
WO 21)1)61130236 PCTIUS211116/11131111) ROBUST DECODER
TECHNICAL FIELD Described tools and techniques relate to audio
codecs, and particularly to  techniques for dealing with delayed or lost
encoded audio information. 5 BACKGROUND  With the emergence of
digital wireless telephone networks, streaming audio over  the Internet,
and Internet telephony, digital processing and delivery of speech has
become  commonplace. Engineers use a variety of techniques to process
speech efficiently while  still maintaining quality. To understand these
techniques, it helps to understand how audio  10 information is
represented and processed in a computer. 1. Representation of Audio
Information in a Computer A computer processes audio information as a
series of numbers representing the  audio. A single number can represent
an audio sample, which is an amplitude value at a  particular time. Several
factors affect the quality of the audio, including sample depth and  15
sampling rate. Sample depth (or precision) indicates the range of numbers
used to represent a  sample. More possible values for each sample
typically yields higher quality output  because more subtle variations in
amplitude can be represented. An eight-bit sample has  256 possible
values, while a sixteen-bit sample has 65,536 possible values. 20 The
sampling rate (usually measured as the number of samples per second)
also  affects quality. The higher the sampling rate, the higher the quality
because more  frequencies of sound can be represented. Some common
sampling rates are 8,000, 11,025,  22,050, 32,000, 44,100, 48,000, and
96,000 samples/second (Hz). Table 1 shows several  formats of audio
with different quality levels, along with corresponding raw bit rate costs.
Sample Depth Sampling Rate Channel Raw Bit Rate  (bits/sample)
(samples/second) Mode (bits/second)  8 8,000 mono 64,000  8 11,025
mono 88,200  16 44,100 stereo 1,411,200 25 Table 1: Bit rates for
different quality audio As Table I shows, the cost of high quality audio is
high bit rate. High quality  audio information consumes large amounts of
computer storage and transmission capacity.  Many computers and
computer networks lack the resources to process raw digital audio.
Compression (also called encoding or coding) decreases the cost of
storing and 



30 transmitting audio information by converting the information into a
lower bit rate form.  1 WO 21)1)61130236 PCTIUS211116/11131111)
Compression can be lossless (in which quality does not suffer) or lossy (in
which quality  suffers but bit rate reduction from subsequent lossless
compression is more dramatic).  Decompression (also called decoding)
extracts a reconstructed version of the original  information from the
compressed form. A codec is an encoder/decoder system. 5 II. Speech
Encoders and Decoders One goal of audio compression is to digitally
represent audio signals to provide  maximum signal quality for a given
amount of bits. Stated differently, this goal is to  represent the audio
signals with the least bits for a given level of quality. Other goals such  as
resiliency to transmission errors and limiting the overall delay due to 10
encoding/transmission/decoding apply in some scenarios. Different kinds
of audio signals have different characteristics. Music is  characterized by
large ranges of frequencies and amplitudes, and often includes two or
more channels. On the other hand, speech is characterized by smaller
ranges of  frequencies and amplitudes, and is commonly represented in a
single channel. Certain 15 codecs and processing techniques are adapted
for music and general audio; other codecs  and processing techniques are
adapted for speech. One type of conventional speech codes uses linear
prediction to achieve  compression. The speech encoding includes
several stages. The encoder finds and  quantizes coefficients for a linear
prediction filter, which is used to predict sample values 20 as linear
combinations of preceding sample values. A residual signal (represented
as an  "excitation" signal) indicates parts of the original signal not
accurately predicted by the  filtering. At some stages, the speech codec
uses different compression techniques for  voiced segments
(characterized by vocal chord vibration), unvoiced segments, and silent
segments, since different kinds of speech have different characteristics.
Voiced segments 25 typically exhibit highly repeating voicing patterns,
even in the residual domain. For  voiced segments, the encoder achieves
further compression by comparing the current  residual signal to previous
residual cycles and encoding the current residual signal in terms  of delay
or lag information relative to the previous cycles. The encoder handles
other  discrepancies between the original signal and the predicted,
encoded representation (from 30 the linear prediction and delay
information) using specially designed codebooks.  Although some speech
codecs described above have good overall performance for  many
applications, they have several drawbacks. In particular, several
drawbacks surface  



when the speech codecs are used in conjunction with dynamic network
resources. In such  2 WO 21)1)61130236 PCTIUS211116/11131111)
scenarios, encoded speech may be lost because of a temporary
bandwidth shortage or other problem. A. Ineffective Concealment
Techniques When one or more packets of encoded speech are missing,
such as by where they  5 are lost, delayed, corrupted or otherwise made
unusable in transit or elsewhere, decoders  often attempt to conceal the
missing packets in some mariner. For example, some  decoders simply
repeat packets that have already been received. If there are significant
losses of packets, however, this technique can quickly result in degraded
quality of the  decoded speech output. 10 Some codecs use more
sophisticated concealment techniques, such as the  waveform similarity
overlap-add method ("WSOLA"). This technique extends the  decoded
audio signal to conceal missing packets by generating new pitch cycles
through  weighted averages of existing pitch cycles. This method can be
more effective in  concealing missing packets than merely repeating
earlier packets. However, it may not be 15 ideal for all situations.
Moreover, it can produce undesirable sound effects (such as a
mechanical or ringing sound), if it is used to extend a signal for too long.
Additionally, many frames depend on memory of decoded characteristics
of previous frames (such as excitation signal history) for decoding. When
such memory does  not exist (as where the packets that would have been
used to produce the memory are lost,  20 delayed, etc.), the signal quality
may be degraded even for the received frames that follow  missing
frames. B. Inefficient or Ineffective Desired Packet Delay Calculations As
packets of encoded audio information are being transported to a decoder
application, each packet may experience a different delay due to, for
example, network 25 variations. This can also result in packets arriving in
a different order than they were sent.  An application or decoder may
calculate delay statistics to determine a desired decoder  buffer delay that
is expected to be long enough to allow a sufficient number of packets to
arrive at the decoder in time to be decoded and used. Of course, a
countervailing concern  may be overall delay in the system, especially for
real-time, interactive applications such  30 as telephony. One approach to
calculating the optimal delay is to look at the maximum delay of  previous
packets and use that delay value as a guide. The delay of a packet is
typically  



determined by calculating the difference between a sent time stamp
applied on the encoder  side when the packet is sent and a received time
stamp applied on the decoder side when 3 WO 21)1)61130236
PCTIUS211116/11131111)  the packet is received. However, sometimes
outliers may exist, causing the system to  adapt to unrepresentative
packets. In addition, it is sometimes better to let a few packets  arrive too
late (and be missed) than to impose a delay long enough to receive those
outlier,  late packets. 5 One alternative is calculating the desired delay
based on formulas such as running  averages, and running variance
calculations. However, many parameters need to be  optimized in such
calculations, and it is difficult to find the right tradeoff between  calculation
and response speed on the one hand, and basing the calculations on a
representative population of history values on the other hand. 10 Another
approach is to directly analyze the packet delay distribution. For example,
a histogram of packet delays may be maintained. The width of a bin in the
delay time  histogram represents the desired accuracy with which the
optimal delay will be calculated.  Decreasing the bin size improves the
accuracy. The shape of the histogram approximately  mirrors the
underlying packet delay distribution. 15 When a new packet arrives, the
packet delay is mapped to the corresponding bin  and the count of the
packets that fall into that bin is incremented. To reflect the age of  some
old packets, counts in all other bins are scaled down in a process called
"aging." To  find the new desired delay, the decoder sets a desired loss
rate. Typical values range  between one percent and five percent. The
histogram is analyzed to determine the value 20 of the desired delay that
is needed to achieve the desired loss. One problem with this  approach is
that some parameters need to be tuned, such as bin width, and aging
factors.  In addition, all old packets are treated similarly in the aging
process, and the aging  approach itself plays an overly significant role in
the overall performance of the technique.  In addition, a clock-drift
situation may occur. Clock drift occurs when the clock rates of 25 different
devices are not the same. If clock drift occurs between encoder-side
devices that  apply sent time stamps and decoder-side devices that apply
received time stamps, the  overall delay has either a positive or a negative
trend. This can cause the histogram to  drift along the delay timeline even
when the histogram should be static. SUMMARY  30 In summary, the
detailed description is directed to various techniques and tools for  audio
codecs and specifically to tools and techniques related to techniques for
dealing with  



