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1. 

METHOD FOR CONCATENATING FRAMES 
IN COMMUNICATION SYSTEM 

PRIORITY 

This application is a continuation of and claims priority to 
U.S. patent application Ser. No. 1 1/883,440 entitled 
METHOD FOR CONCATENATING FRAMES IN COM 
MUNICATION SYSTEM and filed Mar. 7, 2008, which is a 
National Stage Entry and claims priority to PCT Application 
No. PCT/DK2006/000055, entitled “METHOD FOR CON 
CATENATING FRAMES IN COMMUNICATION SYS 
TEM, filed Jan. 31, 2006, which claims priority under 35 
USC 119 or 365 to Denmark Application No. PA 2005 00146 
filed Jan. 31, 2005, the disclosures of which are incorporated 
by reference herein in their entirety. 

FIELD OF THE INVENTION 

The present invention relates to the telecommunication 
systems. More particularly, the present invention relates to a 
method, a device, and an arrangement that mitigates discon 
tinuities that occur when frames relating to non-consecutive 
frames in an original audio signal, or when one or both frames 
relate to a concealment method, are concatenated. This hap 
pens in particular in connection with loss and/or delay jitter 
and/or clock skew of signal packets. The invention improves 
the quality of signal transmission over wireless telecommu 
nication systems and packet Switched networks. 

BACKGROUND OF THE INVENTION 

Modern telecommunications are based on digital transmis 
sion of signals. For example, in FIG. 1, a transmitter 200 
collects a sound signal from a source 100. This source can be 
the result of one or more persons speaking and other acoustic 
wave sources collected by a microphone, or it can be a Sound 
signal storage or generation system Such as a text-to-speech 
synthesis or dialog system. If the Source signal is analog it is 
converted to a digital representation by means of an analog 
to-digital converter. The digital representation is Subse 
quently encoded and placed in packets following a format 
suitable for the digital channel 300. The packets are transmit 
ted over the digital channel. The digital channel typically 
comprises multiple layers of abstraction. 

At the layer of abstraction in FIG. 1, the digital channel 
takes a sequence of packets as input and delivers a sequence 
of packets as output. Due to degradations in the channel, 
typically caused in noise, imperfections, and overload in the 
channel, the output packet sequence is typically contami 
nated with loss of some of the packets and arrival time delay 
and delay jitter for other packets. Furthermore, difference in 
clock of the transmitter and the receiver can result in clock 
skew. It is the task of the receiver 400 to decode the received 
data packets and to convert the decoded digital representa 
tions from the packet stream and decode this into digital 
signal representations and further convert these representa 
tions into a decoded sound signal in a format suitable for 
output to the signal sink 500. This signal sink can be one or 
more persons who are presented the decoded sound signal by 
means of, e.g., one or more loudspeakers. Alternatively, the 
signal sink can be a speech or audio storage system or a 
speech or audio dialog system or recognizer. 

It is the task of the receiver to accurately reproduce a signal 
that can be presented to the sink. When the sink directly or 
indirectly comprises human listeners, an object of the 
receiver is to obtain a representation of the Sound signal that, 
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2 
when presented to the human listeners, accurately reproduces 
the humanly perceived impression and information of the 
acoustic signal from the source or sources. To secure this task 
in the common case where the channel degrades the received 
sequence of packets with loss, delay, delay jitter, and clock 
skew may furthermore be present, an efficient concealment is 
necessary as part of the receiver Subsystem. 
As an example, one possible implementation of a receiver 

subsystem to accomplish this task is illustrated in FIG. 2. As 
indicated in this figure, incoming packets are stored in a jitter 
buffer 410 from where a decoding and concealment unit 420 
acquires received encoded signal representations, and 
decodes and conceals these encoded signal representations to 
obtain signal representations Suitable for storage in a playout 
buffer 430 and subsequent playout. The control of when to 
initiate concealment and what specific parameters of this 
concealment, such as length of the concealed signal, can, as 
an example, be carried out by a control unit 440, which 
monitors the contents of the jitter buffer and the playout 
buffer and controls the action of the decoding and conceal 
ment unit 420. 
Concealment can also be accomplished as part of a channel 

subsystem. FIG. 3 illustrates one example of a channel sub 
system in which packets are forwarded from a channel 310 to 
a channel 330 via a subsystem 320, which we for later refer 
ence term the relay. In practical systems the relay function 
may be accomplished by units, which may take a variety of 
context dependent names, such as diverse types of routers, 
proxy servers, edge servers, network access controllers, wire 
less local area network controllers, Voice-over-IP gateways, 
media gateways, unlicensed network controllers, and other 
names. In the present context all these as examples of relay 
systems. 
One example of a relay system that is able to do audio 

concealment is illustrated in FIG. 4. As illustrated in this 
figure, packets are forwarded from an input buffer 310 to an 
output buffer 360 via packet switching subsystems 320 and 
350. The control unit 370 monitors the input and output 
buffers, and as a result of this monitoring, makes decisions if 
transcoding and concealment is necessary. If this is the case, 
the Switches direct the packets via the transcoding and con 
cealment unit 330. If this is not the case, the switches directs 
the packets via the minimal protocol action subsystem 340, 
which will make a minimum of operations on the packet 
headers to remain compliant with applied protocols. This can 
comprise steps of altering sequence number and time-stamp 
of the packets. 

In a transmission of audio signals using systems exempli 
fied by, but not limited to, the above descriptions, there is the 
need for concealment of loss, delay, delay jitter, and/or clock 
skew in signals representative, or partially representative, of 
the Sound signal. 

Pitch repetition methods, sometimes embodied in the 
oscillator model, are based in an estimate of the pitch period 
in voiced speech, or alternatively in the estimation of the 
corresponding fundamental frequency of the Voiced speech 
signal. Given the pitch period, a concealment frame is 
obtained by repeated readout of the last pitch period. Discon 
tinuities at the beginning and end of the conce3alment frame 
and between each repetition of the pitch period can be 
Smoothed using a windowed overlap-add procedure. See 
patent number WO 0148736 and International Telecommu 
nications Union recommendation ITU-T G.711 Appendix 1 
for examples of the pitch repetition method. Prior art systems 
integrate pitch repetition based concealment with decoders 
based in the linear predictive coding principle. In these sys 
tems the pitch repetition is typically accomplished in the 



US 9,270,722 B2 
3 

linear predictive excitation domain by a read out from the 
long-term predictor or adaptive codebook loop. See patent 
number U.S. Pat. No. 5,699,481, International Telecommu 
nications Union recommendation ITU-T G.729, and Internet 
Engineering Task Force Request For Comments 3951 as 
examples of pitch repetition based concealment in the linear 
predictive excitation domain. The above methods apply for 
concealing a loss or an increasing delay, i.e., a positive delay 
jitter, and situations of input or jitter buffer underflow or near 
underflow e.g. due to clock skew. To conceal a decreasing 
delay, a negative delay jitter, or an input or jitter buffer over 
flow or near overflow, the generation of a shortened conceal 
ment signal is needed. Pitch based methods accomplish this 
by an overlap add procedure between a pitch period and an 
earlier pitch period. See patent number WO 0148736 for an 
example of this method. Again this can be accomplished 
while exploiting facilities present in linear predictive decod 
ers. As an example, patent number U.S. Pat. No. 5,699,481 
discloses a method by which fixed codebook contribution 
vectors are simply discarded from the reproduction signal, 
relying on the state of the adaptive codebook to secure pitch 
periodicity in the reproduced signal. In connection with pitch 
repetition methods one object is a seamless signal continua 
tion from the concealment frame to the next frame. Patent no. 
WO 0148736 discloses a method to achieve this object. By 
the invention disclosed in WOO148736 this object is achieved 
by means of concealment frames of time carrying and possi 
bly signal dependent length. Whereas this efficiently can 
secure seamless signal continuation in connection with con 
cealment of delay jitter and clock skew, this solution intro 
duce a deficiency in connection with systems of the type 
depicted in FIG. 4: Following this type of concealment an 
encoding of the concealment into frames of fixed preset 
length that connects seamlessly with the already encoded 
frames that are preferably relayed via the minimal protocol 
action 340, cannot be guaranteed. 

Therefore, an important object is to obtain concealment 
frames of preset length equal to the length of regular signal 
frames. One method of concealment with preset length is to 
accomplish a smooth overlap add between samples that Sur 
pass the preset frame length times the number of concealment 
frames with a tailing subset of samples from the frame fol 
lowing the concealment frames. This method is well known 
from the state of the art and used e.g. in International Tele 
communications Union recommendation ITU-T G.711 
Appendix 1. In principle, this method could also be applied 
when concatenation a frame with another frame, where the 
two frames relate to non-consecutive frames in the original 
audio signal. Thus, a person skilled in the art may accomplish 
this by obtaining a concealment frame as a continuation of the 
first frame and enter this concealment frame into the overlap 
add procedure with the second frame, thereby partially reduc 
ing the discontinuities that originates at the boundary 
between the last sample of the first frame and the first sample 
of the second frame. 
The above solutions to these scenarios are problematic. 

This is because of depending on the actual waveform shape 
of the two signals that enter into this overlap-add procedure, 
a noticeable discontinuity will remain in the resulting audio 
signal. This discontinuity is observed by the humanlisteneras 
a "bump' or a “fade' in the signal. 

