a next frame to which an erasure has occurred.

if ((Mn_ind<5) && ( abs(Mn_ind - old Mn_ind)< 2) && (diff_energy<ED THRES 90P) && (!'bfi) &&
(!prev_bfi) &% (!prev_old_bfi) & (!is_transient) & (!'old_is_transient[1])) {

i f((Mn_ind==0) && (Max_ind<3)) {
phase_mat _flag = 0;

}

else {

phase_mat _flag = 1;

}
el se {

phase_mat _flag = 0;
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The PLC mode selection method for the repetition and smoothing tool and the conventional OLA is as follows.

The result of the stationarity detection of an erased frame is performed by a memory update block. In this detection we
introduce a hysteresisin order to prevent a frequent change of the detected result. The stationarity detection of the
erased frame determines whether the current erased frame is stationary by receiving information including a stationary
mode stat_mode_old of the previous frame, an energy difference diff_energy, and the like. Specifically, the stationary
mode flag stat_mode_curr of the current frame is set to 1 when the energy difference diff_energy isless than 0.032209.
The energy difference(Ey) is given by the Equation (169).

If it is determined that the current frame is stationary, the hysteresis application generates afinal stationarity parameter,
stat_mode_out from the current frame by applying the stationarity mode parameter stat_mode_old of the previous frame
to prevent a frequent change in stationarity information of the current frame. The pseudo code for the hysteresis
application is as follows.

/* Apply Hysteresis to prevent frequent node changi ng */
if(stat_npbde_old == stat_node_curr)
{

stat _node_out = stat_node_curr;

}

stat_node_old = stat_node_curr;

First, the operation of the PLC mode sel ection depends on whether the current frame is an erased frame or the next good
frame after an erased frame. Referring to Table 13, for an erased frame, a determination is made whether the input
signal is stationary by using various parameters. More specifically, when the previous good frame is stationary and the
energy difference isless than the threshold, it is concluded that the input signal is stationary. In this case, the repetition
and smoothing processing is performed. If it is determined that the input signal is not stationary, then the general OLA
processing is be performed.

Referring to Table 13, a determination whether the input signal is stationary is made by using the same parameters and
same method. If the input signal is not stationary, then for the next good frame after an erased frame a determination is
made whether the previous frame is a burst erasure frame by checking whether the number of consecutive erased frames
is greater than one. If thisis the case, then erasure conceal ment processing on the next good frameis performed in
response to the previous frame that is a burst erasure frame. If it is determined that the input signal is not stationary and
the previous frame is a random erasure, then the conventional OLA processing is performed.

If theinput signal is stationary, then the erasure conceal ment processing, i.e. repetition and smoothing processing, on
the next good frame is performed in response to the previous frame that is erased. This repetition and smoothing for
next good frame has two types of conceal ment methods. One is repetition and smoothing method for the next good
frame after an erased frame, and the other is repetition and smoothing method for the next good frame after burst
erasures.

The pseudo code to select a PLC mode for the Repetition and Smoothing tool and the conventional OLA is as follows.
if(BFI == 0 && st->prev_ BFl == 1) {

if((stat_node_out==1) || (diff_energy<0.032209) ) {

Repetition &noothing for next good frane ();
}
el se if(nbLostCmpt > 1) {

Next good frane after burst erasures ();
}
el se {

Conventional OLA ();
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}
else { [* if(BFl ==1) */
if( (stat_node_out==1) || (diff_energy<0.032209) ) {
i f(Repetition &noothing for erased frane () ) {

Conventional OLA ();

}
el se {

Conventional OLA ();

5.4.3.7.2 Phase matching

Figure 8 isablock diagram of the phase matching PLC module. The phase matching tool includes a PLC mode
selection block and three phase matching packet 10ss concealment blocks.

Basically the phase matching error concealment performs phase matching packet 1oss concealment processing on a
current erased frame when the previous good frame has the maximum energy in a predetermined low frequency band
and the change in energy is less than a predetermined threshold.