audio information that is missing for any reason. Described embodiments
implement one  or more of the described techniques and tools including,
but not limited to, the following: 4 WO 21)1)61130236
PCTIUS211116/11131111)  In one aspect, if one or more missing frames
is encountered while processing a bit stream for an audio signal, then a
concealment technique is selected from among multiple  available
signal-dependent concealment techniques based at least in part on one or
more  factors. The selected concealment technique is performed and a
result is output. 5 In another aspect, when encountering one or more
frames missing from a bit  stream for an audio signal, a concealment
signal based at least in part on pitch cycles in  one or more previous
frames is generated, including introducing pitch jitter. In another aspect,
one or more frames missing from a bit stream for an audio signal  is
encountered and a concealment signal is produced. A subsequent frame
is encountered  10 that relies at least in part on information from the one
or more missing frames for decoding. Substitute infonnation from the
concealment signal is produced and relied on in  place of the information
from the one or more missing frames to decode the subsequent  frame. In
another aspect, a bit stream for an audio signal is processed. When one
or more  15 frames missing from the bit stream is encountered, then the
processing includes generating  a concealment signal including an
extension signal contribution based at least in part on  one or more values
associated with an available frame, and, after a threshold duration of  the
concealment signal, adding a noise contribution to the concealment
signal. When  encountering the one or more missing frames from the bit
stream, the processing may 20 further include gradually decreasing
energy of the extension signal contribution along at  least part of the audio
signal, and gradually increasing energy of the noise contribution  along the
at least part of the audio signal. Moreover, gradually decreasing the
energy of  the extension signal contribution may include gradually
decreasing the energy until the  extension signal is imperceptible. Also,
the energy of the extension signal contribution 25 may be gradually
decreased and the energy of the noise contribution may be gradually
increased until the concealment signal consists essentially of a
predetermined level of  background noise. In another aspect, a bit stream
for an audio signal is processed. When  encountering one or more missing
frames from the bit stream, the processing includes  30 identifying plural
available segments from an available frame, and for each of the plural
available segments, using one or more characteristics of the available
segment to generate  



a derived segment. A merged signal is formed using the plural available
segments and the  plural derived segments. The available frame may be
an unvoiced frame, and the one or  more characteristics may include
energy of the available segment. The plural available 5 WO
21)1)61130236 PCTIUS211116/11131111)  segments may include first
and second available segments, the plural derived segments  may include
first and second derived segments, and forming the merged signal may
include merging the first available segment with the first derived segment,
merging the  first derived segment with the second derived segment, and
merging the second derived 5 segment with the second available
segment. The plural available segments may include  more than two
available segments, and the plural derived segments may include more
than  two derived segments. Also, the processing may further include
using the merged  segment in place of the available frame and the one or
more missing frames. In another aspect, a data structure is maintained.
The data structure includes a set  10 of plural nodes that correspond to
packets in a set of received packets. Each node of the  set of plural nodes
includes a delay value for receipt of a corresponding packet of the set  of
received packets, a higher value pointer that points to a node of the set of
plural nodes  with a next higher delay value, and a lower value pointer that
points to a node of the set of  plural nodes with a next lower delay value. A
desired decoder packet delay value is 15 determined based at least in
part on the data structure. When a new packet is received,  maintaining
the data structure may include replacing a delay value of an oldest packet
out  of the set of received packets with a delay value of the new packet,
updating the high  value pointer of one or more nodes of the set of plural
nodes, and updating the low value  pointer of one or more nodes of the
set of plural nodes. Moreover, detennining the desired 20 decoder packet
delay value may include locating a node of the set of plural nodes
comprising a maximum delay value, searching nodes of the set of plural
nodes with  successively lower delay values until a desired number of
nodes has been searched, and  using the delay value of the last node to
be searched as a desired packet delay for the  decoder. Also, the desired
number of nodes may correspond to a predetermined desired  25 packet
loss rate. The various techniques and tools can be used in combination or
independently.  Additional features and advantages will be made apparent
from the following  detailed description of different embodiments that
proceeds with reference to the  accompanying drawings. 30 BRIEF
DESCRIPTION OF THE DRAWINGS 



Figure 1 is a block diagram of a suitable computing environment in which
one or  more of the described embodiments may be implemented. Figure
2 is a block diagram of a network environment in conjunction with which
one or more of the described embodiments may be implemented. 6 WO
21)1)61130236 PCTIUS211116/11131111)  Figure 3 is a block diagram of
a real-time speech frame encoder in conjunction with which one or more
of the described embodiments may be implemented. Figure 4 is a flow
diagram depicting the determination of codebook parameters in  one
implementation. 5 Figure 5 is a block diagram of a real-time speech frame
decoder in conjunction  with which one or more of the described
embodiments maybe implemented. Figure 6 is a block diagram depicting
the general flow of audio information in an  example decoder-side VoIP
system. Figure 7 is a block diagram depicting the buffering of samples in
an example  10 decoder-side buffering technique. Figure 8 is a graph of
an example packet delay distribution.  Figure 9 is a diagram of an
example packet delay data structure. Figure 10 is a flow diagram depicting
an example of determining an appropriate  concealment technique. 15
Figure 11 is a schematic diagram illustrating a technique for concealing
missing  unvoiced audio information. Figure 12 is a flow diagram depicting
an example of a decoder memory recovery  technique. DETAILED
DESCRIPTION 20 Described embodiments are directed to techniques
and tools for processing audio  information in encoding and/or decoding.
With these techniques the quality of speech  derived from a speech
codec, such as a real-time speech codec, is improved. Such
improvements may result from the use of various techniques and tools
separately or in  combination. 25 Such techniques and tools may include
choosing a concealment technique based on  characteristics of the audio
signal and/or using pitch jittering in conjunction with pitch  extension
concealment techniques. The techniques may also include encoding
some or all  of a signal resulting from concealment techniques and using
the encoded information to  regenerate the memory used for decoding
future packets. Additionally, the techniques 



30 may include calculating a desired packet delay value using a data
structure adapted for  tracking and ordering packet delays. Although
operations for various techniques are described in a particular, sequential
order for the sake of presentation, it should be understood that this
manner of description  encompasses minor rearrangements in the order of
operations, unless a particular ordering  7 WO 21)1)61130236
PCTIUS211116/11131111)  is required. For example, operations
described sequentially may in some cases be  rearranged or performed
concurrently. Moreover, for the sake of simplicity, flowcharts  may not
show the various ways in which particular techniques can be used in
conjunction  with other techniques. 5 While particular computing
environment features and audio codes features are  described below, one
or more of the tools and techniques may be used with various  different
types of computing environments and/or various different types of codecs.
For  example, one or more of the robust decoder techniques may be used
with coders that do  not use the CELP coding model, such as adaptive
differential pulse code modulation 10 coders, transorm coders and/or
other types of codecs. As another example, one or more  of the robust
decoder techniques may be used with single band codecs or sub-band
codecs.  As another example, one or more of the robust decoder
techniques may be applied to a  single band of a multi-band codes and/or
to a synthesized or unencoded signal including  contributions of multiple
bands of a multi-band codec. 15 I. Computing Environment Figure 1
illustrates a generalized example of a suitable computing environment
(100) in which one or more of the described embodiments may be
implemented. The  computing environment (100) is not intended to
suggest any limitation as to scope of use  or functionality of the invention,
as the present invention may be implemented in diverse 20
general-purpose or special-purpose computing environments. With
reference to Figure 1, the computing environment (100) includes at least
one  processing unit (110) and memory (120). In Figure 1, this most basic
configuration (130)  is included within a dashed line. The processing unit
(110) executes computer-executable  instructions and may be a real or a
virtual processor. In a multi-processing system, 25 multiple processing
units execute computer-executable instructions to increase processing
power. The memory (120) may be volatile memory (e.g., registers, cache,
RAM), non- volatile memory (e.g., ROM, EEPROM, flash memory, etc.),
or some combination of the  two. The memory (120) stores software (180)
implementing techniques such as signal- 



dependent concealment, pitch j ittering, decoder memory recovery, and/or
linked-list 30 packet delay calculations. A computing environment (100)
may have additional features. In Figure 1, the  computing environment
(100) includes storage (140), one or more input devices (150), one  or
more output devices (160), and one or more communication connections
(170). An  interconnection mechanism (not shown) such as a bus,
controller, or network interconnects 8 WO 21)1)61130236
PCTIUS211116/11131111)  the components of the computing
environment (100). Typically, operating system  software (not shown)
provides an operating environment for other software executing in  the
computing environment (100), and coordinates activities of the
components of the  computing environment (100). 5 The storage (140)
may be removable or non-removable, and may include magnetic  disks,
magnetic tapes or cassettes, CD-ROMs, CD-RWs, DVDs, or any other
medium  which can be used to store information and which can be
accessed within the computing  environment (100). The storage (140)
stores instructions for the software (180). The input device(s) (150) may
be a touch input device such as a keyboard, mouse,  10 pen, or trackball,
a voice input device, a scanning device, network adapter, or another
device that provides input to the computing environment (100). For audio,
the input  device(s) (150) may be a sound card, microphone or other
device that accepts audio input  in analog or digital form, or a CD/DVD
reader that provides audio samples to the  computing environment (100).
The output device(s) (160) maybe a display, printer, 15 speaker,
CD/DVD-writer, network adapter, or another device that provides output
from  the computing environment (100). The communication connection(s)
(170) enable communication over a  communication medium to another
computing entity. The communication medium  conveys information such
as computer-executable instructions, compressed speech 20 information,
or other data in a modulated data signal. A modulated data signal is a
signal  that has one or more of its characteristics set or changed in such a
manner as to encode  information in the signal. By way of example, and
not limitation, communication media  include wired or wireless techniques
implemented with an electrical, optical, RF, infrared,  acoustic, or other
carrier. 25 The invention can be described in the general context of
computer-readable media.  Computer-readable media are any available
media that can be accessed within a  computing environment. By way of
example, and not limitation, with the computing  