In the first scenario, where one or more concealment 
frames are involved, a re-sampling of these concealment 
frames have been proposed in the literature, See e.g. Valen 
Zuela and Animalu, "A new Voice-packet reconstruction tech 
nique', IEEE, 1989, for one such method. This method does 
not provide a solution when the objective is concatenation of 
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4 
two existing frames rather than concatenation with a conceal 
ment frame, further, for the concatenation of a concealment 
frame and a following frame, this method is still problematic. 
This is because a needed re-sampling to mitigate the discon 
tinuity as perceived by a human listener may instead intro 
duce a significant frequency distortion, i.e., a frequency shift, 
which is also perceived by the human listeneras an annoying 
artifact. 

SUMMARY OF THE INVENTION 

The disclosed invention, or rather embodiments thereof, 
effectively mitigates the above-identified limitations in 
known solutions, as well as other unspecified deficiencies in 
the known solutions. According to the present invention these 
objects are achieved by a method, a program storage device, 
and an arrangement, all of which are different aspects of the 
present invention, having the features as defined in the 
appended claims. 

Specifically comparing with known pitch-repetition-based 
methods, the disclosed invention provides techniques to con 
catenate signal frames, with inherent discontinuity at the 
frame boundaries, with significantly less perceivable artifact 
than what is known from the state of the art. Thereby the 
disclosed invention alleviates a limitation of state-of-the-art 
systems with directly improved perceived sound quality as a 
result. 
The following definitions will be used throughout the 

present disclosure. By a 'sample' is understood a sample 
originating from a digitized audio signal or from a signal 
derived thereofor coefficients or parameters representative of 
Such signals, these coefficients or parameters being scalar or 
vector valued. By a “frame' is understood a set of consecutive 
samples, using the definition of sample above. By “Subse 
quence' is understood a set of two or more consecutive 
samples, using the above definition of sample. In case of use 
of e.g. overlap-add, two consecutive Subsequences may 
include overlapping samples. Depending on the choice of 
frames, a Subsequence may extend between two consecutive 
frames. 
The invention provides in a first aspect, a method for con 

catenating a first frame of samples and a Subsequent second 
frame of samples, the method comprising applying a phase 
filter adapted to minimizing a discontinuity at a boundary 
between the first and second frames of samples. 

Preferably, the phase filter is applied to at least part of 
samples in at least two consecutive frames. The at least two 
consecutive frames may be said first and second Subsequent 
frames. 
The phase filter may be applied to at least part of samples 

in at least the second frame and to at least part of samples in 
at least one frame consecutive to the second frame. The phase 
filter may be applied to at least part of samples in at least the 
second frame and to at least part of samples in at least two 
frames consecutive to the second frame. 
The phase filter may be applied to at least part of samples 

in at least the first frame and to at least part of samples in at 
least one frame preceding the first frame. The phase filter may 
be applied to at least part of samples in at least the first frame 
and to at least part of samples in at least two frames preceding 
the first frame. 

Preferably, the phase filter includes an all pass filter sec 
tion, in simple preferred embodiments the phase filter is an all 
pass filter. The all pass filter section may be a parametric all 
pass filter section. The parametric all pass filter section pref 
erably includes between 1 and 20 non-zero coefficients. 
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The phase filter may include modifying a phase of a Sub 
sequence of at least one sample by a radian phase value of pi. 

In preferred embodiments, the phase filter is time-varying. 
The phase filter is preferably time-varying such that a 
response of the phase filter approximates a Zero phase at a 5 
finite number of samples away from the boundary between 
the first and second frames, such as a finite number of samples 
after the boundary between the first and second frame. Pref 
erably, the phase filter preferably has an initially selected 
phase response at a starting time. Said number of samples 10 
away from the boundary may depend on the initially selected 
phase response of the phase filter. The point in time where the 
response of the phase filter approximates Zero phase may be 
within at least one of the first and second frames. Alterna 
tively, the point in time where the response of the phase filter 15 
approximates Zero phase is within a frame being at least one 
frame preceding the first frame. More alternatively, the point 
in time where the response of the phase filter approximates 
Zero phase is within a frame being at least one frame follow 
ing the second frame. 2O 

Said number of samples away from the boundary may 
depend on a characteristics of a Subsequence of samples in the 
second frame or in a frame following after the second frame. 
E.g. in case input samples represent a speech signal, and the 
characteristics of Such samples that may be used is to detect 25 
whether the samples represent voiced or unvoiced speech. 

Said number of samples away from the boundary may 
depend on a characteristics of a Subsequence of samples in the 
first frame or a frame preceding the first frame. The phase 
filter may include a poly phase structure. The phase filtering 30 
may comprise an up-sampling procedure. 
The method includes applying a weighted overlap-add pro 

cedure, such as a weighted overlap-add procedure including a 
matched filter. One part of the samples resulting from this 
weighted overlap add procedure is advantageously used to 35 
initialize the state of the phase filter, if another part of result 
ing samples from the overlap add procedure remains after this 
initialization, these samples are advantageously used as the 
first input samples of the phase filter. 

At least one of the first and second frames includes one or 40 
more concealment samples may be generated by a conceal 
ment method. The concealment method may be a method that 
includes generating two consecutive Subsequences of con 
cealment samples based on two consecutive Subsequences of 
buffered samples in reverse time order. 45 

The phase filter may be based on concealment samples 
generated from the second frame backwards in time. An ini 
tial state of the phase filter may be based on said concealment 
samples. A number of samples may be included from at least 
one of said concealment samples is selected Such as to maxi- 50 
mize a matching measure. Said matching measure may 
include a correlation, such as a normalized correlation. 
The method according to any of the preceding claims, 

wherein the sample in the first and second frames represent a 
digitized audio signal. Such as an audio signal including a 55 
speech signal. 

In advantageous embodiments of this invention, an all-pass 
filter, such as a parametric all-pass filter is used for phase 
filtering. The phase filter is made time-varying Such that the 
further away from the frame boundary, its response is gradu- 60 
ally closer to a Zero phase. At the point where Zero phase is 
reached, the filter is disconnected from the signal path. This 
point can be in a same frame where a frame boundary discon 
tinuity was mitigated by this method, or this point can advan 
tageously be one or several frames away from the point where 65 
the frame boundary discontinuity was mitigated. In further 
advantageous embodiments of this invention, the initial phase 

6 
filter, the initial state of this filter, and the input to this filter are 
determined Such as to minimize the discontinuity between 
last samples of a first frame and first samples of a second 
frame, and this minimization is accomplished by maximizing 
a similarity measure between a smooth continuation of said 
last samples in said first frame, obtained by a concealment 
method, and an initial part of the input, state, or output from 
the phase filtering of samples in said second frame. Further, in 
advantageous embodiments, samples representative of time 
before the first sample of said second frame are obtained by a 
concealment method working backwards in time, with the 
purpose to estimate input, state, and/or output from the phase 
filter from the first sample of the second frame and onward. In 
further advantageous embodiments, a weighted overlap-add 
procedure, and preferably a matched-filter weighted overlap 
add procedure is applied between the concealment samples 
from said first frame and the input, state, or output from the 
phase filter. 

In a second aspect, the invention provides a computer 
executable program code adapted to perform the method 
according to the first aspect. Such program code may be 
written in a machine dependent or machine independent form 
and in any programming language Such as machine code or 
higher level programming language. 

In a third aspect, the invention provides a program storage 
device comprising a sequence of instructions for a micropro 
cessor, Such as a general-purpose microprocessor, for per 
forming the method of the first aspect. The storage device 
may be any type of data storage means Such as disks, memory 
cards or memory Sticks, harddisks etc. 

In a fourth aspect, the invention provides an arrangement, 
e.g. a device or apparatus, for receiving a digitized audio 
signal, the arrangement including: 
memory means for storing samples representative of a 

received digitized audio signal, and 
processor means for performing the method of the first 

aspect. 
Implementing this invention with adequate means, such as 

the ones described for the preferred embodiments below, 
enables a decoder and concealment system and/or a 
transcoder and concealment system to efficiently conceal 
sequences of lost or delayed packets without introducing 
perceptually annoying artifacts. Thereby our invention 
enables high quality two-way communication of audio in 
situations with severe clock skew, channel loss, and/or delay 
jitter. 

BRIEF DESCRIPTION OF THE DRAWINGS 

In the following the invention is described in more details 
with reference to the accompanying figures, of which 

FIG. 1 is a block diagram illustrating a known end-to-end 
packet-switched sound transmission system Subject to the 
effects of loss, delay, delay jitter, and/or clock skew; 

FIG. 2 is an exemplifying receiver Subsystem accomplish 
ing jitter-buffering, decoding and concealment and play-out 
buffering under the control of a control unit; 

FIG.3 is a block diagram illustrating a relay subsystem of 
a packet-switched channel, subject to the effects of clock 
skew, loss, delay, and delay jitter; 

FIG. 4 is an exemplifying relay Subsystem accomplishing 
input-buffering, output-buffering, and when necessary 
transcoding and concealment under the control of a control 
unit; 

FIG. 5 is a block diagram illustrating a set of preferred 
embodiments of the present invention: 
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FIG. 5A is an illustrating sketch of subsequences in con 
cealment frames starting with Subsequences being based on 
the last buffered subsequences of in reverse time order; 

FIG. 5B illustrates another example of a larger sequence of 
Subsequences in concealment frames starting with the last 
two buffered subsequences in reverse time order, and where 
consecutive Subsequences are based on buffered Subse 
quences further back in time; 

FIG.5C illustrates the sample count indexes in an indexing 
pattern formatted by step backs and read lengths; 

FIG. 6 is an illustrating sketch of signals involved in the 
indexing and interpolation function; 

FIG. 7 is a flow chart illustrating one possible way to 
implement a decision-logic for stopping criteria; 

FIG. 8 is a flow chart illustrating one possible way to 
accomplish an iterative joint optimization of Smoothing and 
equalization, stopping criteria and the number of allowed 
repetitions, 

FIG. 9 illustrates the use of circular shift and overlap-addin 
connection with initializing and feeding a phase adjusting 
filter, and 

FIG. 10 illustrates one embodiment of the disclosed 
weighted overlap-add procedure. 