The phase matching tool does not use the conventional OLA block but generates the time domain signal for the current
erased frame by copying the phase-matched time domain signal obtained from the previous good frames. Once the
phase matching tool is used for an erased frame, the tool shall aso be used for the next good frame or subsequent burst
erasures. For the next good frame, the phase matching for next good frame tool is used. For subsequent burst erasures,
the phase matching tool for burst erasuresis used.

The phase matching tool for the next good frame performs phase matching packet loss conceal ment processing on the
current frame when the previous frame is an erasure and when phase matching error conceal ment processing on the
previous frame has been performed.

The phase matching function for burst erasures performs phase matching packet 1oss concealment processing on the
current frame that is part of a burst erasure when the previous frame is an erasure and phase matching error conceal ment
processing on the previous frame has been performed.
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Figure 8: Block diagram of a phase matching PLC module

Figure 9 shows a block diagram of the phase matching for erased frame block in Figure 8. In order to use the phase
matching tool, the phase_mat_flag shall be set to 1. Even though this condition is satisfied, a second condition shall be
satisfied. Asasecond condition, a correlation scale accA is obtained, and either phase matching erasure conceal ment
processing or general OLA processing is selected. The selection depends on whether the correlation scale accA is
within a predetermined range. That is, phase matching packet |oss conceal ment processing is conditionally performed
depending on whether a correlation between segments exists in a search range and a cross-correlation between a search

segment and the segments exists in the search range. The correlation scale accA is given by Equation (201).

Ryld]
Ryyld]

accA= min[ ] d=0.,..,D (201)

In Equation (201), d denotes the number of segments existing in the search range, R,y denotes a cross-correlation

used to search for the matching segment having the same length as the search segment ( x signal) with respect to the N
past good frames ('y signal) stored in the buffer, and Ry, denotes a correlation between segments existing inthe N

past good frames stored in the buffer. Next, it is be determined whether the correlation scale accA iswithin the
predetermined range. If thisis the case phase matching erasure conceal ment processing takes place on the current
erased frame. Otherwise, the conventional OLA processing on the current frame is performed. If the correlation scale
accA islessthan 0.5 or greater than 1.5, the conventional OLA processing is performed. Otherwise, phase matching
erasure concealment processing is performed.

The phase matching packet |oss conceal ment processing includes a maximum correlation search block, a copying block,
a smoothing block, and a memory update block. The maximum correlation search block searches for a matching
segment, which has the maximum correlation to, i.e. is most similar to, a search segment adjacent to a current frame,
from adecoded signal in a previous good frame from among N past good frames stored in a buffer. A position index of
the matching segment obtained as a result of the search is provided to the copying block.

The copying block copies a predetermined duration starting from an end of the matching segment to the current frame
that is an erasure frame by referring to the location index of the matching segment. At thistime, a duration
corresponding to a window length is copied to the current frame. When the copy starting from the end of the matching
segment is shorter than the window length, the copy, starting from the end of the matching segment will be repeatedly
copied into the current frame.

The smoothing block generates atime domain signal on the -concealed current frame by performing smoothing
processing through OLA to minimize the discontinuity between the current frame and adjacent frames. After
smoothing, the memory update for the phase matching will be performed in the memory update block.
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Figure 9: Block diagram of the phase matching for erased frame

Figure 10 illustrates the operation of phase matching erasure concealment described in Figure 9. Referring to Figure 10,
the decoded signal from a previous frame from among the N past good frames stored in a buffer is searched for a
matching segment. When the copy process is completed, the overlapping process on a copied signal and on an Oldauout
signal stored in the previous frame n-1 for overlapping is performed at the beginning part of the current frame n by a
first overlap duration. The length of the overlap duration is 2 ms. This results in the generation of the final repeated
signal.

Erased Frame

\
Search phase matched segment - {
’ .~
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n-2 -1 n+1
OldauOut I
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Mo b e Wl e B b an o e W
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M
I\ ‘\[»r\ “"Iv\bl vL\\ ‘V \h! %
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Copy

OLA (A part of OldauOut
and Copied signal)

Figure 10: The operation of phase matching erasure concealment

Phase matching for burst erasures as shown in Figure 8 is described as follows. This method utilizes a smoothing
process similar to that of phase matching for the first erased frame. Phase matching for burst erasures does not have
maximum correlation search block nor the copying block, as all information needed for these blocks can be reused by
phase matching for the erased frame. The only difference for the smoothing block is the smoothing that is done between
the signal corresponding to the overlap duration of the copied signal and the Oldauout signal stored in the current frame
n for overlapping purposes. The Oldauout is actually a copied signal by the phase matching processin the previous
frame.