environment (100), computer-readable media include memory (120),
storage (140),  communication media, and combinations of any of the
above. 30 The invention can be described in the general context of
computer-executable  instructions, such as those included in program
modules, being executed in a computing  environment on a target real or
virtual processor. Generally, program modules include  routines,
programs, libraries, objects, classes, components, data structures, etc.
that  perform particular tasks or implement particular abstract data types.
The functionality of 9 WO 21)1)61130236 PCTIUS211116/11131111)  the
program modules may be combined or split between program modules as
desired in  various embodiments. Computer-executable instructions for
program modules may be  executed within a local or distributed computing
environment. For the sake of presentation, the detailed description uses
terms like "determine,"  5 "generate," "adjust," and "apply" to describe
computer operations in a computing  environment. These terms are
high-level abstractions for operations performed by a  computer, and
should not be confused with acts performed by a human being. The actual
computer operations corresponding to these terms vary depending on
implementation. H. Generalized Network Environment and Real-time
Speech Codec 10 Figure 2 is a block diagram of a generalized network
environment (200) in  conjunction with which one or more of the described
embodiments may be implemented.  A network (250) separates various
encoder-side components from various decoder-side  components. The
primary functions of the encoder-side and decoder-side components are
15 speech encoding and decoding, respectively. On the encoder side, an
input buffer (210)  accepts and stores speech input (202). The speech
encoder (230) takes speech input (202)  from the input buffer (210) and
encodes it. Specifically, a frame splitter (212) splits the samples of the
speech input (202) into  frames. In one implementation, the frames are
uniformly 20 ms long - 160 samples for  20 eight kHz input and 320
samples for sixteen kHz input. In other implementations, the frames have
different durations, are non-uniform or overlapping, and/or the sampling
rate  of the input (202) is different. The frames may be organized in a
super-frame/frame,  frame/sub-frame, or other configuration for different
stages of the encoding and decoding. A frame classifier (214) classifies
the frames according to one or more criteria,  25 such as energy of the
signal, zero crossing rate, long-term prediction gain, gain  differential,
and/or other criteria for sub-frames or the whole frames. Based upon the  



criteria, the frame classifier (214) classifies the different frames into
classes such as silent,  unvoiced, voiced, and transition (e.g., unvoiced to
voiced). Additionally, the frames may  be classified according to the type
of redundant coding, if any, that is used for the frame. 30 The frame class
affects the parameters that will be computed to encode the frame. In
addition, the frame class may affect the resolution and loss resiliency with
which  parameters are encoded, so as to provide more resolution and loss
resiliency to more  important frame classes and parameters. For example,
silent frames are typically coded at  very low rate, are very simple to
recover by concealment if lost, and may not need 10 WO 21)1)61130236
PCTIUS211116/11131111)  protection against loss. Unvoiced frames
typically are coded at slightly higher rate, are  reasonably simple to
recover by concealment if lost, and are not significantly protected  against
loss, Voiced and transition frames are usually encoded with more bits,
depending  on the complexity of the frame as well as the presence of
transitions. Voiced and 5 transition frames are also difficult to recover if
lost, and so are more significantly  protected against loss. Alternatively,
the frame classifier (214) uses other and/or  additional frame classes. In
Figure 2, each frame is encoded, as by a frame encoding component
(232). Such frame  encoding is described in more detail below with
reference to Figure 3. The resulting 10 encoded speech is provided to
software for one or more networking layers (240) through a  multiplexer
("MUX') (236). The networking layer(s) (240) process the encoded speech
for transmission over the network (250). For example, the network layer
software  packages frames of encoded speech information into packets
that follow the RTP protocol,  which are relayed over the Internet using
UDP, IP, and various physical layer protocols. 15 Alternatively, other
and/or additional layers of software or networking protocols are used.  The
network (250) is a wide area, packet-switched network such as the
Internet.  Alternatively, the network (250) is a local area network or other
kind of network. On the decoder side, software for one or more networking
layers (260) receives  and processes the transmitted data. The network,
transport, and higher layer protocols and  20 software in the decoder-side
networking layer(s) (260) usually correspond to those in the encoder-side
networking layer(s) (240). The networking layer(s) provide the encoded
speech information to the speech decoder (270) through a demultiplexer
("DEMUX")  (276). The decoder (270) decodes each frame, as is depicted
in decoding module (272).  25 The decoded speech output (292) may also
be passed through one or more post-filters  



(284) to improve the quality of the resulting filtered speech output (294).
One generalized real-time speech frame decoder is described below with
reference  to Figure 5, but other speech decoders may instead be used.
Additionally, some or all of  the described tools and techniques may be
used with other types of audio encoders and 30 decoders, such as music
encoders and decoders, or general-purpose audio encoders and
decoders. Aside from these primary encoding and decoding functions, the
components may  also share information (shown in dashed lines in Figure
2) to control the rate, quality,  and/or loss resiliency of the encoded
speech. The rate controller (220) considers a variety 11 WO
21)1)61130236 PCTIUS211116/11131111)  of factors such as the
complexity of the current input in the input buffer (210), the buffer  fullness
of output buffers in the encoder (230) or elsewhere, desired output rate,
the  current network bandwidth, network congestion/noise conditions
and/or decoder loss rate.  The decoder (270) feeds back decoder loss rate
information to the rate controller (220). 5 The networking layer(s) (240,
260) collect or estimate information about current network  bandwidth and
congestion/noise conditions, which is fed back to the rate controller (220).
Alternatively, the rate controller (220) considers other and/or additional
factors. The rate controller (220) directs the speech encoder (230) to
change the rate,  quality, and/or loss resiliency with which speech is
encoded. The encoder (230) may  10 change rate and quality by adjusting
quantization factors for parameters or changing the resolution of entropy
codes representing the parameters. Additionally, the encoder may
change loss resiliency by adjusting the rate or type of redundant coding.
Thus, the encoder  (230) may change the allocation of bits between
primary encoding functions and loss  resiliency functions depending on
network conditions. Alternatively, the rate is controlled 15 in some other
manner, such as where the encoder operates at a fixed rate. Figure 3 is a
block diagram of a generalized speech frame encoder (300) in
conjunction with which one or more of the described embodiments may be
implemented.  The frame encoder (300) generally corresponds to the
frame encoding component (232) in  Figure 2. The frame encoder (300)
accepts the frame input (302) from the frame splitter  20 and produces
encoded frame output (392). The LP analysis component (330) computes
linear prediction coefficients (332). In  one implementation, the LP filter
uses ten coefficients for eight kHz input and sixteen  coefficients for
sixteen kHz input, and the LP analysis component (330) computes one set
of linear prediction coefficients per frame. Alternatively, the LP analysis
component 



25 (330) computes two sets of coefficients per frame, one for each of two
windows centered  at different locations, or computes a different number
of coefficients per frame. The LPC processing component (335) receives
and processes the linear prediction  coefficients (332). Typically, the LPC
processing component (335) converts LPC values  to a different
representation for more efficient quantization and encoding. For example,
30 the LPC processing component (335) converts LPC values to a line
spectral pair (LSP)  representation, and the LSP values are quantized
(such as by vector quantization) and  encoded. The LSP values may be
intra coded or predicted from other LSP values. Various representations,
quantization techniques, and encoding techniques are possible for  LPC
values. The LPC values are provided in some form as part of the encoded
frame 12 WO 21)1)61130236 PCTIUS211116/11131111)  output (392) for
packetization and transmission (along with any quantization parameters
and other information needed for reconstruction). For subsequent use in
the encoder (300), the LPC processing component (335) reconstructs the
LPC values. The LPC  processing component (335) may perform
interpolation for LPC values (such as 5 equivalently in LSP representation
or another representation) to smooth the transitions  between different
sets of LPC coefficients, or between the LPC coefficients used for
different sub-frames of frames. The synthesis (or "short-term prediction")
filter (340) accepts reconstructed LPC  values (338) and incorporates
them into the filter. The synthesis filter (340) receives an  10 excitation
signal and produces an approximation of the original signal. For a given
frame, the synthesis filter (340) may buffer a number of reconstructed
samples (e.g., ten for a ten- tap filter) from the previous frame for the start
of the prediction. The perceptual weighting components (350, 355) apply
perceptual weighting to the  original signal and the modeled output of the
synthesis filter (340) so as to selectively de- 15 emphasize the formant
structure of speech signals to make the auditory systems less sensitive to
quantization errors. The perceptual weighting components (350, 355)
exploit  psychoacoustic phenomena such as masking. In one
implementation, the perceptual  weighting components (350, 355) apply
weights based on the original LPC values (332)  received from the LP
analysis component (330). Alternatively, the perceptual weighting 20
components (350, 355) apply other and/or additional weights. Following
the perceptual weighting components (350, 355), the encoder (300)
computes the difference between the perceptually weighted original signal
and  perceptually weighted output of the synthesis filter (340) to produce a
difference signal  