While the invention is susceptible to various modifications 
and alternative forms, specific embodiments have been 
shown by way of example in the drawings and will be 
described in detail herein. It should be understood, however, 
that the invention is not intended to be limited to the particular 
forms disclosed. Rather, the invention is to cover all modifi 
cations, equivalents, and alternatives falling within the spirit 
and Scope of the invention as defined by the appended claims. 

DESCRIPTION OF PREFERRED 
EMBODIMENTS 

In the following, the invention is described in combination 
with concatenating a concealment frame and a Subsequent 
frame. However, as will be understood from the scope of the 
claims, the inventive concatenation method has a much wider 
range of applications than that. 
The inventive method is activated in the decoding and 

concealment unit 420 of a receiver such as the one in FIG. 2 
or it is activated in the transcoding and concealment unit 330 
of a relay such as the one in FIG. 4 or at any other location in 
a communication system where its action is adequate. At 
these locations a number of buffered signal frames are avail 
able and a number of concealment frames are wanted. The 
available signal frames and wanted concealment frames can 
consist of time-domain samples of an audio signal, e.g. a 
speech signal, or they can consist of samples derived thereof, 
Such as linear prediction excitation samples, or they can con 
sist of other coefficients derived from the audio signal and 
fully or partially representative of frames of Sound signal. 
Examples of Such coefficients are frequency domain coeffi 
cients, sinusoidal model coefficients, linear predictive coding 
coefficients, waveform interpolation coefficients, and other 
sets of coefficients that fully or partially are representative of 
the audio signal samples. 

FIG. 5 illustrates a preferred embodiment of the invention. 
Following FIG. 5 the available signal frames 595, which can 
be received and decoded or transcoded signal frames or con 
cealment frames from earlier operation of this or other meth 
ods to generate concealment frames or a combination of the 
above-mentioned types of signal frames, are stored in a frame 
buffer 600. The signal in the frame buffer is analyzed by an 
index pattern generator 660. The indeX pattern generator can 
advantageously make use of estimates of signal pitch 596 and 
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8 
voicing 597. Depending on the overall system design these 
estimates can be available for input from other processes Such 
as an encoding, decoding, or transcoding process or they are 
calculated by other means preferably using state of the art 
methods for signal analysis. Moreover, the index pattern gen 
erator takes as input the number 598 of concealment signal 
frames to generate and pointers 599 to the beginning and end 
of the particular signal frames in the frame buffer that the 
concealment frame or frames are replacement for. As an 
example, if these buffers point to the end of the frame buffer, 
then this means that the concealment frame or frames should 
be made adequate to follow the signal stored in the frame 
buffer. As another example, if these pointers point out a non 
empty subset of consecutive frames in the frame buffer, then 
this means that the concealment frame or frames should be 
made to replace these frames in the frame sequence represen 
tative or partially representative of the Sound signal. 
To illustrate this further, assume that the frame buffer 600 

contains signal frames A, B, C, D, E, and that the number of 
concealment frames 598 is two. Then, if the pointers to 
frames to replace 599 points to the end of the frame buffer, 
this means that two concealment signal frames should be 
made to follow in sequence after signal frame E. Conversely, 
if the pointers 599 point out signal frames B, C, D, the two 
concealment frames should be made to replace signal frames 
B, C, D and to follow in sequence after signal frame A and to 
be followed in sequence by signal frame E. 

Concerning methods to determine the number of conceal 
ment frames 598 and the subset of frames that the conceal 
ment frames should eventually replace, i.e., the pointers 599, 
state of the art methods should preferably be used. Thus the 
data 596,597, 598, and 599 together with the signal frames 
595 constitute inputs to the method device and arrangement 
of the present invention. 

In certain overall system designs the length or dimension of 
a signal frame is advantageously kept as a constant during 
execution of the concealment unit. Among other scenarios, 
this is typically the case when the concealment unit is inte 
grated in a relay system where the result of the concealment 
should be put into packets representative of Sound signal 
within a time interval of preset length, this preset length being 
determined elsewhere. As an example, this preset length may 
be determined during the protocol negotiations during a call 
set-up inaVoice over IP system, and may be altered during the 
conversation in response to e.g. network congestion control 
mechanisms. Some embodiments of the present invention, as 
will become clear later, meet this requirement of working 
with a preset length of a signal frame in an advantageous way. 
However, the innovation as such is not limited to these system 
requirements; other embodiments of the present innovation 
can work with concealments that are a non-integer number of 
frames, and concealment frames that have time-varying 
lengths, and where these lengths can be functions of the 
specific content in the frame buffer, possibly in combination 
with other factors. 

Embodiments of the present invention can advantageously 
make use of a smoothing and equalization operation 610 
operating on the signal 605 from the frame buffer. This 
Smoothing and equalization generates a signal 615 in which 
frames earlier in time than the concealment frame or frames 
have an increased similarity with the signal frame or frames 
that the concealment frame or frames substitute or a frame 
immediately before that. Alternatively, if the concealment 
frame or frames are inserted in sequence with the existing 
frames without substitution, similarity is with the frame or 
frames immediately before the intended position of the con 
cealment frame or frames. For later reference, we simply term 
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both of these cases as similarity. Similarity is as interpreted by 
a human listener. The Smoothing and equalization obtains a 
signal with increased similarity, while at the same time pre 
serving a naturally sounding evolution of the signal 615. 
Examples of similarity increasing operations that are advan 
tageously performed by the Smoothing and equalization 610 
include increased Smoothness and similarity in parameters 
Such as energy envelope, pitch contour, Voicing grade, Voic 
ing cutoff, and spectral envelope, and other perceptually 
important parameters. 

Concerning each of these parameters, abrupt transients in 
evolution of the parameter within the frames to be smoothed 
and equalized are filtered out and the average level of the 
parameter in these frames is Smoothly modified to become 
more similar in the meaning of similar defined above. Advan 
tageously, similarity is only introduced to an extent, which 
still preserves a naturally sounding evolution of the signal. 
Under the control of the index pattern generator 660 the 
Smoothing and equalization can advantageously mitigate 
transients and discontinuities that may otherwise occur in the 
following indexing and interpolation operation 620. More 
over, the Smoothing and equalization of pitch contour can 
advantageously be controlled by the index pattern generator 
660 in such a way as to minimize the distortion, which is 
eventually otherwise introduced in the concealment frames 
later by the phase filter 650. The smoothing and equalization 
operation can advantageously make use of signal or param 
eter Substitution, mixing, interpolation and/or merging with 
signal frames (or parameters derived thereof) found further 
back in time in the frame buffer 600. The smoothing and 
equalization operation 610 can be left out from the system 
without diverging from the general scope of the present 
invention. In this case the signal 61S equates the signal 60S 
and the signal input 666 and control output 66S of the index 
pattern generator 660 can in that case be de omitted from the 
system design. 
The indexing and interpolation operation 620 takes as 

input the, possibly smoothed and equalized, signal 61S, and 
an indeX pattern 666. Furthermore, in Some advantageous 
embodiments of the present invention the indexing and inter 
polation operation takes a matching quality indicator 667 as 
input. The matching quality indicator can be a scalar value per 
time instant or it can be a function of both time and frequency. 
The purpose of the matching quality indicator will become 
apparent later in this description. The index pattern 666 
parameterizes the operation of the indexing and interpolation 
function. 
FIG.5A illustrates an example of how an index pattern may 

index subsequences in the buffered samples, BS1, BS2, BS3, 
BS4, gradually backwards in time in the synthesis of one or 
more concealment frames. In the shown example, consecu 
tive subsequences CS1, CS2, CS3, CS, CS5, CS6, CS7 in the 
concealment frames CF1, CF2, CF3 are based on buffered 
subsequences BS1, BS2, BS3 and BS4 of samples in frames 
BF1, BF2. As seen, the concealment subsequences CS1-CS7 
are indexed from the buffered subsequences BS1-BS4 with a 
location pointer that moves gradually backwards and then 
gradually forwards in time as expressed by the functional 
notation CS1(BS4), CS2(BS3), CS3(BS2), meaning that CS1 
is based on BS4, and so on. Thus, FIG. 5A serves as one 
example of illustrating how consecutive Subsequences in con 
cealment frames may follow each other, based on consecutive 
buffered subsequences but reordered in time. As seen, the first 
four concealment subsequences CS1(BS4), CS2(BS3), CS3 
(BS2) and CS4(BS1) are chosen to be based on the last four 
subsequences of buffered samples BS1, BS2, BS3, BS4, in 
consecutive order but in reverse time order, thus starting with 
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10 
the last buffered subsequence BS1. After the first four subse 
quences in reverse time order, three subsequences CS5, CS6. 
CS7 follow that are all based on consecutive buffered subse 
quences in time order, namely BS2, BS3 and BS4, respec 
tively. The preferred index pattern is a result of the index 
pattern generator 660 and may vary largely with inputs 656, 
596,597,598, and599 to this block. FIG.5B gives, following 
the notation from FIG. 5A, another illustrative example of 
how concealment subsequences CS1-CS11 may be based on 
buffered subsequences BS1-BS4 in time reordering. As seen, 
later concealment Subsequences are gradually based on buff 
ered subsequences further back in time. E.g. the first two 
consecutive concealment Subsequences CS1 and CS2 are 
based on the last two buffered subsequences BS3, 8BS4, in 
reverse time order, whereas a later concealment Subsequence 
e.g. C510 is based on BS1, i.e. a buffered subsequence further 
back in time than those used to calculate CS1 and CS2. Thus, 
FIG. 5B serves to illustrate that consecutive concealment 
Subsequences are based on buffered Subsequences indexed 
forwards and backwards in time in a manner so that the 
indexing gradually evolves backwards in time. 