The phase matching for next good frame in Figure 8 is described as follows.

This method utilizes the mean_en_high parameter, denoting a mean energy of high bands and indicating the similarity
of the last good frames. This parameter is cal culated by following equation,
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normy (n)
Ng, —k

Nijl( 0.5normy_4(n) +0.5normy_, (n) j
n=k (202)

mean_en_high=

where k is start band index of the determined high bands.

If mean_en_high islarger than 2.0 or smaller than 0.5, oldout_pha_idx isset to 1. oldout_pha idx is used as a switch

using the Oldauout memory. The two sets of Oldauout were saved at the both the phase matching for erased frame
block and the phase matching for burst erasures block. The 1st Oldauout is generated from a copied signal by a phase
matching process, and the 2nd Oldauout is generated by the time domain signal resulting from the IMDCT. If the
oldout_pha idx isset to 1, it indicates that the high band signal is unstable and the 2nd Oldauout will be used for the
OLA processin the next good frame. If the oldout_pha idx isset to O, it indicates that the high band signal is stable and
the 1st Oldauout will be used for OLA process in the next good frame.

i f((mean_en_hi gh>2.0) || (nean_en_hi gh<0.5)) {
ol dout _pha_idx = 1;
}

else {

I
e

ol dout _pha_i dx

5.4.3.7.3 Repetition and smoothing

Figure 11 depicts the repetition and smoothing tool (OLA modes for time-domain PLC).

Time signal after IMDCT
Fo-------- Selected mode

| I I !

Repetition Next good frame Repetition
& Smoothing for Conventional OLA 9 & Smoothing for

an erased frame after burst erasures the next good frame

| | | |
I

Memory update for
Time-domain PLC

v

Audio output signal

Figure 11: Repetition and smoothing

Each tool in the block diagram is described as follows. Figure 12 isablock diagram of conventional OLA method. The
conventional OLA method includes a windowing block and an OLA block. Referring to Figure 12, the windowing
block performs a windowing process on an IMDCT signal of the current frame to remove time domain aliasing. The
case of awindow having an overlap duration less than 50% will be described below with reference to Figure 13. The
OLA block performs OLA processing on the windowed IMDCT signal.

Figure 13 illustrates the general OLA method with the window format for concealing an erased frame. When an erasure
occurs in frequency domain encoding, past spectral coefficients are usually repeated, and thus, it may be impossible to
remove time domain aliasing in the erased frame.
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Figure 12: Block diagram of conventional OLA
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Figure 13: Diagram for describing a windowing of conventional OLA
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Figure 14 is ablock diagram of the repetition and smoothing method for an erased frame. When the current frameisan
erasure, and if a method of repeating past spectral coefficients obtained in the frequency domainis used, and if OLA
processing is performed after IMDCT and windowing, atime domain aliasing component in the beginning part of the
current frame is modified. Thus perfect reconstruction is not possible, thereby resulting in unexpected noise. The
repetition and smoothing method is used to minimize the occurrence of noise even though the original repetition method
is used.

The repetition and smoothing method includes a windowing block, a repetition block, and a smoothing block. Referring
to Figure 14, the windowing block performs the same operation as that of the windowing block of Figure 12. The
repetition block applies an IMDCT signal of aframe that is two frames previous to the current frame (referred to as
"previous old" in figure 15) to a beginning part of the current erased frame. The smoothing block consists of the OLA
unit and the smoothing unit. The OLA unit performs OLA processing on the signal repeated by the repetition block and
the IMDCT signal of the current frame. As aresult, the audio output signal of the current frame is generated, and the
occurrence of noise in abeginning part of the audio output signal is reduced. When scaling is applied together with the
repetition of the spectrum of the previous frame in the frequency domain, the likelihood of noise occurring in the
beginning part of the current frame is greatly reduced. The smoothing unit applies a smoothing window between the
signal of the previous frame (old audio output) and the signal of the current frame (referred to as " current audio output™)
and performs OLA processing. The smoothing window is formed such that the sum of overlap durations between
adjacent windows is equal to one. In the EV S codec, the sine wave window is used, and in this case, the window
function w(k) is represented by Equation (203).