(334). Alternatively, the encoder (300) uses a different technique to
compute the speech  25 parameters. The excitation parameterization
component (360) seeks to find the best  combination of adaptive
codebook indices, fixed codebook indices and gain codebook  indices in
terms of minimizing the difference between the perceptually weighted
original  signal and synthesized signal (in terns of weighted mean square
error or other criteria). 30 Many parameters are computed per sub-frame,
but more generally the parameters may be  per super-frame, frame, or
sub-frame. Table 2 shows the available types of parameters for  different
frame classes in one implementation. 13 WO 2006/130236
PCT/US2006/013010  Frame class Parameter(s) Silent Class information;
LSP; gain (per frame, for generated noise)  Unvoiced Class information;
LSP; pulse, random, and gain codebook parameters  (per sub-frame)
Voiced Class information; LSP; adaptive, pulse, random, and gain
codebook  Transition parameters (per sub-frame) Table 2: Parameters for
different frame classes In Figure 3, the excitation parameterization
component (360) divides the frame  into sub-frames and calculates
codebook indices and gains for each sub-frame as  appropriate. For
example, the number and type of codebook stages to be used, and the 5
resolutions of codebook indices, may initially be determined by an
encoding mode, where  the mode is dictated by the rate control
component discussed above. A particular mode  may also dictate
encoding and decoding parameters other than the number and type of
codebook stages, for example, the resolution of the codebook indices.
The parameters of  each codebook stage are determined by optimizing
the parameters to minimize error 10 between a target signal and the
contribution of that codebook stage to the synthesized  signal. (As used
herein, the term "optimize" means finding a suitable solution under
applicable constraints such as distortion reduction, parameter search time,
parameter  search complexity, bit rate of parameters, etc., as opposed to
performing a full search on  the parameter space. Similarly, the term
"minimize" should be understood in terms of 15 finding a suitable solution
under applicable constraints.) For example, the optimization  can be done
using a modified mean-square error technique. The target signal for each
stage is the difference between the residual signal and the sum of the
contributions of the  previous codebook stages, if any, to the synthesized
signal. Alternatively, other  



optimization techniques may be used. 20 Figure 4 shows a technique for
determining codebook parameters according to one  implementation. The
excitation parameterization component (360) performs the  technique,
potentially in conjunction with other components such as a rate controller.
Alternatively, another component in an encoder performs the technique.
Referring to Figure 4, for each sub-frame in a voiced or transition frame,
the  25 excitation parameterization component (360) determines (410)
whether an adaptive  codebook may be used for the current sub-frame.
(For example, the rate control may  dictate that no adaptive codeboolc is
to be used for a particular frame.) If the adaptive  codebook is not to be
used, then an adaptive codebook switch will indicate that no  adaptive
codebooks are to be used (435). For example, this could be done by
setting a 14 WO 2006/130236 PCT/US2006/013010  one-bit flag at the
frame level indicating no adaptive codebooks are used in the frame, by
specifying a particular coding mode at the frame level, or by setting a
one-bit flag for each  sub-frame indicating that no adaptive codebook is
used in the sub-frame. Referring still to Figure 4, if an adaptive codebook
may be used, then the 5 component (360) determines adaptive codebook
parameters. Those parameters include an  index, or pitch value, that
indicates a desired segment of the excitation signal history, as  well as a
gain to apply to the desired segment. In Figures 3 and 4, the component
(360)  performs a closed loop pitch search (420). This search begins with
the pitch determined  by the optional open loop pitch search component
(325) in Figure 3. An open loop pitch 10 search component (325) analyzes
the weighted signal produced by weighting component  (350) to estimate
its pitch. Beginning with this estimated pitch, the closed loop pitch  search
(420) optimizes the pitch value to decrease the error between the target
signal and  the weighted synthesized signal generated from an indicated
segment of the excitation  signal history. The adaptive codebook gain
value is also optimized (425). The adaptive 15 codebook gain value
indicates a multiplier to apply to the pitch-predicted values (the  values
from the indicated segment of the excitation signal history), to adjust the
scale of  the values. The gain multiplied by the pitch-predicted values is
the adaptive codebook  contribution to the excitation signal for the current
frame or sub-frame. The gain  optimization (425) and the closed loop pitch
search (420) produce a gain value and an 20 index value, respectively,
that minimize the error between the target signal and the  weighted
synthesized signal from the adaptive codebook contribution. If the
component (360) determines (430) that the adaptive codebook is to be
used,  



then the adaptive codebook parameters are signaled (440) in the bit
stream. If not, then it  is indicated that no adaptive codebook is used for
the sub-frame (435), such as by setting a 25 one-bit sub-frame level flag,
as discussed above. This determination (430) may include  determining
whether the adaptive codebook contribution for the particular sub-frame is
significant enough to be worth the number of bits required to signal the
adaptive codebook  parameters. Alternatively, some other basis may be
used for the determination. Moreover, although Figure 4 shows signaling
after the determination, alternatively, signals  30 are batched until the
technique finishes for a frame or super-frame. The excitation
parameterization component (360) also determines (450) whether a  pulse
codeboolc is used. The use or non-use of the pulse codeboolc is indicated
as part of  an overall coding mode for the current frame, or it may be
indicated or determined in other  ways. A pulse codebook is a type of fixed
codebook that specifies one or more pulses to  15 WO 21)1)61130236
PCTIUS211116/11131111)  be contributed to the excitation signal. The
pulse codebook parameters include pairs of  indices and signs (gains can
be positive or negative). Each pair indicates a pulse to be  included in the
excitation signal, with the index indicating the position of the pulse and the
sign indicating the polarity of the pulse. The number of pulses included in
the pulse 5 codebook and used to contribute to the excitation signal can
vary depending on the coding  mode. Additionally, the number of pulses
may depend on whether or not an adaptive  codebook is being used. If the
pulse codebook is used, then the pulse codebook parameters are
optimized  (455) to minimize error between the contribution of the
indicated pulses and a target 10 signal. If an adaptive codebook is not
used, then the target signal is the weighted original  signal. If an adaptive
codebook is used, then the target signal is the difference between the
weighted original signal and the contribution of the adaptive codebook to
the weighted  synthesized signal. At some point (not shown), the pulse
codebook parameters are then  signaled in the bit stream. 15 The
excitation parameterization component (360) also determines (465)
whether  any random fixed codebook stages are to be used. The number
(if any) of the random  codebook stages is indicated as part of an overall
coding mode for the current frame, or it  may be indicated or determined in
other ways. A random codebook is a type of fixed  codebook that uses a
pre-defined signal model for the values it encodes. The codebook 20
parameters may include the starting point for an indicated segment of the
signal model and  a sign that can be positive or negative. The length or
range of the indicated segment is  



typically fixed and is therefore not typically signaled, but alternatively a
length or extent  of the indicated segment is signaled. A gain is multiplied
by the values in the indicated  segment to produce the contribution of the
random codebook to the excitation signal. 25 If at least one random
codebook stage is used, then the codebook stage parameters  for that
codebook stage are optimized (470) to minimize the error between the
contribution  of the random codebook stage and a target signal. The target
signal is the difference  between the weighted original signal and the sum
of the contribution to the weighted  synthesized signal of the adaptive
codebook (if any), the pulse codebook (if any), and the 30 previously
determined random codebook stages (if any). At some point (not shown),
the  random codebook parameters are then signaled in the bit stream. The
component (360) then determines (480) whether any more random
codebook  stages are to be used. If so, then the parameters of the next
random codebook stage are  optimized (470) and signaled as described
above. This continues until all the parameters  16 WO 21)1)61130236
PCTIUS211116/11131111)  for the random codebook stages have been
determined. All the random codebook stages  can use the same signal
model, although they will likely indicate different segments from  the model
and have different gain values. Alternatively, different signal models can
be  used for different random codebook stages. 5 Each excitation gain
may be quantized independently or two or more gains may be  quantized
together, as determined by the rate controller and/or other components.
While a particular order has been set forth herein for optimizing the
various  codebook parameters, other orders and optimization techniques
may be used. For  example, all random codebooks could be optimized
simultaneously. Thus, although 10 Figure 4 shows sequential computation
of different codebook parameters, alternatively,  two or more different
codebook parameters are jointly optimized (e.g., by jointly varying  the
parameters and evaluating results according to some non-linear
optimization  technique). Additionally, other configurations of codebooks
or other excitation signal  parameters could be used. 15 The excitation
signal in this implementation is the sum of any contributions of the
adaptive codebook, the pulse codebook, and the random codebook
stage(s). Alternatively,  the component (360) may compute other and/or
additional parameters for the excitation  signal. Referring to Figure 3,
codebook parameters for the excitation signal are signaled or  20
otherwise provided to a local decoder (365) (enclosed by dashed lines in
Figure 3) as well  