In advantageous embodiments of the present invention, 
this gradual evolution backwards in time is formalized as a 
sequence of what we for the purpose of this description term 
step backs and a sequence of what we for the purpose of this 
description term read lengths. In simple embodiments of this 
format of the indeX pattern, a pointer to signal samples, or 
parameters or coefficients representative thereof, is moved 
backwards by an amount equal to a first step back after which 
an amount of samples, or parameters or coefficients represen 
tative thereof, are inserted in the concealment frame, this 
amount being equal to a first read length. Thereafter the 
pointer is moved backwards with an amount equal to a second 
step back and an amount of samples, or parameters or coef 
ficients representative thereof, equal to a second read length is 
read out, and so forth. 

FIG. 5C illustrates an example of this process by reorder 
ing a first enumeration of indexed samples. This first enu 
meration is listed on the signal time axis while the enumera 
tion list on the concealment time axis of FIG.5C corresponds 
to the reordering of the original samples as they are placed in 
the concealment frame. For this illustrating example the first, 
second, and third step backs were arbitrarily chosen as 5, 6, 5, 
respectively, and the first, second, and third read lengths were 
likewise arbitrarily chosen as 3, 4, 3, respectively. In this 
example, the subsequences with time index sets {6,7,8}, {3,4, 
5,6}, and {2,3,4}, respectively, are subsequences that evolve 
gradually backwards in time. The 20 sequences of step backs 
and read lengths are here chosen purely for the purpose of 
illustration. With speech residual samples sampled at 16 kHz 
as an example, typical values of step backs are in the range 40 
to 240, but is not limited to this range, and typical values for 
the read lengths are in the range of 5 to 1000 samples but is not 
limited to this range. In more advanced embodiments of this 
format, the transition from a forward directed sequence (e.g. 
original time or an indexed subsequence back in time) to 
another forward directed sequence, one step further back in 
time, is made gradually by a gradually shifting interpolation. 

FIG. 6 illustrates the operation of a simple embodiment of 
the indexing and interpolation function in response to one 
step back and a corresponding read length and matching 
quality indicator. For the purpose of illustration only, signal 
frames here consist of time domain audio samples. The 
gradually shifting interpolation applies on the general defini 
tion of 'sample' used in this description, i.e. including Scalar 
or vector valued coefficients or parameters representative of 
the time domain audio samples, in a similar and thereby 
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straightforward manner. In this FIG. 700 illustrates a segment 
of the signal 615. The pointer 705 is the sample time instant 
following the sample time instant of the last generated sample 
in the indexing and interpolation output signal 625. The time 
interval 750 has a length equal to the read length. The time 
interval 770 also has a length equal to the read length. The 
time interval 760 has a length equal to the step back. The 
signal samples in 700 starting from time 705 and read length 
forward in time are one by one multiplied with a windowing 
function 720. Also the signal samples in 700 starting at a 
location one sample after step back before the location 706 
and read length samples ahead from there are one by one 
multiplied with a windowing function 710. The resulting 
samples from multiplying with window 710 and with window 
720 are added one by one 730 to result in the samples 740 that 
constitute a new batch of samples for the output 625 from the 
indexing and interpolation operation. Upon completion of 
this operation the pointer 705 moves to the location 706. 

In simple embodiments of the present invention the win 
dow functions 710 and 720 are simple functions of the read 
length 750. One such simple function is to choose the window 
710 and the window 720 as the first and second half, respec 
tively, of a Hanning window of length two times read length. 
Whereas a wide range of functions can be chosen here, 
observe that for such functions to be meaningful in the con 
text of the present invention, they must accomplish a 
weighted interpolation between the samples in the segment 
indicated by 750 and the samples indicated by 770 in such a 
way that we gradually, but not necessarily monotonically, 
move from a high weight on the segment indicated by 750 to 
a high weight on the segment indicated by 770. 

In other embodiments of the present invention the window 
functions 710 and 720 are functions of the matching quality 
indicator. A simple example of Such a function is that, 
depending on a threshold on normalized correlation on the 
segments of the signal 700 indicated by time intervals 750 and 
770, an interpolation operation is chosen to either sum to 
unity in amplitudes or in powers. Another example of Such 
function avoids the constraint to Sum up amplitudes orpowers 
to one, but instead optimize window weights as a function of 
the matching measure only. Further refinement of this method 
takes the actual value of the normalized correlation and opti 
mizes the interpolation operation in response to it, e.g. using 
classical linear estimation methods. However, examples of 
preferred methods are described in the following. In these 
examples the threshold, respectively the actual value of nor 
malized correlation give examples of advantageous informa 
tion conveyed by the matching quality indicator 667. Accord 
ing to preferred embodiments described in the following, the 
interpolation operation can be made to implement different 
weightings at different frequencies. In this case the matching 
quality indicator 667 can advantageously convey measures of 
matching as a function of frequency. In advantageous 
embodiments this weighting as a function of frequency is 
implemented as a tapped delay line or other parametric filter 
form that can be optimized to maximize the matching crite 
1O. 

In FIG. 6 an illustration is given of the operation of index 
ing and interpolation when the signal 615 (and therefore the 
signal segment 700) contain samples that are representative 
of time-domain samples of a sound signal or of a time-domain 
signal derived thereof. As mentioned above, samples in 
frames 595 and thereby in signals 605 and 615 can advanta 
geously be such that each sample is a vector (vector valued 
samples) where such a vector contains coefficients or param 
eters, which are representative or partially representative of 
the sound signal. Examples of Such coefficients are line spec 
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tral frequencies, frequency domain coefficients, or coeffi 
cients defining a sinusoidal signal model. Such as sets of 
amplitudes, frequencies, and phases. With a basis in this 
detailed description of preferred embodiments of the present 
invention, the design of interpolation operations that are 
advantageously applied to vector valued samples is feasible 
to a person skilled in the art, as the remaining details can be 
found described in the general literature for each of the spe 
cific cases of Such vector valued samples. 

It is advantageous for the understanding of the present 
invention to observe that when the indexing and interpolation 
operation is applied repeatedly with a read length that is 
smaller than the step back, then the result will be that the 
samples in the signal 625 become representative of signal 
samples that are gradually further and further back in the 
signal 615. When then the step back and or read length is 
changed such that the read length becomes larger than the step 
back, then this process will turn and samples in the signal 625 
now becomes representative of signal samples that are gradu 
ally further and further forward in the signal 615. By advan 
tageous choice of the sequence of step backs and the sequence 
of read lengths along concealment signal with rich and natu 
ral variation can be obtained without calling for samples 
ahead in time from the latest received signal frame in the 
frame buffer 600 or even without calling for samples ahead of 
another preset time instant, which can be located earlier than 
the latest sample in the latest received frame in the frame 
buffer 600. Thereby concealment of delay spikes in a system 
with low-delay playout or output-buffer scheduling becomes 
possible with the present invention. In the formulation of the 
present description the simple strict backwards temporal evo 
lution of the signal, which can be useful to think of as an 
element in a simple embodiment of the present invention, is 
realized by repeated use of a read length of one sample, a step 
back of two samples and a window 720 comprising of a single 
sample of value 0 and a window 710 comprising of a single 
sample of value 1.0. 
The primary object of the index pattern generator 660 is to 

control the action of the indexing and interpolation operation 
620. In a set of preferred embodiments this control is formal 
ized in and indexing pattern 666, which can consist of a 
sequence of step backs and a sequence of read lengths. This 
control can be further augmented with a sequence of match 
ing quality indications, which in turn each can be functions 
e.g. of frequency. An additional feature, which can be output 
from the index pattern generator, and which use will become 
clear later in this description is a repetition count 668. The 
meaning of repetition count is the number of times that an 
evolution backwards in time is initiated in the construction of 
the concealment frame or frames. The indeX pattern generator 
obtains these sequences from a basis in information, which 
can comprise the Smoothed and equalized signal 656 output 
from the Smoothing and equalization operation 610; a pitch 
estimate 596 a voicing estimate 597 a number 598 of con 
cealment frames to generate and pointers 599 to the frames to 
replace. In one embodiment of the indeX pattern generator it 
will enter different modes depending on the Voicing indicator. 
Such modes are exemplified below. 
As an example advantageously used in the linear predictive 