7K

W(k)zgnz[m} n=0,.,0V_SIZE-1 (203)

In Equation (203), OV _ SZE denotes the duration of the overlap to be used in the smoothing processing. By

performing smoothing processing as described above, when the current frame is an erasure, the discontinuity between
the previous frame and the current frame, which may occur by using an IMDCT signal copied from the framethat is
two frames previous to the current frame instead of an IMDCT signal stored in the previous frame, is prevented.

After completion of the repetition and smoothing, the energy Powl of an overlapping region is compared with the
energy Pow2 of anon-overlapping region. When the energy of the overlapping region decreases after the packet loss
concealment processing, conventional OLA processing is performed. The comparison is made by the operation depicted
in Figure 14.

If the energy difference between the overlapping region ( Powl) and the non-overlapping region ( Pow2) islargeas a
result of the comparison in the block, conventional OLA processing is performed.
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Figure 15 illustrates the repetition and smoothing method with an example window for concealing an erased frame.
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Figurel4: Block diagram of repetition & smoothing method for erased frame
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Figure 15: Diagram for describing a windowing of repetition & smoothing method for erased frame

Figure 16 is ablock diagram of the repetition and smoothing method for the next good frame after an erased frame. This
method only includes the smoothing block. The smoothing block applies the smoothing window to the old IMDCT
signal and to acurrent IMDCT signal and performs OLA processing. Likewise, the smoothing window is formed such
that a sum of overlap durations between adjacent windowsis equal to one. That is, when the previous frameisafirst
erased frame and a current frame is a good frame, it is difficult to remove time domain aliasing in the overlap duration
between an IMDCT signal of the previous frame and an IMDCT signal of the current frame. Thus, noise can be
minimized by performing the smoothing processing based on the smoothing window instead of the conventional OLA
processing. Figure 17 illustrates the repetition and smoothing method with an example of awindow for smoothing the
next good frame after an erased frame.
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Figure 16: Block diagram of repetition and smoothing method for the next good frame after an erased
frame
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Figure 17: Diagram for describing a windowing of repetition and smoothing method for the next good
frame after an erased frame

If the input signal is stationary and the previous frameis a burst erasure frame, then the repetition and smoothing
method for the next good frame after the multiple erased frames as depicted in Figure 18 is used.

This method includes a repetition block, a scaling block, afirst smoothing block, and a second smoothing block.
Referring to Figurel8, the repetition block copies, to a beginning part of the current frame, a part used for the next
frame of the IMDCT signal of the current frame. The scaling block adjusts the scale of the current frame to prevent a
sudden signal increase. In the EV'S codec, the scaling block performs down-scaling by 3 dB. The first smoothing block
applies a smoothing window to the IMDCT signal of the previous frame and the copied IMDCT signal from a future
frame and performs OLA processing. Likewise, the smoothing window is formed such that a sum of overlap durations
between adjacent windows is equal to one. That is, when the copied signal is used, windowing is necessary to remove
the discontinuity which may occur between the previous frame and the current frame, and an old IMDCT signal may be
replaced with asignal obtained by OLA processing of the first smoothing block. The second smoothing block performs
the OLA processing while removing the discontinuity by applying a smoothing window between the old IMDCT signal
that isareplaced signal and a current IMDCT signal that isthe current frame signal. Likewise, the smoothing window is
formed such that the sum of overlap durations between adjacent windows is equal to one. That is, when the previous
frame isaburst erasure and the current frame is a good frame, time domain aliasing in the overlap duration between the
IMDCT signal of the previous frame and the IMDCT signal of the current frame cannot be removed. In the burst
erasure frame, since noise may occur due to a decrease in energy or continuous repetitions, the method of copying a
signal from the future frame for overlapping with the current frame is applied. In this case, smoothing processing is
performed twice to remove the noise which may occur in the current frame and simultaneously remove the discontinuity
which occurs between the previous frame and the current frame. Figure 19 illustrates the repetition and smoothing
method with an example window for smoothing the next good frame after burst erasures.
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Figure 18: Block diagram of repetition and smoothing method for the next good frame after burst
erasures
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Figure 19: Diagram for describing a windowing of repetition and smoothing method for the next good
frame after burst erasures