as to the frame output (392). Thus, the encoded frame output (392)
includes the output  from the LPC processing component (335) discussed
above, as well as the output from the  excitation parameterization
component (360). The bit rate of the output (392) depends in part on the
parameters used by the  25 codebooks, and the encoder (300) may
control bit rate and/or quality by switching  between different sets of
codebook indices, using embedded codes, or using other  techniques.
Different combinations of the codebook types and stages can yield
different  encoding modes for different frames and/or sub-frames. For
example, an unvoiced frame  may use only one random codebook stage.
An adaptive codebook and a pulse codebook 30 may be used for a low
rate voiced frame. A high rate frame may be encoded using an  adaptive
codebook, a pulse codebook, and one or more random codebook stages.
The rate  control module can determine or influence the mode for each
frame. Referring still to Figure 3, the output of the excitation
parameterization component  (360) is received by codebook
reconstruction components (370, 372, 374, 376) and gain  17 WO
21)1)61130236 PCTIUS211116/11131111)  application components (380,
382, 384, 386) corresponding to the codebooks used by the
parameterization component (360). The codebook stages (370, 372, 374,
376) and  corresponding gain application components (380, 382, 384,
386) reconstruct the  contributions of the codebooks. Those contributions
are summed to produce an excitation 5 signal (390), which is received by
the synthesis filter (340), where it is used together with  the "predicted"
samples from which subsequent linear prediction occurs. Delayed
portions of the excitation signal are also used as an excitation history
signal by the  adaptive codebook reconstruction component (370) to
reconstruct subsequent adaptive  codebook parameters (e.g., pitch
contribution), and by the parameterization component 10 (360) in
computing subsequent adaptive codebook parameters (e.g., pitch index
and pitch  gain values). Referring back to Figure 2, the encoded frame
output is accepted by the MUX  (236), along with other parameters. Such
other parameters can include, among other  information, frame class
information (222) from the frame classifier (214) and frame 15 encoding
modes. The MUX (236) constructs application layer packets to pass to
other  software, or the MUX (236) puts data in the payloads of packets
that follow a protocol  such as RTP. The MUX may buffer parameters so
as to allow selective repetition of the  parameters for forward error
correction in later packets. In one implementation, the MUX  (236) packs
into a single packet the primary encoded speech information for one
frame, 



20 along with forward error correction information for all or part of one or
more previous  frames. The MUX (236) provides feedback such as current
buffer fullness for rate control  purposes. More generally, various
components of the encoder (230) (including the frame  classifier (214) and
MUX (236)) may provide information to a rate controller (220) such  25 as
the one shown in Figure 2. The bit stream DEMUX (276) of Figure 2
accepts encoded speech information as  input and parses it to identify and
process parameters. The parameters may include frame  class, some
representation of LPC values, and codebook parameters. The frame class
may  indicate which other parameters are present for a given frame. More
generally, the 30 DEMUX (276) uses the protocols used by the encoder
(230) and extracts the parameters  the encoder (230) packs into packets.
For packets received over a dynamic packet- switched network, the
DEMUX (276) includes a jitter buffer to smooth out short term  fluctuations
in packet rate over a given period of time. In some cases, the decoder
(270)  regulates buffer delay and manages when packets are read out
from the buffer so as to 18 WO 21)1)61130236
PCTIUS211116/11131111)  integrate delay, quality control, concealment
of missing frames, etc. into decoding. In  other cases, an application layer
component manages the jitter buffer, and the jitter buffer  is filled at a
variable rate and depleted by the decoder (270) at a constant or relatively
constant rate. 5 The DEMUX (276) may receive multiple versions of
parameters for a given  segment, including a primary encoded version and
one or more secondary error correction  versions. When error correction
fails, the decoder (270) uses concealment techniques such  as the
concealment techniques described below. Figure 5 is a block diagram of a
generalized real-time speech frame decoder (500)  10 in conjunction with
which one or more described embodiments may be implemented. The
frame decoder (500) corresponds generally to the framedecoding
component (272) of  Figure 2. The frame decoder (500) accepts encoded
speech information (592) as input and  produces a reconstructed output
(502) after decoding. The components of the decoder 15 (500) have
corresponding components in the encoder (300), but overall the decoder
(500)  is simpler since it lacks components for perceptual weighting, the
excitation processing  loop and rate control. The LPC processing
component (535) receives information representing LPC  



values in the form provided by the frame encoder (300) (as well as any
quantization  20 parameters and other infommation needed for
reconstruction). The LPC processing component (535) reconstructs the
LPC values (538) using the inverse of the conversion,  quantization,
encoding, etc. previously applied to the LPC values. The LPC processing
component (535) may also perform interpolation for LPC values (in LPC
representation or  another representation such as LSP) to smooth the
transitions between different sets of 25 LPC coefficients. The codebook
stages (570, 572, 574, 576) and gain application components (580,  582,
584, 586) decode the parameters of any of the corresponding codebook
stages used  for the excitation signal and compute the contribution of each
codebook stage that is used.  More generally, the configuration and
operations of the codebook stages (570, 572, 574, 30 576) and gain
components (580, 582, 584, 586) correspond to the configuration and
operations of the codebook stages (370, 372, 374, 376) and gain
components (380, 382,  384, 386) in the encoder (300). The contributions
of the used codeboolc stages are  summed, and the resulting excitation
signal (590) is fed into the synthesis filter (540).  Delayed values of the
excitation signal (590) are also used as an excitation history by the 19 WO
21)1)61130236 PCTIUS211116/11131111)  adaptive codebook (570) in
computing the contribution of the adaptive codebook for  subsequent
portions of the excitation signal. The synthesis filter (540) accepts
reconstructed LPC values (538) and incorporates  them into the filter. The
synthesis filter (540) stores previously reconstructed samples for  5
processing. The excitation signal (590) is passed through the synthesis
filter to form an  approximation of the original speech signal. The
relationships shown in Figures 2-5 indicate general flows of information;
other  relationships are not shown for the sake of simplicity. Depending on
implementation and  the type of compression desired, components can be
added, omitted, split into multiple 10 components, combined with other
components, and/or replaced with like components. For  example, in the
environment (200) shown in Figure 2, the rate controller (220) maybe
combined with the speech encoder (230). Potential added components
include a  multimedia encoding (or playback) application that manages the
speech encoder (or  decoder) as well as other encoders (or decoders) and
collects network and decoder 15 condition information, and that performs
adaptive error correction functions. In  alternative embodiments, different
combinations and configurations of components  process speech
information using the techniques described herein. 



III. Robust Decoding Techniques and Tools With various robust decoding
techniques and tools, the quality of speech derived  20 from a speech
codec, such as a real-time speech codec, is improved. The various robust
decoding techniques and tools may be used separately or in combination.
While particular computing environment features and audio codec
features are  described above, one or more of the tools and techniques
may be used with various  different types of computing environments
and/or various different types of codecs. For 25 example, one or more of
the robust decoder techniques may be used with codecs that do  not use
the CELP coding model, such as adaptive differential pulse code
modulation  codecs, transform codecs and/or other types of codecs. As
another example, one or more  of the robust decoder techniques may be
used with single band codecs or sub-band codecs.  As another example,
one or more of the robust decoder techniques may be applied to a 30
single band of a multi-band codec and/or to a synthesized or unencoded
signal including  contributions of multiple bands of a multi-band codec. A.
Decoder-side VoIP Voice over Internet protocol ("VoIP") applications are
one of the possible uses for  the described codec. Vol? applications
typically operate in either so-called "push mode,"  20 WO 21)1)61130236
PCTIUS211116/11131111)  or so-called "pull mode." The described
techniques may be used in either mode, or in  some other mode.
However, many of the current VofP applications use pull-node  decoding.
Accordingly, Figure 6 illustrates in general form one possible arrangement
of  some decoder-side pull mode operations. In general, the VoIP
application (610) passes all 5 packets received from a network source
(600) immediately to the decoder (620), which  will decide the desired
buffering delay. In Figure 6, the decoder (620) performs the  concealment
techniques described below, rather than delegating the task of
concealment of  missing parts of the signal to the receiver application
(610). Alternatively, the application  (610) or some other component
performs the concealment techniques described below. 10 In pull mode,
when the renderer (630), an audio playback component, needs  additional
decoded audio information to play, it requests (650) the information. The
VoIP  application (610) retrieves (655) the information available from the
network source (600)  (not just for the requested playback period) and
pushes (660) the information to the  decoder (620). The decoder (620)
decodes some portion of the information (e.g., samples 15 for the
requested playback period) and returns (665) the decoded information to
the VOID  application (610), which provides (670) the information to the
renderer (630). 



If one or more frames are missing, the decoder (620) performs one or
more  concealment techniques and returns the resulting concealment
information (e.g., as audio  samples) to the VoIP application (610) in place
of the actual samples for the missing 20 frame(s). Because the renderer
(630) requests samples as it needs them, the timing relies  only on the
local clock used by the renderer (630). Thus, this design can automatically
take care of clock-drift problems that may occur in other designs, such as
push-mode  decoders that may rely on multiple clocks with slightly
different clock rates. As illustrated in Figure 7, the packets received by the
VOID application from a  25 network source (710) are delivered
immediately into the decoder, which places them  according to their
sequential order (in the audio signal) in a jitter buffer (720). As  illustrated
in Figure 7, a "1" in the jitter buffer (720) indicates that a corresponding
packet  is present, and a "0" indicates that the corresponding packet is
absent. In addition, there is a sample buffer (730), which holds decoded
output samples  30 (740) available for playback. Whenever the renderer
(760) wants to play some audio, it  pulls from the decoder sample buffer
(730) the desired samples (750). If the sample buffer  (730) does not have
enough samples to satisfy the request, the decoder looks to the jitter
buffer (720) to see if the next packet is available. 21 WO 21)1)61130236
PCTIUS211116/11131111)  If the next packet is available, then it is
decoded, and the decoded samples are placed in the sample buffer (730),
and the requested samples are passed to the renderer  (760) through the
VoIP application. On the other hand, if the packet is not available, then  a
concealment module is invoked to generate replacement samples. The
replacement 5 samples are placed in the sample buffer (730), and the
request is satisfied. In either case,  the jitter buffer can be shifted, and the
jitter buffer head information (725) is appropriately  adjusted. B. Packet
Delay Calculation In some robust decoding techniques and tools, the
decoder tracks the packet loss  10 rate and estimates the network delay
by monitoring the packet receiving times. Figure 8  illustrates an example
packet delay distribution. The history of received packets can be  used to
determine any delay trends, and to calculate a desired delay (Ddes;red,
820). If the  desired delay (820) changes or if the packet delay distribution
changes (e.g., due to  network fluctuations), the decoder can change the
jitter buffer delay dynamically and 15 decode using time
compression/extension (or variable-playout) techniques, which  modifies
the playback time of audio while maintaining the correct pitch. Using such