excitation domain, if the Voicing indicator robustly indicates 
that the signal is unvoiced speech or that no active speech is 
present in the signal, i.e., the signal consists of background 
noise, the index pattern generator can enter a mode in which 
a simple reversion of the temporal evolution of the signal 
samples is initiated. As described earlier this can be accom 
plished e.g. by Submitting a sequence of step back values 
equal to two and a sequence ofread length values equal to one 
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(this description is based in the design choice that the index 
ing and interpolation operation will itself identify these val 
ues and apply the adequate windowing function as described 
above). In some cases this sequence can continue until a 
reverse temporal evolution of the signal has been imple 
mented for half of the number of new samples needed in the 
concealment frame or frames, after which the values in the 
step back sequence can change to 0, whereby a forward tem 
poral evolution of the signal is commenced, and continue 
until the pointer 706 is effectively back at the point of depar 
ture for the pointer 705 in the first application of the step back. 
However, this simple procedure will not always be sufficient 
for high quality concealment frames. An important task of the 
index pattern generator is the monitoring of adequate stop 
ping criteria. In the above example, the reverse temporal 
evolution may bring the pointer 706 back to a position in the 
signal at which the sound, as interpreted by a human listener, 
is significantly different from the starting point. Before this 
occurs the temporal evolution should be turned. 

Preferred embodiments of the present invention can apply 
a set of stopping criteria based in a set of measures. The 
following exemplifies a few of these measures and stopping 
criteria. If the Voicing indicates that the signal at the pointer 
706 is voiced, then in the above example starting from 
unvoiced, the temporal evolution direction can advanta 
geously be turned, also if the signal energy in an area round 
the pointer 706 is different (as determined by an absolute or 
relative threshold) from the signal energy at the point of 
departure for the pointer 705, the temporal evolution direc 
tion can advantageously be turned. As a third example the 
spectral difference between a region around the point of 
departure for the pointer 705 and the current position of the 
pointer 706 may exceed a threshold and the temporal evolu 
tion direction should be turned. 
A second example of a mode can be evoked when the signal 

cannot robustly be determined as unvoiced or containing no 
active speech. In this mode the pitch estimate 596 constitutes 
a basis for determining the index pattern. One procedure to do 
this is that each step back is searched to give a maximized 
normalized correlation between the signal from pointer 705 
and one pitch cycle ahead in time and the signal from a point 
that is step back earlier than the pointer 705 and one pitch 
cycle ahead. The search for potential values of step back can 
advantageously be constrained to a region. This region can 
advantageously be set to plus minus 10 percent round the 
previously found step back or the pitch lag if no previous step 
back has been found. Once the step back has been determined 
the value of read length will determine if the temporal signal 
evolution should evolve backwards or forwards in time, and 
how fast this evolution should take place. A slow evolution is 
obtained by a choice of read length close to the identified 
value of step back. A fast evolution is obtained by a choice of 
read length that is much smaller or much larger than the step 
back in the case of backwards and forwards evolution, respec 
tively. An objective of the index pattern generator is to select 
the read length to optimize the sound quality as interpreted by 
a human listener. Selecting the read length too close to the 
step back can in some signals, such as signals that are not 
Sufficiently periodic, result in perceptually annoying artefacts 
Such as string Sounds. Selecting the read length too far from 
the step back, implies that a larger time interval in the frame 
buffer is ultimately swept through during the temporal evo 
lution of the concealment frame or frames, alternatively that 
the direction of temporal evolution has to be turned more 
times before sufficient amount of samples for the conceal 
ment frame or frames have been generated. 
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The first case can in some signals, such as signals that are 

not sufficiently stationary (alternatively not sufficiently 
Smooth and equalized), resultina kind of perceptually annoy 
ing artefacts that has certain resemblance with a stuttering in 
the sound of the concealment frame or frames. In the second 
case string-Sound-like artefacts may occur. A feature of 
advantageous embodiments of the present invention is that 
the read length can be determined as a function of the step 
back and the normalized correlation, which is optimized in 
the search for the optimum step back. One simple, yet advan 
tageous, choice of this function in embodiments of the present 
invention working on speech signals and when signal frames 
contain 20 ms of linear predictive excitation signal sampled at 
16 kHz, is as an example given by the following function 

Readlength=(0.2+NormalizedCorrelation/3)*Step 
Back 

Where square brackets are used to indicate rounding to 
nearest integer and where symbols Readlength, Normalized 
Correlation, and Stepback are used to denote the read length 
the normalized correlation obtained for the optimum step 
back and the corresponding step back, respectively. The 
above function is included only as an example to convey one 
advantageous choice in Some embodiments of the present 
invention. Any choice of read length including any functional 
relation to obtain this read length are possible without diverg 
ing from the spirit of the present invention. In particular, 
advantageous methods to select the read length include the 
use of control 665 to parameterize the Smoothing and equal 
ization operation 610 Such as to reach a joint minimization of 
Stutter-like and string Sound-like artefacts in an intermediate 
concealment frame 625. This explains why the index pattern 
generator 660 takes the intermediate signal 656 as input rather 
than the output 615 from the smoothing and equalization 
operation: the signal 656 represents potential versions of the 
final signal 615 under the control 665, and enables the index 
pattern generator to approach the optimization task by means 
of iterations. AS is the case for the unvoiced and non-active 
speech mode above, the stopping criteria are essential in this 
mode too. All the examples of stopping criteria put forward in 
the mode above apply to this mode as well. Additionally, in 
this mode stopping criteria from measuring on the pitch and 
normalized correlation can advantageously be part of 
embodiments of the present invention. FIG.7 illustrates, as an 
example, an advantageous decision logic for a combination of 
stopping criteria. In FIG. 7, the reference signs indicate the 
following: 

800: Identify if signal is high correlation type, low corre 
lation type or none of these. Determine initial energy 
level 

801: Determine next step back and normalized correlation 
and read length 

802: Determine if signal has entered low correlation type 
803: Determine if signal has entered high correlation type 
804: Is signal high correlation type? 
805: Is signal low correlation type? 
806: Is energy below relative minimum threshold or above 

relative maximum threshold? 
807: Is normalized correlation below threshold for high 

correlation type? 
808: Is normalized correlation above threshold for low 

correlation type? 
809: Has enough samples been generated? 
In the case of operation in the linear predictive excitation 

domain of speech sampled at 16 kHz. The thresholds 
addressed in FIG.7 can advantageously be chosen as follows: 
high correlation type can be entered when a normalized cor 
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relation greater than 0.8 is encountered; a threshold for 
remaining in high correlation type can be set to 0.5 in nor 
malized correlation; low correlation type can be entered when 
a normalized correlation lower than 0.5 is encountered; a 
threshold for remaining in low correlation type can be set to 
0.8 in normalized correlation; a minimum relative energy can 
be set to 0.3; and a maximum relative energy can be set to 3.0. 
Furthermore, other logics can be used and other stopping 
criteria can be used in the context of the present invention 
without diverging from the spirit and scope of the present 
invention. 
The application of stopping criteria means that a single 

evolution, backwards in time until either enough samples are 
generated or a stopping criterion is met and then forward in 
time again, is not guaranteed to give the needed number of 
samples for the concealment frames. Therefore, more evolu 
tions, backwards and forwards in time, can be applied by the 
index pattern generator. However, too many evolutions back 
and forth may in some signals create string-sound-like arte 
facts. Therefore, preferable embodiments of the present 
invention can jointly optimize the stopping criteria, the func 
tion applied in calculation of the read lengths, the Smoothing 
and equalization control 665, and the number of evolutions 
back and forth, i.e., the repetition count 668, and if enabled by 
the pointers to the frames to replace 599, also the number of 
samples that we evolve forward in time before each new 
evolution backwards in time is initiated. To this end, the 
Smoothing and equalization operation can also advanta 
geously be controlled so as to slightly modify the pitch con 
tour of the signal. Furthermore, the joint optimization can 
take into account the operation of the phase filter 650, and 
make slight changes to the pitch contour such as to result in an 
index pattern that minimize the distortion introduced in the 
phase filter jointly with the other parameters mentioned 
above. With a basis in the description of preferred embodi 
ments for the present invention, a person skilled in the art 
understands that a variety of general optimization tools apply 
to this task, these tools include Iterative optimization, Markov 
decision processes, Viterbi methods, and others. Any of 
which are applicable to this task without diverging from the 
Scope of the present invention. 

FIG. 8 illustrates by means of a flow graph one example of 
an iterative procedure to accomplish a simple, yet efficient, 
optimization of these parameters. In FIG. 8, the reference 
signs indicate the following: 

820: Initiate controls for smoothing and equalization 665 
821: Obtain new smooth signal 656 
822: Initiate stopping criteria 
823: Initiate the allowed number of repetitions 
824: Identify the index pattern for a sequence of backwards 

and forwards evolutions evenly distributed over the 
available frames indicated by pointers 599 or if pointing 
to end of available frames, evolutions backwards follow 
ing directly after evolutions forwards 

825: Is the sufficient amount of samples for the number of 
concealment frames 598 generated? 