Figure 20 is the block diagram of the next good frame after burst erasures shown in Figure 11. Regarding the usage of
the future signal the main operation is same as that of the repetition and smoothing method for the next good frame after

burst erasures shown in Figure 18.

This method includes a repetition block, a scaling block, a smoothing block, and an OLA block. Referring to Figure 20,
the repetition block, scaling block, and smoothing block are exactly the same as that of Figure 18. Instead of the second
smoothing block, the next good frame after burst erasures uses the OLA between the replaced OldauOut signal and the
current IMDCT signal. Figure 21 illustrates the next good frame after burst erasures.
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Figure 20: Block diagram of the next good frame after burst erasures
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Figure 21: Diagram for describing a windowing of the next good frame after burst erasures
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544 Void

5.4.5 Guided concealment and recovery

5451 Transmission of the synthesis class

Instead of performing the signal classification in the decoder (see clause 5.1.2 Signal classification), the synthesis class
istransmitted in the bitstream for the rates 48, 96 and 128 kbps.

5.45.2 Transmission of the LTP pitch lag

Despite of the fact that no LTP post processing is performed for the rates 96 and 128 kbps, the LTP pitch lag is
transmitted in the bitstream to allow reliable functioning of the decoder concealment modules which depend on this
LTPlag.

5.45.3 Transmission of a voicing indicator

A flag v isused in the decoder for the concealment method described in clause 5.4.3.6, to adapt several parameters
(pitch search range, sinusoid selection, noise level to be re-injected).

At the encoder, the flag Vv is set to 1 when the current frameis classified as GENERIC or VOICED, otherwise the flag
V isset to O (for al other signal classes: UNVOICED, TRANSIENT, INACTIVE, AUDIO).

5.4.5.3a Transmission of a tonality flag

A flag indicating the frame as tonal type (1) or non-tonal type (0) is transmitted in the bitsteam for the rates 48, 96 and
128 kbps. It is used in the decision criterion to select the concealment method of non-tonal conceal ment with waveform
adjustment.

5454 ACELP to MDCT mode recovery

For the ACELP concealment at 9.6, 16.4 and 24.4 kbps, as well as for the TCX time domain concealment, an additional
segment (half frame) of signal is generated by predictive decoding from the previous frame and stored in a temporary
buffer. This additional segment is used to recover from the loss of a transition frame between ACELP to MDCT (HQ
MDCT or non-transition TCX 20) and it is generated in advance without prior knowledge that the transition frame will
be lost, before receiving the next frame. The extra complexity associated with generating this additional segment has
been found to be outside the critical path of complexity of the EV S decoder, therefore this extra processing does not
impact worst-case decoding complexity.

To create this additional segment, the parameters used to generate the half frame of signal are predicted based on the
parameters in the previous frame. The bit indicating the sampling frequency of the ACELP core isimplicitly repeated;
the excitation decoding done in the previous ACELP frame is extended in the additional segment.

When the current frame is MDCT, the additional segment (half frame) isthen overlap and added to the MDCT frame
decoded in the current frame, being HQ MDCT or non-transition TCX 20, using a symmetric sine window of length
8.75 milliseconds.

For the recovery in the TCX 20 transition frame (TCX 20 after lost ACELP frame):

- If the ACELP PLC was used, the sasme ACELP to TCX transition asif the previous ACEL P frame would have
been received is used, but with the samples of the past frame replaced with the concealed frame.