techniques, when it is observed that the packet delay is increasing, the
samples in the  sample buffer can be time-extended so that the late
packets can be accommodated up to a  certain point acceptable for
playback delay, interactivity, etc. For voiced frames, this can 20 be done
using the WSOLA techniques described below. Similarly, if the delay is
observed  to be decreasing, then the samples in the sample buffer can be
time-compressed (played  faster), so that the jitter buffer does not become
full. Traditional approaches to calculating the desired delay include simply
using the  maximum delay of previous packets as a guide. However,
sometimes outliers may exist,  25 causing the system to adapt to
unrepresentative packet delay values. In addition, it is sometimes better to
let a few packets arrive too late to be played back than to impose a  delay
long enough to receive and use the outlier, late packets. Some codecs
calculate  desired delay based on formulas such as running averages and
running variance  calculations. One example is described in R. Ramjee, J.
Kurose, D. Towsley, and H. 30 Schulzrinne, "Adaptive Playout
Mechanisms for Packetized Audio Applications in Wide- area Networks,"
Proceedings of IEEE INFOCOM '94, pp. 680-688, April 1994.  However,
many parameters need to be optimized in such calculations, and it is
difficult to  find the right tradeoff between response speed on the one
hand, and basing the calculations  on a representative population of
history values on the other hand. 22 WO 21)1)61130236
PCTIUS211116/11131111)  Another approach is to directly analyze a
packet delay distribution (810), such as by using the implementation of the
Concord algorithm described in C. J. Sreenan, J-C.  Chen, P. Agrawal,
and B. Narendran, "Delay Reduction Techniques for Playout  Buffering,"
Proc. IEEE Trans. Multimedia, vol. 2, no. 2, pp. 88-100, June 2000. In that
5 method, a histogram of packet delays is maintained. The width of a bin
in the histogram  represents the desired accuracy with which the optimal
delay will be calculated.  Decreasing the bin size improves the accuracy
but increases tracking complexity. The  shape of the histogram
approximately mirrors the underlying packet delay distribution.  When a
new packet arrives, the packet delay is mapped to the corresponding bin
and the 10 count of the packets that fall into that bin is incremented. To
reflect the age of some old  packets, counts in all other bins are scaled
down in a process called "aging." To find the  new desired delay the
decoder sets a desired loss rate (Ldes;red, 830). Typical desired loss  rate
values range between 1% and 5%. The histogram is then analyzed to
determine  where the desired delay needs to be to achieve the loss rate.
The problem with this 15 approach is that some parameters need to be
tuned, such as bin width and aging factors. In  



addition, all old packets are treated similarly, and the aging approach
plays an overly  significant role in the overall performance. In addition,
when a clock-drift situation  occurs, the overall delay has either a positive
or a negative trend, which can further  complicate the algorithm, especially
when the histogram is meant to stay static within the  20 time delay
timeline. In one robust decoding technique presented herein, a history of
delays for a set  number of packets is maintained. For, example the
number of packets included in the  history may be 500, 1000 or some
other suitable number. With each incoming packet, the  delay of the oldest
packet is replaced with the delay of the newest packet, or the oldest 25
packet is otherwise replaced with the newest packet in the history. That
way, only the  oldest packet is removed from the calculations. Referring to
Figure 8, a packet delay  distribution histogram (810) is generated
according to a desired bin width based on the  history of all packet delays
on record. The optimal desired delay (820) is determined to be  the bin
delay value corresponding to the desired loss (830). This technique does
not rely 30 on aging methods. Accordingly, problems resulting from
clock-drift situations are  decreased. However, the computational
requirements to regenerate a new histogram with  each new packet are
typically high. For example, in one implementation, the histogram
computation consumed about 10% of the overall decoder complexity. It
may be possible  to decrease this complexity by reusing a previous
histogram, rather than rebuilding it from  23 WO 21)1)61130236
PCT/US211116/11131111)  scratch, but if the clock-drift situation occurs,
this could allow the delay histogram to shift  along the delay time axis
even when it should remain static. In another robust decoding technique,
a data structure is used to determine the  optimal buffering delay that is
adapted to varying packet delays. In a particular 5 implementation, a
doubly-linked list of delay nodes placed linearly in memory (e.g., in an
array) is used for updates, as well as for determining the desired delay.
The history at the  nth packet received is defined by History[n] = (D,,, D"_l,
D,,.z, ...., D"_N+r) where the size  of the history is N packets. The delay
values for the packets represented in the history are  placed in a
doubly-linked list type of data structure. 10 An example of such a data
structure (910) with four nodes (920, 922, 924, 926) in  an array is
illustrated in Figure 9. Of course, the data structure can include many
more  nodes, such as 500 to 1000 nodes. However, four nodes are shown
for the sake of  simplicity in explaining the data structure. Each node
includes a delay value (940) that  corresponds to the delay of a received
packet. The nodes (920, 922, 924, 926) may be 



15 placed linearly in memory, and an index P (930) can be cycled over all
the nodes. Thus,  the index P (1030) tracks the packet that is currently the
oldest in the array. Each node  (920, 922, 924, 926) has a next pointer
(950) (here, simply a field of a node) and a  previous pointer (960) (here,
simply a field of a node). Each next pointer (950) references  the node
with the next higher delay value. Each previous pointer (960) references
the 20 node with the next lower delay value. Thus, in the data structure
(910) illustrated in  Figure 9, Dn_1 (at P3) > Dn (at P4) > D,,_2 (at P2) >
D"_3 (at PI). The oldest packet (PI) is at  the start of the list initially. When
each new packet is received, the packet is added to the structure (910) up
to  the point that the history is filled (e.g., 500 packets tracked). At that
point, when a new 25 packet is received, the node including information
about the oldest packet is replaced (e.g.,  packet I is replaced with packet
501 and the oldest packet is now packet 2, then packet 2  is replaced with
packet 502 and the oldest packet is now packet 3). When the old node
information is replaced, the previous and next pointers are updated. For
the new delay  value, the right place in the ordered list of delay values is
found by looping over the next 30 pointers and then the delay value is
"inserted" in the ordering of delay values by updating  the next and
previous pointers. The linked list also maintains a reference to the highest
delay in the list. When it is  desired to find the optimal desired delay for a
corresponding desired loss rate, a decoder  starts at the highest delay and
follows the previous pointers towards lower delays until a  24 WO
21)1)61130236 PCTIUS211116/11131111)  count of nodes corresponding
to the desired loss rate is found. This can be done each time  a new
packet is received, or at some other interval. Thus, finding the desired
delay is a  simple process because only a few nodes (for example 1% to
5% for 1% to 5% desired  loss values) are traversed. Also, this can
provide a natural solution to the clock-drift 5 problem because no actual
histograms are formed. Thus, the phenomenon of shifting  histograms can
be automatically handled. Additionally, the calculations are not confined
to the accuracy specified by bin-widths. Accordingly, the calculations can
be finer and  more accurate than with typical histogram techniques.
Alternatively, instead of being implemented as an array in linear memory,
the  10 doubly linked list is implemented as some other type of dynamic
data structure. C. Signal-dependent Concealment When one or more
packets are missing, one of several different approaches can be  used to
produce a signal that conceals the loss. An appropriate concealment
technique can  



be chosen depending on the nature of the signal and the number of
missing packets or 15 frames. One example of a signal technique
determination is illustrated in Figure 10.  Alternatively other determinations
are used. Referring to Figure 10, one or more missing  frames is
encountered (1010). A concealment technique is selected (1020) based
on one  or more factors such as the nature of one or more adjacent
frame(s) and the number of 20 missing frames. Alternatively, other and/or
additional factors are used for the selection. A  concealment signal is
produced (1030) using the selected technique. Several example
signal-dependent concealment techniques follow. According to a first type
of signal- dependent concealment technique, unidirectional concealment
of voiced speech is used  when past information is available for a missing
voiced frame or frames and the preceding 25 available frame is classified
as a voiced frame. Unidirectional concealment may also be  used, when
future information is available, if the gap between available audio
information  is too long to practically use bi-directional concealment or to
maintain low complexity, or  for other reasons. The waveform similarity
overlap-add concealment technique ("WSOLA") can be  30 used for
unidirectional concealment. WSOLA is described in Y. J. Liang, N. Farber,
and  B. Girod, "Adaptive Playout Scheduling and Loss Concealment for
Voice Communication  over IP Networks," IEEE Transactions on
Multimedia, vol. 5, no. 4, pp. 532 - 543, Dec.  2003. The WSOLA
technique extends a previous signal by generating new pitch cycles
through weighted averages of existing pitch cycles. Any desired length
can be generated  25 WO 2006/130236 PCTIUS211116/11131111)  using
this method until the next packet is received. However, if the pitch
extension  becomes too excessive, such as where many packets are lost,
the WSOLA method can  result in a mechanical sound. Thus, in the
present robust decoding technique, noise may be added if the pitch 5
extension becomes too excessive. The noise can be generated, for
example, using random  white noise passed through a linear prediction
coefficient filter optimized for the latest  received audio signal. The energy
of the noise can increase as the extension increases. As  discussed
below, the energy of the pitch extensions can also gradually decrease
until all  that remains is the generated background noise. 10 The extended
signal is merged with a later signal produced from a later-received
packet. This can include a signal matching routine to maximize the
correlation between  the two signals. That signal matching routine can be
a simple correlation routine, such as  