826: Is the maximum number of repetitions reached? 
827: Augment allowed number of repetitions 
828: Is the loosest threshold for stopping criteria reached? 
829: Loosen the thresholds for stopping criteria 
830: Change controls to increase the impact of smoothing 

and equalization 
Note that one evolution backwards and forwards in time 

and a following evolution backwards and forwards in time, in 
the case enough signal had not been synthesized in the pre 
vious evolution or evolutions backwards and forwards in 
time, can advantageously differ. As examples, the sequences 
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of step backs, read lengths, and interpolation functions, and 
also the end location pointer after evolution backwards and 
forwards in time should be devised such as to minimize 
periodicity artefacts otherwise resulting from a repetition of 
similar index patterns. With voiced speech residual domain 
samples at 16 kHZ as an example, one evolution backwards 
and forwards in time, generating approximately, say, 320 
samples, can preferably end approximately 100 samples fur 
therback in the signal than an earlier evolution backwards and 
forwards in time. 
The disclosed embodiments up to this point efficiently 

mitigates the problems of artificially 5 sounding string sounds 
known from prior art methods, while at the same time enable 
efficient concealment of abrupt delay jitter spikes and 
abruptly occurring repeated packet losses. However, in 
adverse network conditions, as encountered e.g. in some 
wireless systems and wireless adhoc networks and best effort 
networks and other transmission scenarios, even the dis 
closed method may in some cases introduce slight compo 
nents of tonality in the concealment frames. A minor noise 
mixing operation 630 and a graceful attenuation filter 640 can 
therefore advantageously be applied in Some embodiments of 
the present invention. The general techniques of noise mixing 
and attenuation are well known to a person skilled in the art. 
This includes the advantageous use of frequency dependent 
temporal evolution of the power of the noise component and 
frequency dependent temporal evolution of the attenuation 
function. A feature specific to the use of noise mixing and 
attenuation in the context of the present invention is the 
explicit use of the indeX pattern 666, the matching quality 
measure 667 and/or the repetition count 668 for adaptive 
parameterization of the noise mixing and attenuation opera 
tions. Specifically, the indexing pattern indexes where unal 
tered signal samples are placed in the concealment frame and 
where the samples of the concealment frame is a result of an 
interpolation operation. Moreover, the ratio of step back rela 
tive to read length in combination with the matching quality 
measure are indicative of the perceptual quality resulting 
from the interpolation operation. Thus little or no noise can 
advantageously be mixed into the original samples, more 
noise can advantageously be mixed into the samples that are 
results of an interpolation process and the amount of noise 
mixed into these samples can advantageously be a function of 
the matching quality measure, advantageously in a frequency 
differentiated manner. Furthermore, the value of the read 
length relative to the step back is also indicative of the amount 
of periodicity that may occur, the noise mixing can advanta 
geously include this measure in the determination of amount 
of noise to mix into the concealment signal. The same prin 
ciple applies to the attenuation; a graceful attenuation is 
advantageously used, but less attenuation can be introduced 
for samples that are representative of original signal samples 
and more attenuation can be introduced for samples that 
result from the interpolation operation. Furthermore, the 
amount of attenuation in these samples can advantageously 
be a function of the matching quality indication and advan 
tageously in a frequency differentiated manner. Again, the 
value of the read length relative to the step back is indicative 
of the amount of periodicity that may occur; the attenuation 
operation can advantageously include this measure in the 
design of the attenuation. 
As addressed in the background for the present invention, 

an important object of a subset of embodiments of the present 
invention obtains concealment frames of preset length equal 
to the length of regular signal frames. When this is wanted 
from a system perspective, the means to this end can advan 
tageously be a phase filter 650. A computationally simple, 
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approximate but often sufficient operation of this block is to 
accomplish a smooth overlap add between samples that Sur 
pass the preset frame length times the number of concealment 
frames with a tailing subset of samples from the frame fol 
lowing the concealment frames. Seen isolated, this method is 
well known from the state of the art and used e.g. in Interna 
tional Telecommunications Union recommendation ITU-T 
G.711 Appendix 1. When practical from a system perspective 
the simple overlap-add procedure can be improved by a mul 
tiplication of Subsequent frames with -1 whenever this aug 
ments the correlation in the overlap-add region. However, 
other methods can advantageously be used, e.g. in the transi 
tion between Voiced signal frames, to mitigate further the 
effect of discontinuities at the frame boundaries. One such 
method is a re-sampling of the concealment frames. Seen as 
an isolated method, this too is well known from the state of the 
art. See e.g. Valenzuela and Animalu, "A new Voice-packet 
reconstruction technique', IEEE, 1989. Thus, mitigating dis 
continuities at frame boundaries may be performed by a per 
son skilled in the art. However, in preferred embodiments of 
the invention disclosed herewith, the re-sampling can advan 
tageously be continued into the frames following the last 
concealment frame. Hereby the slope oftemporal change and 
thereby the frequency shift, which is a consequence of the 
re-sampling technique, can be made imperceptible when 
interpreted by a human listener. Further, rather than resam 
pling, the use of time-varying all-pass filters to mitigate dis 
continuities at frame boundaries is disclosed with the present 
invention. One embodiment of this, is as given by the filter 
equation 

The function of which is explained as follows. Suppose that 
a Sweep from a delay of L samples to a delay of 0 samples is 
wanted over a sweep interval, which can include all or part of 
the samples in all or part of the concealment frames; inframes 
before the concealment frames; and in frames after the con 
cealment frames. Then in the beginning of the Sweep interval 
alpha 1(t) is set to Zero and alpha 20t) it set to 1.0 So as to 
implement a delay of L samples. As the Sweep overt starts, 
alpha 1(t) should gradually increase towards 0.5 and alpha 
2(t) should gradually decrease towards 0.5. When, in the end 
of the sweep interval alpha 1(t) equates alpha 20t) the filter 
H L(Z,t) introduce a delay of Zero. Conversely if a sweep 
from a delay of Zero Samples to a delay of L samples is wanted 
over a sweep interval, which can include all or part of the 
samples in all or part of the concealment frames; in frames 
before the concealment frames; and in frames after the con 
cealment frames. Then in the beginning of the Sweep interval 
alpha 1(t) is set to 0.5 and alpha 20t) it set to 0.5 so as to 
implement a delay of 0 samples. As the Sweep overt starts, 
alpha 1(t) should gradually decrease towards 0 and alpha 
2(t) should gradually increase towards 1.0. When, in the end 
of the Sweep interval alpha 1(t) equates 0 and alpha 20t) 
equates 1.0 the filter H L(Z,t) introduce a delay of L samples. 
The above filtering is computationally simple, however it 

has a non-linear phase response. For perceptual reasons, this 
non-linear phase limits its use to relatively small L. Advan 
tageously L-10 for speech at a sample rate of 16 kHz. One 
method to accomplish the filtering for larger values of initial 
L is to initiate several filters for smaller L values that sums up 
to the desired total 1 value, these several filters can advanta 
geously be initiated at different instants of time and Sweep 
their range of alpha's over different intervals of time. One 
other method to increase the range of L in which this filter is 
applicable is disclosed in the following. A structure that 
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18 
implements a functionally same filtering as the one above is to 
divide the signal into L poly-phases and conduct the follow 
ing filtering in each of these poly-phases 

By the present invention the poly-phase filtering is advan 
tageously implemented by use of up-sampling. One way to do 
this advantageously is to up-sample each poly-phase with a 
factor K and conduct the filtering H 1(z,t) K times in each 
up-sampled poly phase before down-sampling with a factor K 
and reconstruction of the phase modified signal from the 
poly-phases. The factor K can advantageously be chosen as 
K=2. By the up-sampling procedure, a phase response, which 
is closer to linear, is obtained. Hereby the perceived quality as 
interpreted by a human listener is improved. 
The above described phase adjustment over multiple 

frames is applicable when concealment frames are inserted in 
a sequence of received frames without loss. It is also appli 
cable when frames are taken out of the signal sequence in 
order to reduce playback delay of Subsequent frames. And it 
is applicable when frames are lost and Zero or more conceal 
ment frames are inserted between the received frames before 
and the received frames after the loss. In these cases, an 
advantageous method to get the input signal for this filter and 
find the delay L is as follows: 

1) on the frames earlier in time than the discontinuity point, 
a concealment method, the one disclosed herewith or 
any other, is continued or initiated. 

2) on the frames later in time than the discontinuity a 
number L test samples are inserted in the frame start by 
a concealment method, the one disclosed herewith or 
any other, but with an reversed indexing of the time 
samples. 

3) a matching measure. Such as normalized correlation, is 
applied between the concealment frame or frames form 
1) and the frame or frames from 2) including the heading 
L test samples. 

4) the L test that maximizes the matching measure is 
Selected as L. 

5) the concealment frame or frames from 2) and the frame 
or frames from 3) are now added together using a 
weighted overlap-add procedure. Whereas this weighted 
overlap-add can be performed as known by a person 
skilled in the art, it can preferably be optimized in as 
disclosed later in this description. 

6) the resulting frame or frames are used as input to the 
above described phase fitting filtering, initiated with the 
determined value L. If L is larger than a threshold, then 
several filters are initiated and coefficient swept at dif 
ferent time instants and time intervals, with their L-val 
ues Summing up to the determined value L. 