- Ifthe TD TCX PLC was used, the additional half frame constructed in TD TCX PLC is overlap and added to the
transition TCX frame, using HALF_OVERLAP (the symmetric sine window of length 3.75 milliseconds).
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5.455 Recovery after TCX MDCT concealment

During recovery after TCX MDCT concea ment fading the background level as described in 5.4.6.1.3.1, the overlap-
add buffer is rescaled by multiplying each element of it with the |atest target background noise level g9 (see equation
109).

5.4.6 Handling of multiple frame losses and muting

5.4.6.1 TCX MDCT

546.1.1 Background level tracing for rates 48, 96 and 128 kbps

A background noise level istraced in the time domain using a simplified version of the minimum statistics algorithm
[7]. Thetracing depends on the class being transmitted in the bitstream: It is performed for UC only.

In contrast to the FD-CNG - which also makes use of the minimum statistics approach (see [5], subclause 4.4.3) - the
noise level estimation is not carried for each spectral band separately, but directly in the time domain. The background
level tracing delivers therefore an estimate of the total noise level. Furthermore, the bias compensation is disregarded in
this application. Tracing of the noise level is hence achieved by computing a smoothed version of the decoder output
frame amplitude and by searching for the minimum smoothed amplitude over a dliding temporal window.

If Ly denotes the frame size in samples, k denotes the sample index, A denotes the frame index, and sy (4,K) isthe
output frame of the core decoder at the TCX sampling rate, the current total frame level is computed as follows:

> (srex (K2
) Lrex ' (209

As(A) =

Itisfirst lower-limited by 0.01 and smoothed with afirst-order recursive low-pass process, i.e.
AS(2) = agp (A) - As(A=1) + (1 g (4)) - max(0.0L A(2)) , (205)
where

min(Ay(1-1), A, (1-1)
max(A(A—1), A, (A-1))

Agpt (4) = (206)

isan optimal smoothing parameter which depends on the signal level Aj(1—1) and the background tracing level
A, (41-1) inthe previous frame. Thetracing level A, (A4)for the current frame A is obtained by searching for the
minimum in a buffer containing the last 50 values of the smoothed level ZS(/l) :

An () = min(Ay(A), As(A=1D).... As(1 - 49)). (207)

At initialization, the buffer is filled with the value 0.01 and the smooth signal level isinitialized as KS(O) =0.0L.

5.46.1.2 TCX time domain concealment

In the case of TCX time domain conceal ment as stated in subclause 5.4.2.2, the following applies.

546.1.2.1 Fading to background level
At rates 9.6, 16.4 and 24.4kbps the fading isidentical to what is described in subclause 5.3.4.2.1.

At rates 48, 96 and 128kbps the fading isidentical to what is described in subclause 5.3.4.2.1 with the exception, that
the target level in the time domain is not derived from the FFT provided by CNG, but that it is gained from the
background level tracing as described in subclause 5.4.6.1.
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5.4.6.1.2.2 Fading to background spectral shape
No fading of the LPC is applied.

5.4.6.1.3 MDCT frame repetition with sign scrambling

In the case of TCX frequency domain concealment, i.e. frame repetition with sign scrambling as stated in subclause
5.4.2.3 and/or tonal concealment using phase prediction as stated in subclause 5.4.2.4, the following applies.
54.6.1.3.1 Fading to background level

The time domain signal is faded towards a target background noise level as described in equation (107) and (107a) . The

initial gainis 1. The derivation of alpha isoutlined in subclause 5.4.6.1.4.

At rates 9.6, 16.4 and 24.4kbps the target level g9 is derived during the first lost frame based on the background

noi se spectrum derived by CNG during clean channel decoding (section 4.3 of [5]) as stated in subclause 5.3.4.2.1
under a).

At rates 48, 96 and 128kbps the target level g9 is gained from the background level tracing as described in subclause
5.4.6.4.

The gain compensation for the LPC synthesis/ de-emphasis as given in equation (109) is applied, see also subsection
5.2.5.

5.4.6.1.3.2 Fading to background spectral shape

The fading to background spectral shape is achieved by the following fading procedures, taking place in parallel:

a) The excitation itself is faded towards white noise in the frequency domain prior to the FDNS, on which atiltis
applied.

b) The excitation is shaped by FDNS towards a previously measured background shape.
¢) ThelLTPisfaded out.