a correlation routine that multiplies corresponding sample amplitudes for
the overlapping  signals and sums the resulting products to produce a
correlation value. The lag of the later 15 signal can be adjusted to
maximize that correlation value. Alternatively, other signal  matching
routines can be used. The signals can be merged using weighting
windows, such  as weighting windows designed to have a constant effect
on the signal energy across the  merged area. According to a second type
of signal-dependent concealment technique, if the 20 signal to be
extended is unvoiced in nature (i.e., no clear voicing or pitch information
can  be found in the signal), then a different algorithm is used to extend
the signal. In such  cases, the signal to be extended is analyzed for the
corresponding linear prediction  coefficients, and random noise is passed
through a linear prediction coefficient filter using  those coefficients to
generate a synthetic unvoiced signal to be merged with the signal to 25 be
extended. The energy of the synthesized signal is derived from the signal
used for the  extension. In general, this derivation can include breaking a
frame of unvoiced speech in  half, and extending and merging each half.
An example of such a derivation is illustrated  in Figure 11 . In the
example shown, an unvoiced speech signal (1110) is available for  one
frame, and a signal (1120) is missing for a subsequent frame. The
unvoiced speech 30 signal is broken into two overlapping available
sample signals or segments (1130, 1140).  The available samples (1130)
on the left includes the left half of the available signal  (1110) plus a few
subsequent samples from the right half for smoothing. For example,  forty
or eighty subsequent samples can be used, Likewise, the available
samples on the 26 WO 2006/130236 PCT/US2006/013010  right includes
the right half of the available signal (1110) plus a few previous samples for
smoothing. Left derived samples (1150) are created based on the energy
of the left available  samples (1130). Specifically, the left available
samples (1130) are analyzed to produce  5 corresponding linear
prediction coefficients. Random noise is generated and passed through a
linear prediction coefficient filter using those corresponding coefficients.
The  resulting signal is scaled so that it has a signal energy equal to the
signal energy of the  available samples (1130), thereby generating a
synthetic unvoiced signal, or left derived  samples (1150). 10 Likewise,
right derived samples (1160) are created based on the energy of the right
available samples (1140). Specifically, the right available samples (1140)
are analyzed to  produce corresponding linear prediction coefficients.
Random noise is generated and  



passed through a linear prediction coefficient filter using those
corresponding coefficients.  The resulting signal is scaled so that it has a
signal energy equal to the signal energy of the 15 available samples
(1140), thereby generating a synthetic unvoiced signal, or right derived
samples (1160). As is illustrated in Figure 11, the four sets of samples are
ordered from left to right  as follows: left available samples (1130), left
derived samples (1150), right derived  samples (1160), and right available
samples (1140). The overlapping signals (1130, 1140, 20 1150, 1160) are
merged using weighting windows (1170) to produce a resulting signal
(1180). The duration of the resulting signal (1180) is sufficient to cover the
play time of  the available signal (1110) and the missing signal (1120).
The resulting signal (1180) may  also be repeated to further extend the
signal if subsequent frames are also missing. It is  believed that this
technique is able to perform well even in many situations where the 25
energy within the available unvoiced frame goes significantly up or down
within the  frame. Alternatively, the decoder splits the available information
into more segments for  derivation, merging, etc. According to a third type
of signal-dependent concealment technique, if both past  30 and future
voiced audio information is available, then bi-directional concealment is
used.  Specifically, if the gap between available audio information is not
too long (for example,  three missing frames or less), then information
from both sides can be used to fill the gap.  The past information is
extended a bit past the midpoint between past and future available
frames, and the future information is extended back a bit past the
midpoint. For example,  27 WO 2006/130236 PCTIUS2006/013010  the
past and future information may be extended approximately one pitch
length past the  midpoint for voiced audio, or each may be extended some
predetermined fixed amount,  such as forty or eighty samples past the
midpoint. One or both of the signals can be  extended using the WSOLA
method, the unvoiced concealment technique described 5 above, and/or
some other method. For example, if the past information is voiced and the
future information is unvoiced, then the first technique described above
can be used to  extend the past information and the second technique can
be used to extend the future  information. For voiced signals, a signal
matching routine such as the one described  above can be used to make
sure that the signals are merged at the best location at the past 10 and
future ends and the midpoint. Whether the signals are voiced, unvoiced,
or both, the  signals can then be merged using weighting windows, such
as weighting windows  



designed to keep the signal energy approximately constant in the merged
area. Noise is  typically not added to the signal when such bi-directional
concealment is used. In the first or second preceding type of
signal-dependent concealment techniques,  15 when there is an extended
period with no received packets, the energy of the extended  voiced or
unvoiced signal created using one of the techniques described above is
gradually  decreased, and generated background noise is gradually
increased until the resulting signal  reaches a previously-determined
energy level of background noise. This helps to reduce  the artificial
sounds such as ringing and mechanical sounds that can result from
signals 20 being extended for long periods of time. This technique can be
particularly useful in  applications that use voice-activity detection without
any comfort noise generation. In  such applications, when voice activity
stops (e.g., pauses between sentences, or while the  other talker is
speaking), the sender application simply stops sending packets for the
silence period. In such a case, although the decoder may encounter
missing frames for 25 such periods, the decoder can revert to background
noise, which is the desired response  during silence periods. In one
implementation, noise begins to be gradually introduced  after the signal
has been extended for about two frames and the noise typically becomes
perceptible to a listener after about four frames. By the time the signal has
been extended  for about six or seven frames, only background noise
remains. These times can be 30 adjusted based on the perceived audio
quality to listeners in different circumstances.  D. Pitch Jittering Using the
WSOLA technique or other voiced speech extension techniques, a signal
can be produced using the pitch characteristics of a previous signal
segment, such as a  previous frame or frames. The resulting signal
segment is often reused to extend the 28 WO 2006/130236
PCTIUS2006/013010  signal, sometimes to conceal the loss of many
packets. Such repeated extension of a signal through pitch repetition
(such as using the WSOLA technique) can result in ringing  or mechanical
sounds. The weighting used in the WSOLA technique itself can help to
reduce such effects. Noise addition techniques such as those described
above can further  5 reduce such effects. Ringing or mechanical sounds
can also be reduced by adding a random,  pseudorandom, or other
adjustment factor to the pitch size/offset in subsequent samples as  the
signal is extended. Accordingly, instead of extending the signal in
exact-size pitch  cycles, a factor is added to the pitch size so that the
signal more closely resembles natural 10 speech, which rarely has an
exactly fixed pitch rate. As the length of the extension  



increases, the factor maybe increased in magnitude. This technique can
be implemented by using a factor table or list that includes a  sequence of
factors, with the range of the factors gradually increasing in magnitude. As
an  example, the offset adjustment factor may be zero samples for the first
pitch cycle, 15 negative one for the second cycle, positive one for the third
pitch cycle, positive two for  the fourth cycle, negative one for the fifth
cycle, etc. Or, the adjustment factor may be  selected
randomly/pseudorandomly from the applicable range during decoding. In
one  implementation, the maximum range of the random factors is from
negative three samples  to positive three samples. However, the
magnitude of the range may be, adjusted based on 20 listening tests.
Alternatively, other techniques may be used to produce the adjustment
factors and/or other ranges of adjustment factors may be used. The three
techniques described above to reduce the undesirable sound effects from
repeating pitch cycles (WSOLA weighting, noise addition, and pitch
jittering) can be used  separately or in combination. Repeated tuning of
the parameters of these techniques can  25 be done to produce more
desirable results in particular implementations. E. Decoder Memory
Recovery Decoders with limited internal memory or no internal memory
are reasonably  simple to use in Volt' applications. In such cases, packet
losses do not render the encoder  and decoder out-of-sync because there
is no significant memory (past history) dependence 30 on previous
information when decoding current information. However, such voice
codecs  are usually not very efficient with respect to bit rate. In codecs
where the bit rate is lower,  there is typically strong memory dependence
introduced in order to improve quality at  those lower bit rates. This may
not be a problem in some applications, such as  compressing for archival
purposes. However, when such codecs are used in other 29 WO
2006/130236 PCTIUS2006/013010  applications such as VoIP
applications, packets are often lost. Memory dependence, such as
memory dependence of the adaptive codebook for producing an excitation
signal, can  cause extended distortions in the decoder beyond the lost
packet. The following technique that can be used to produce substitute
information for use  5 as a historical signal by subsequent packets is
illustrated generally in Figure 12.  Alternatively, other and/or additional
techniques are used. First, the decoder generates (1210) a concealment
signal for one or more missing  frames. In this way, the missing frame(s)
are concealed up to the part of the signal  available from the next received
packet. The above signal-dependent techniques can be 