Advantageously, in speech or speech residual sampled at 8 
or 16kHz, the above threshold can be chosen to a value in the 
range 5 to 50. Further advantageously, in Voiced speech or 
Voiced speech residual, the concealment samples L test and 
its continuation into the following frame are obtained by 
circular shifting the samples of the first pitch period of the 
frame. Thereby a correlation measure without normalization, 
correlating the full pitch period, can advantageously be used 
as matching measure to find the preferred circular shift L. 

FIG. 9 illustrates one embodiment of such method. In this 
figure, the phase adjustment creates a Smooth transition 
between a signal frame 900 and the following frames. This is 
accomplished as follows: From the signal frame 900 and 
earlier frames, a concealment signal 910 is generated. This 
concealment signal can be generated using the methods dis 
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closed herewith, or by using other methods that are well 
known from the state of the art. The concealment signal is 
multiplied with a window 920 and added 925 with another 
window 930, which is multiplied with a signal generated as 
follows: A concealment signal 940 is generated, from follow 
ing samples 950 and possibly 960, by effectively applying a 
concealment method such as the ones disclosed herewith, or 
using other methods that are well known from the state of the 
art, and concatenated with the following samples 950. The 
number of samples in the concealment 940 is optimized such 
as to maximize the matching between the concealment 910 
and the concatenation of 940 and the following samples 950. 

Advantageously, normalized correlation can be used as a 
measure of this matching. Further, to reduce computational 
complexity, the matching can for Voiced speech or voiced 
speech residual be limited to comprise one pitch period. In 
this case the concealment samples 940 can be obtained as a 
first part of a circular shift of one pitch period, and the corre 
lation measure over one pitch period now need not be nor 
malized. Hereby computations for calculation of the normal 
ization factor are avoided. As for the indexing and 
interpolation operation described earlier in this detailed 
description of preferred embodiments, the windows can again 
advantageously be a function of a matching quality indicator 
and/or a function of frequency and advantageously imple 
mented as a tapped delay line. The operation of the filter 970 
is as follows. The first L. samples resulting from the overlap 
add procedure are passed directly to its output, and used to set 
up the initial state of the filter. Thereafter the filter coefficients 
are initialized as described above, and as the filter filters from 
sample L+1 and forwards these coefficients are adjusted 
gradually, such as to gradually remove the L samples of delay, 
as disclosed above. 

Again, in the above described procedure, the method of 
optimizing the weights of the windows according to maxi 
mizing the matching criterion, as described above, applies, 
and also the generalization of the window functions to fre 
quency dependent weights and to matched filters in the form 
of tapped delay lines or other parametric filter forms. In 
advantageous embodiments the temporal evolution of the 
frequency dependent filter weight is obtained by a sequence 
of three overlap-add sequences, first fades down the conceal 
ment frame or frames from earlier frames, second fades up a 
filtered version of these with a filter such as to match the 
concealment frames from later frames obtained in reverse 
indexed time, then fades this down again, third fades up the 
frame or frames later in time. In another set of advantageous 
embodiments the temporal evolution of the frequency depen 
dent filter weight is obtained by a sequence of four overlap 
add sequences, first fades down the concealment frame or 
frames from earlier frames, second fades up a filtered version 
of these with a filter such as to match the concealment frames 
from laterframes obtained in reverse indexed time, then fades 
this down again, third fades up a filtered version of the frames 
later in time. Such as to further improve this match, and fades 
that down again, and finally fourth window fades up the frame 
orframes later in time. Further advantageous embodiments of 
weighted overlap-add methods are disclosed later in this 
description. 

Concerning the Smoothing and equalization operation 610 
in embodiments where residual-domain samples are used as a 
part of the information representative for the speech signal, 
Smoothing and equalization can advantageously be applied 
on this residual signal using pitch adapted filtering, such as a 
comb filter or a periodic notch filter. Furthermore, Wiener or 
Kalman filtering with a long-term correlation filter plus noise 
as a model for the unfiltered residual can advantageously be 
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applied. In this way of applying the Wiener or Kalman filter, 
the variance of the noise in the model applies to adjust the 
amount of Smoothing and equalization. This is a somewhat 
counterintuitive use, as this component is traditionally in 
Wiener and Kalman filtering theory applied to model the 
existence of an unwanted noise component. When applied in 
the present innovation the purpose is to set the level of 
Smoothing and equalization. As an alternative to pitch 
adapted comb or notch filtering and Wiener or Kalman type 
filtering, a third method is advantageously applied for 
Smoothing and equalization of residual signals in the context 
of the present innovation. By this third method, either sample 
amplitudes, as advantageously applied e.g. for unvoiced 
speech, or consecutive vectors of samples, as advantageously 
applied e.g. for Voiced speech, are made increasingly similar. 
Possible procedures for accomplishing this are outlined 
below for vectors of voiced speech and samples of unvoiced 
speech, respectively. 

For Voiced speech, consecutive samples of speech or 
residual are gathered in vectors with a number of samples in 
each vector equal to one pitch period. For convenience of 
description we here denote this vector as v(k). Now, the 
method obtains a remainder vector r(k) as a component of 
V(k) that could not by Some means be found in Surrounding 
vectors V(k-L1), V(k-L1+1), . . . . V(k-1) and V(k+1), 
V(k+2). . . . . . V(k+L2). For convenience of description, the 
component found in Surrounding vectors is denoted ack). The 
remainder vector r(k) is Subsequently manipulated in some 
linear or non-linear manner so as to reduce its audibility, 
while preserving naturalness of the resulting reconstructed 
vector, which is obtained by reinserting the componenta(k) in 
the manipulated version of r(k). 

This leads to the smoothed and equalized version of voiced 
speech or voiced residual speech. One simple embodiment of 
the above described principle, using for convenience matrix 
vector notation and for simplicity of example the notion of 
linear combining and least-squares to define a(k) is given 
below. This merely serves as one example of a single simple 
embodiment of the above general principle for Smoothing and 
equalization. 
For the purpose of this example, let the matrix M(k) be 
defined as 

From which a(k) can be calculated e.g. as the least-squares 
estimate of V(k) given M(k) 

where inv() denotes matrix inversion orpseudo inversion and 
trans() denotes matrix transposition. Now the remainder r(k) 
can be calculated e.g. by Subtraction. 

One example of manipulating r(k) is by clipping away 
peaks in this vector, e.g., such as to limit the maximum abso 
lute value of a sample to a level equal to the maximum 
amplitude of the r(k) vector closest to the starting point of the 
backward-forward concealment procedure, or to some factor 
times the amplitude of the sample at the same position in 
vector but in the vector closest to the starting point of the 
backward-forward concealment procedure. The manipulated 
remainder rm(k) is Subsequently combined with the ack) vec 
tor to reconstruct the equalized version of V(k), for conve 
nience here denoted by Ve(k). This combination can as one 
example be accomplished by simple addition: 
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The parameter alpha in this example can be set to 1.0 or can 
advantageously be selected to be Smaller than 1.0, one advan 
tageous choice for alpha is 0.8. 

For unvoiced speech, another Smoothing and equalization 
method can with advantage be used. One example of smooth 
ing and equalization for unvoiced speech calculates a poly 
nomial fit to amplitudes of residual signal in logarithmic 
domain. As an example, a second order polynomial and in log 
10 domain can be used. After converting the polynomial fit 
from logarithmic domain back to linear domain, the fitting 
curve is advantageously normalized to 1.0 at the point that 
corresponds to the starting point for the backward-forward 
procedure. Subsequently, the fitting curve is lower-limited, 
e.g., to 0.5, where after the amplitudes of the residual signal 
can be divided with the fitting curve such as to smoothly 
equalize out the variations in amplitude of the unvoiced 
residual signal. 

Concerning weighted overlap-add procedures, some but 
not all applications of which are disclosed earlier in this 
description, i.e., the indexing and interpolation operation 620 
and the method to initiate the input signal for the phase 
adjustment filtering 970, procedures may be performed as 
known by a person skilled in the art. However, in preferred 
embodiments of weighted overlap-add procedures, the meth 
ods disclosed in the following may advantageously used. 