5.4.6.1.3.2.1 Fading the excitation to noise

For 9.6, 16.4 and 24.4kbps, the sign scrambled excitation (input to FDNS, see subclause 5.4.2.3) is faded towards a
white noise, on which atilt is applied prior to the fading procedure. The method is based on the following parameters:
the last received excitation spectrum Ceyc jastGood (K) » @ Noise tilt compensation factor tiltCompFactor (derived

similar to the clean channel operation) and a damping factor dampingFac .

Thetilt factor is given by
1

tiltFactor = max(0.375, tiltCompFactor ) "SMP!&Sn-1 (208)
Subsequently atilt vector is derived as

ilt(0) =1

209
tilt(k) =tilt(k —1) - tiltFactor,k =[1,...,igfStartLine—1] (209

The randomVector given by equation (123) then gets multiplied with the tilt to achieve atarget noise vector with the
desired tilt:
Choise_tilt (K) =tilt(k)-randomVector (k),  k =[0,...,igfStartLine-1] (210)

The energy of thistarget noise vector is derived
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igfStartLine-1

Enoise = Z (Cnoise_tilt (k)>2 (211)

k=0
and the energy of the last excitation is derived

igfSartLine-1

Ec = Z (Cexc_lastGood (k))z . (212)
k=0
The excitation is then derived as follows:
Chl(k) = gain- Cpoige it (K) +dampingFac- CLR (k), fork =[0,...,igf StartLine-1] (213)
with gain= Ec . (1— dampingFac) and CLQ“C] is given by equation (122). The fading speed controlled by
noise

dampingFac as described in subclause 5.4.6.1.4.

5.4.6.1.3.2.2 Shaping the excitation towards the background shape

The excitation is shaped towards a target spectral shape by altering the LPC coefficients. The fading from the last good
LPC coefficients to the target LPC coefficientsis performed in the LSF domain as follows:

fIM = alpha. (™Y 1 (1 alpha)- f 9 (214)

where: f [m are LPC coefficients in the LSF domain of the current frame;

f [m-1] are LPC coefficients in the L SF domain of the previous frame;

f 19 are the target LPC coefficients, derived according to formula 111

alpha isthe fading factor as described in subclause 5.3.4.2.3, but limited to the minimum value of 0.8.
void (215)

For 9.6, 16.4 and 24.4kbps, the target spectral shape of the excitation is derived during the first lost frame based on the
background noise spectrum derived by CNG during clean channel decoding (see section 4.3 of [5]). Its derivation is
performed as described in subclause 5.3.4.2.2 for the harmonic excitation.

For 48, 96 and 128kbps, the target spectral shape of the excitation is the short term mean of the last three LPC
coefficient sets. Its derivation is performed as described in subclause 5.3.4.2.2 for the innovative excitation.

The achieved LPC is converted into FDNS parameters as follows:

kr
re, =a - co§ — |, for k=0,...,16 216
K = 8 {ng (216)
im, =-a ~sink—7[ for k=0,...,16 (217)
K K 128 )

where a, arethe LPC coefficients. The two signals re and im get zero filled to the length of 128 before a complex

Fourier transform of length 128 will be applied on them to receive the real part Re and the imaginary part Im (see[5],
subsection 5.1.4). The FDNS parameters will finally be obtained as:

FDNS, =4Re %+Im, 2,  for k=0,...,63 (218)
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5.4.6.1.3.2.3 LTP fade-out

The LTP continues to run during concealment. The LTP lag is kept constant. The LTP gain is faded towards zero as
follows:

gl[t'g] = gl[{g‘ll -dampingFac (219)
where: g M) s the LTP gain of the current frame;

Itp

g,[t”g_ll isthe LTP gain of the previous frame;

dampingFac isthe damping factor, its derivation is outlined in subclause 5.4.6.1.4.

5.46.1.4 Fading speed

Severa algorithms use atime-varying damping factor for fade-out, cross-fade etc. Depending on the application, either
the damping factor or the cumulative damping factor is needed.

The damping factor, here described asdampingFac, depends on the number of lost frames and the | SF stability factor.

The | SF stability factor is already computed in the clean channel. With the lost frame having the index 0, it is derived as
follows

dampingFad® = 0.7+ 0.3- stabFac (220)
dampi ngFac[z] =0.45+0.4- stabFac (221)
dampingFac 3.1 0.35+0.4- stabFac (222)

The cumulative damping factor, here described asdampingFac Cum , isinitialized with 1 during clean-channel
decoding and derived as follows during conceal ment:

dampingFac Cum [ml _ dampingFac Cum [m-1] - dampingFac [m] (223)

5.4.6.1.5 Waveform adjustment

The fade out is performed as described in section 5.4.6.1.3, just that no Ipc gain compensation (see section 5.2.5) takes
place.

5.4.6.2 HQ MDCT

5.46.2.1 Burst loss handling for 8 kHz audio output sampling rate

The burst loss handling for 8 kHz audio sampling rate is described as part of the HQ MDCT PLC method description
for 8 kHz signals, see clauses 5.4.3.3 and 5.4.3.4.

5.4.6.2.2 Burst loss handling audio output sampling rates larger or equal to 16 kHz

In case the audio output signal frequency exceeds 8 kHz and the current frame lossis the first loss after a good HQ
MDCT frame the PLC method is selected according to the method described in subclause 5.4.3.2. If however the
current frame loss is at |east the second consecutive loss after a preceding good HQ MDCT frame, then the procedure
described in this clause applies.

In case the current frame lossis the second loss in arow and the PLC method according to subclause 5.4.3.6 was
applied for the first bad frame, Phase ECU according to subclause 5.4.3.5 is applied with the following adaptations:
Transient analysis and spectrum analysis are carried out with the previous synthesis signal of the last good HQ MDCT
frame. The offset ks in number of samples since the last good frame is accordingly incremented by L .
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Otherwise, in case the current frame lossis the second lossin arow and if Phase ECU was applied for the first frame
loss, Phase ECU according to subclause 5.4.3.5 is applied with the adaptation that no spectral analysisis carried out and
that transient analysis relies on previously calculated and stored parameters. Details are described in subclause 5.4.3.5.1.

In case the current frame loss is the third or more in arow Phase ECU is applied according to subclause 5.4.3.5 with the
adaptation that no spectral analysisis carried out and that transient analysis relies on previously calculated and stored
parameters (that were calculated based on the synthesis of the last good HQ MDCT frame). The operation of the Phase
ECU is modified in response to the frame loss burst condition. Specifically, magnitude and phase of the substitution
frame spectrum are adjusted in order to mitigate potential quality losses that might otherwise arise from too periodic or
tonal sounds. With increasing loss burst length, the magnitude spectrum is adjusted by gradually increasing attenuation.
At the same time the phase spectrum is dithered with an increasing degree. Further details are described in subclause
54.35.1

A special feature is the long-term muting behaviour in case of long loss bursts with many consecutive lost frames. In
that case, the quality of the audio signal that is reconstructed by Phase ECU might still suffer from tonal artefacts,
despite the performed phase randomization. Too strong magnitude attenuation could at the same time lead to quality
impairments, as this could be perceived as signal drop-outs. The feature avoids such impairments to a large degree by
gradually superposing the substitution signal of the Phase ECU with a noise signal, where the frequency characteristic
of the noise signal is alow-resolution spectral representation of a previously received good frame. With increasing
number of frame lossesin arow, the substitution signal of the Phase ECU is gradually attenuated. At the same time, the
frame energy loss is compensated for through the addition of anoise signal with similar spectral characteristics like the
last received good frame but with a certain degree of |ow-pass behaviour. For very long frame loss bursts ( N, >10)

the additional noise contribution faded out in order to enforce a muting characteristic of the decoder. Further details of
the long-term muting feature are described in subclauses 5.4.3.5.1 and 5.4.3.5.3.

5.5 SID frame concealment operation

In the case of the loss of an SID frame, the comfort noise will be generated based on the last received SID frame.
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