In a simple embodiment of a weighted overlap-add proce 
dure modified in response to a matching quality indicator, we 
consider a first window multiplied with a first subsequence 
and a second window multiplied with a second Subsequence, 
and these two products enter into an overlap-add operation. 
Now, as an example, we let the first window be a taper-down 
window, such as a monotonically decreasing function, and we 
let the second window be a taper-up window. Such as a mono 
tonically increasing function. Secondly, for the purpose of a 
simple example, we let the second window be parameterized 
by a basic window shape times a scalar multiplier. We now 
define: target as said first Subsequence; W target as said first 
Subsequence sample-by-sample multiplied with said taper 
down window; W regressor as said second Subsequence 
sample-by-sample multiplied with said basic window shape 
for the taper-up window; and coef as said Scalar multiplier. 
Now the scalar multiplier component of the second window 
can be optimized such as to minimize a Summed squared error 
between target and the result of the overlap-add operation. 
Using for convenience a matrix-vector notation, the problem 
can beformulated as minimizing the Summed-squared differ 
ence between target and the quantity 

w target+w regressor coef 

Defining from here vectors T and Has 
T target-w target 

H=w regressor 

The Solution to this optimization is given as 
coef=inv(trans(H)*H)*trans(H)*T 

In which inv() denotes Scalar or matrix inversion, trans() 
denotes the transpose of a matrix or vector and * is matrix or 
vector multiplication. Now, as central components in the 
inventions disclosed herewith, this method can be expanded 
to optimize the actual shape of a window. One way to obtain 
this is as follows. We define a set of shapes for which the 
wanted window is obtained as a linear combination of ele 
ments in this set. We now define H such that each column of 
H is a shape from this set sample by sample multiplied with 
said second Subsequence, and we define coef as a column 
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vector containing the unknown weights of these shapes in the 
optimized window function. With these definitions, the above 
equations formulating the problem and its solution, now 
applies to Solving for a more general window shape. Natu 
rally, the role of the first and the second window can be 
interchanged in the above, such that it is now the first window 
for which optimization takes place. 
A more advanced embodiment of the present invention 

jointly optimizes both window shapes. This is made by defin 
ing a second set of basic window shapes, possibly equivalent 
with the first set of window shapes, and advantageously 
selected as a time reversed indexing of the samples in each of 
the window shapes in the first set of window shapes. Now 
define the W target as a matrix in which each column is a 
basic window shape from said second set of window shapes 
sample by sample multiplied with the first Subsequence and 
define coefas a column vector containing first the weights for 
the first window and second the weights for the second win 
dow. Then the more general problem can be formulated as 
minimizing the Summed-squared difference between the tar 
get and the quantity 

w target regressor coef 

where square brackets are used to form a matrix from 
sub-matrices or vectors. Now, defining from here vectors T 
and Has 

T-target 

H=(w targetw regressor 

The solution to this optimization is given as 

Further, a more advanced embodiment of the present 
invention optimizes not only instantaneous window shapes 
but windows with an optimized frequency dependent weight 
ing. One embodiment of this invention applies the form of a 
tapped delay line, though the general invention is by no means 
limited to this form. One way to accomplish this generaliza 
tion is to replace, in the definition of w target and w regres 
sor above, each column with a number of columns each 
sample by sample multiplying with the basic window shape 
corresponding to the column they replace but where this basic 
window shape is now sample by sample multiplied with the 
relevant Subsequence delayed corresponding to a specific 
position in a tapped delay line. 

Advantageously, optimizations of coefficients in these 
methods take into accounta weighting, constraint, or sequen 
tial calculation of the coefficients without deferring from the 
invention disclosed herewith. Such weightings may advanta 
geously include weighting towards more weight on coeffi 
cients corresponding to low absolute delay values. Such 
sequential calculation may advantageously calculate coeffi 
cients for low absolute delay values first, Such as to minimize 
the Sum of squared error using those coefficients only, and 
then Subsequently repeating this process for increasing delay 
values but only on the remaining error from the earlier steps in 
this process. 

In general, embodiments of this invention take several 
Subsequences as targets of the optimization. The optimization 
in general terms minimize a distortion function, which is a 
function of these target Subsequences and the output from the 
weighted overlap-add system. This optimization may without 
diverging from the present invention, apply various con 
straints on the selection of basic shapes and delays and their 
weighting in the overall overlap-add. Depending on the exact 
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selection of shapes, the effect of the overlap-add is advanta 
geously faded outgradually from Subsequences following the 
overlap-add region in time. 

FIG. 10 illustrates one embodiment of the disclosed over 
lap-add method. This figure is only for the purpose of illus 
trating one embodiment of this invention, as the invention is 
not limited to the exact structure in this figure. In FIG. 10, one 
subsequence 1000 enters the time and frequency shape opti 
mized overlap-add with another subsequence 1010. Each of 
these Subsequences enters a separate delay line, where in the 
figure, Z designates a time advance of one sample and Z-1 
designates a time delay of one sample, and where the selected 
delays of 1, -1, and 0 are purely for the purpose of illustration: 
other, more and less, delays can advantageously be used in 
connection with the present invention. Each delayed version 
of each subsequence is now multiplied with a number of base 
window shapes, and the result of each of these are multiplied 
with a coefficient to be found jointly with the other coeffi 
cients in the course of the optimization. After multiplication 
with these coefficients the resulting Subsequences are 
summed to yield the output 1020 from the time and frequency 
shape optimized overlap-add. The optimization 1030 of coef 
ficients takes, in the example of FIG. 10, subsequences 1040 
and 1050 as input, and minimize a distortion function, which 
is a function of 1040 and 1050 and the output 1020. 

In the claims reference signs to the figures are included for 
clarity reasons only. These references to exemplary embodi 
ments in the figures should not in any way be construed as 
limiting the scope of the claims. 
What is claimed is: 
1. A system for concatenating a first frame of samples and 

a subsequent second frame of samples in a digitized audio 
signal in a receiver, the system comprising: 

one or more processor, and 
one or more computer-readable memories, coupled to the 

one or more processors, comprising instructions execut 
able by the one or more processors to configure the 
system to: 

generate concealment samples from the Subsequent second 
frame of samples of the digitized audio signal; 

place the concealment samples in the signal Such that the 
second frame follows the concealment samples; 

initialize a parametric all pass filter in the receiver based on 
said concealment samples, thereby initializing filter 
coefficients of the parametric all pass filter; and 

concurrently apply the parametric all pass filter to at least 
part of samples in at least two consecutive frames, so as 
to minimize a discontinuity at a boundary between the 
first and second frames of samples. 

2. The system of claim 1, wherein the at least two consecu 
tive frames are said first and second Subsequent frames. 

3. The system of claim 1, wherein the parametric all pass 
filter is applied to at least part of the samples in at least the 
second frame and to at least part of samples in at least one 
frame consecutive to the second frame. 

4. The system of claim 2, wherein the parametric all pass 
filter is applied to at least part of the samples in at least the 
second frame and to at least part of samples in at least two 
frames consecutive to the second frame. 

5. The system of claim 1, wherein the parametric all pass 
filter is applied to at least part of the samples in at least the first 
frame and to at least part of samples in at least one frame 
preceding the first frame. 

6. The system of claim 5, wherein the parametric all pass 
filter is applied to at least part of the samples in at least the first 
frame and to at least part of samples in at least two frames 
preceding the first frame. 
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7. The system of claim 1, wherein the parametric all pass 

filter includes modifying a phase of a Subsequence of at least 
one sample by a radian phase value of pi. 

8. The system of claim 1, wherein the parametric all pass 
filter includes between 1 and 20 non-zero coefficients. 

9. The system of claim 1, wherein the parametric all pass 
filter is time-varying wherein the parametric all pass filter is 
time-varying Such that a response of the parametric all pass 
filter approximates a Zero phase at a finite number of samples 
away from the boundary between the first and second frames. 

10. The system of claim 1, wherein a number of samples 
included from at least one of said concealment samples is 
selected to maximize a matching measure, wherein the 
matching measure includes a correlation. 

11. The system of claim 10, wherein the correlation is a 
normalized correlation. 

12. The system of claim 1, wherein for the generation 
concealment samples, the system is further configured to: 

determine a mode based on a voicing indicator. 
13. The system of claim 12, the system is further config 

ured to: 
based on the mode, initiate a reversion of a temporal evo 

lution of the signal samples. 
14. The system of claim 13, wherein the system is further 

configured to determine a criteria that is usable to determine 
to stop the reversion of the temporal evolution. 

15. A receiver device for concatenating a first frame of 
samples and a Subsequent second frame of samples in a digi 
tized audio signal comprising: 

a processor; 
one or more memories, coupled to the processor, compris 

ing instructions executable by the processor to perform 
operations comprising: 

receiving the signal comprising the first frame of samples 
and the Subsequent second frame of samples; 

generating concealment samples from the Subsequent sec 
ond frame of samples of the digitized audio signal; 

placing the concealment samples in the signal Such that the 
second frame follows the concealment samples; 

initializing a parametric all pass filter in the receiver based 
on said concealment samples, thereby initializing filter 
coefficients of the parametric all pass filter; and 

concurrently applying the parametric all pass filter to at 
least part of samples in at least two consecutive frames, 
So as to minimize a discontinuity at a boundary between 
the first and second frames of samples. 

16. The device of claim 15, wherein the at least two con 
secutive frames are said first and second Subsequent frames. 

17. The device of claim 15, wherein the parametric all pass 
filter is applied to at least part of the samples in at least the 
second frame and to at least part of samples in at least one 
frame consecutive to the second frame. 

18. A method for concatenating a first frame of samples and 
a Subsequent second frame of samples in a digitized audio 
signal in a receiver, the method comprising: 

generating concealment samples from the Subsequent sec 
ond frame of samples of the digitized audio signal; 

placing the concealment samples in the signal Such that the 
second frame follows the concealment samples; 

initializing a parametric all pass filter in the receiver based 
on said concealment samples, thereby initializing filter 
coefficients of the parametric all pass filter; and 

concurrently applying the parametric all pass filter to at 
least part of samples in at least two consecutive frames, 
So as to minimize a discontinuity at a boundary between 
the first and second frames of samples. 
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19. The method of claim 18, wherein the at least two 
consecutive frames are said first and second Subsequent 
frames. 

20. The method of claim 18, wherein the parametric all 
pass filter is applied to at least part of the samples in at least 5 
the second frame and to at least part of samples in at least one 
frame consecutive to the second frame. 
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