10 used for such concealment, for example. Alternatively, other
concealment techniques can  be used for concealment. The decoder then
performs at least partial encoding (and reconstruction) (1220) on  the
concealment signal. For example, the decoder passes the concealment
signal produced  by one or more concealment techniques through a
simplified fake encoder (residing in the 15 decoder) to regenerate the
decoder internal state. This typically speeds up recovery from  missing
frame(s) in subsequent decoding. In a specific implementation, the
concealment signal is processed to produce a  corresponding residual
signal that can be substituted for the missing excitation signal  history.
This can be done by passing the concealment signal through the inverse
of a 20 linear prediction synthesis filter (or in other words a linear
prediction analysis filter). In  the synthesis filter technique (such as in the
component (540) described above) the filter  processes a reconstructed
residual signal using reconstructed linear prediction coefficients  to
produce a combined or synthesized signal. In contrast, the linear
prediction analysis  filter of this technique processes a decoder-generated
signal (here the concealment signal) 25 using known linear prediction
coefficients to produce a substitute residual signal. The linear prediction
coefficients of the previous frame can be used in the linear  prediction
analysis filter. Alternatively, new linear prediction coefficients can be
calculated by analyzing the concealment signal. This can be done using
the techniques  described above with reference to the linear prediction
analysis component (330). It is 30 believed that better results are
achieved by calculating new linear prediction coefficients  for the
concealment signal. However, it is simpler to use the linear prediction
coefficients  from the previous frame. Alternatively, the decoder uses
some combination of such linear  prediction coefficients, or some other
method such as bandwidth expansion. 30 WO 21)1)61130236
PCTIUS211116/11131111)  The signal resulting from this technique can
be used by the decoder as the memory for subsequent adaptive codebook
computations, in lieu of using the excitation history of  the missing
frame(s). Because the concealment signal usually is not perfect, the
substitute residual signal  5 produced by the decoder still only
approximates the actual memory, or history, that would  have been
created had the missing frame(s) been decoded. Even so, however, the
decoder  is able to converge back to the correct state much faster than in
circumstances where the  excitation history for missing frames is
non-existent. Thus, it is believed that this technique can significantly
improve quality of the decoded signal following lost packets.  
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CLAIMS 

We claim: 

1. A computer-implemented method comprising: 

processing a bit stream for an audio signal, including, when one or more 

missing frames is encountered while processing the bit stream, 5 

10 

15 

20 

25 

30 

 based at least in part on one or more factors, selecting a 

concealment technique from among multiple available signal-dependent 

concealment techniques, wherein the one or more factors comprise a 

classification of an available prior frame from an earlier point in the audio signal 

than the one or more missing frames and a classification of an available following 

frame from a later point in the audio signal than the one or more missing frames, 

and wherein the classification of the available prior frame is one of a set of 

possible classifications comprising voiced and unvoiced; and 

 performing the selected concealment technique; and 

outputting a result. 

2. The method of claim 1 further comprising determining whether the 

classification of the available prior frame is voiced or unvoiced, wherein: 

if the classification of the available prior frame is voiced, then the selected 

concealment technique comprises using a pitch extension technique to generate a 

concealment signal; and 

if the classification of the available prior frame is unvoiced, then the 

selected concealment technique comprises generating the concealment signal 

based at least in part on energy of the available prior frame. 

3. The method of claim 1, wherein the one or more factors further comprises 

a count of the one or more missing frames, the count indicating how many 

consecutive frames are missing. 

4. The method of claim 3, further comprising determining whether the 

classification of the available prior frame is voiced or unvoiced and determining 

whether the classification of the available following frame is voiced or unvoiced 

wherein: 

if the classification of the available prior frame and the classification of 

the available following frame are both voiced, and the count of the one or more 

10 This technique can also be used for the purpose of bi-directional
concealment if the  next frame following the missing frame(s) has
significant memory dependence. In that  case, bi-directional concealment
can be achieved as follows: first, perform unidirectional  concealment for
the missing frame(s); second, use that concealment to regenerate an
approximate memory for the next frame; third, decode the next frame
using the 15 regenerated memory; and fourth, perform bi-directional
concealment of the missing  frame(s) using the next frame and the frame
that precedes the missing frame(s). It is  believed that such bi-directional
concealment would produce better results than merely  using
unidirectional concealment or bi-directional concealment with no memory
for the  next frame. 20 Having described and illustrated the principles of
our invention with reference to  described embodiments, it will be
recognized that the described embodiments can be  modified in
arrangement and detail without departing from such principles. It should
be  understood that the programs, processes, or methods described
herein are not related or  limited to any particular type of computing
environment, unless indicated otherwise. 25 Various types of general
purpose or specialized computing environments may be used  with or
perform operations in accordance with the teachings described herein.
Elements  of the described embodiments shown in software may be
implemented in hardware and  vice versa. In view of the many possible
embodiments to which the principles of our invention  30 may be applied,
we claim as our invention all such embodiments as may come within the
scope and spirit of the following claims and equivalents thereto. 31
CLAIMS  We claim: 1. A computer-implemented method comprising:
processing a bit stream for an audio signal, including, when one or more
5 missing frames is encountered while processing the bit stream, based at
least in part on one or more factors, selecting a  concealment technique
from among multiple available signal-dependent  concealment techniques,
wherein the one or more factors comprise a  classification of an available
prior frame from an earlier point in the audio signal 10 than the one or
more missing frames and a classification of an available following  frame
from a later point in the audio signal than the one or more missing frames,
and wherein the classification of the available prior frame is one of a set of
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missing frames is less than a threshold value, then the selected concealment 

technique comprises bi-directional concealment; and 

if the classification of the available prior frame is voiced, and the count of 

the one or more missing frames is more than a threshold value, then the selected 

concealment technique comprises unidirectional concealment. 

5. The method of claim 1, wherein the classification of the available prior 

frame is voiced, and the selected concealment technique comprises adding noise 

to a concealment signal if the concealment signal is longer than a threshold 

duration. 

6. The method of claim 1, wherein the classification of the available prior 

frame is unvoiced, and the selected concealment technique comprises: 

identifying multiple segments of the available prior frame; 

using the multiple prior frame segments to generate multiple concealment 

signal segments; and  

merging the multiple prior frame segments together with the multiple 

concealment segments to generate a concealment signal. 

7. The method of claim 1, wherein the selected concealment technique 

comprises: 

generating an extension signal; and 

adding noise to the extension signal to produce a concealment signal. 

8. The method of claim 7, wherein the selected concealment technique 

further comprises: 

gradually decreasing energy of the extension signal along at least part of 

the audio signal; and 

gradually increasing energy of the noise along the at least part of the audio 

signal. 

9. A computer implemented method comprising: 

processing a bit stream for an audio signal, including, when one or more 

missing frames is encountered while processing the bit stream, 

based at least in part on one or more factors, selecting a 

concealment technique from among multiple available signal-dependent 

concealment techniques, wherein the multiple available signal-dependent 

possible classifications comprising voiced and unvoiced; and performing
the selected concealment technique; and  15 outputting a result. 2. The
method of claim 1 further comprising determining whether the
classification of the available prior frame is voiced or unvoiced, wherein: if
the classification of the available prior frame is voiced, then the selected
concealment technique comprises using a pitch extension technique to
generate a  20 concealment signal; and if the classification of the available
prior frame is unvoiced, then the  selected concealment technique
comprises generating the concealment signal  based at least in part on
energy of the available prior frame. 3. The method of claim 1, wherein the
one or more factors further comprises  25 a count of the one or more
missing frames, the count indicating how many  consecutive frames are
missing. 4. The method of claim 3, further comprising determining whether
the  classification of the available prior frame is voiced or unvoiced and
determining  whether the classification of the available following frame is
voiced or unvoiced  30 wherein: if the classification of the available prior
frame and the classification of  the available following frame are both
voiced, and the count of the one or more  32 missing frames is less than a
threshold value, then the selected concealment  technique comprises
bi-directional concealment; and if the classification of the available prior
frame is voiced, and the count of  the one or more missing frames is more
than a threshold value, then the selected  5 concealment technique
comprises unidirectional concealment. 5. The method of claim 1, wherein
the classification of the available prior  frame is voiced, and the selected
concealment technique comprises adding noise  to a concealment signal if
the concealment signal is longer than a threshold  duration. 10 6. The
method of claim 1, wherein the classification of the available prior  frame
is unvoiced, and the selected concealment technique comprises:
identifying multiple segments of the available prior frame; using the
multiple prior frame segments to generate multiple concealment  signal
segments; and 
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concealment techniques include a unidirectional concealment technique for 

voiced content, a unidirectional concealment technique for unvoiced content that 

is different than the unidirectional concealment technique for voiced content, a bi-

directional concealment technique which utilizes information from an available 

prior frame in the audio signal before the one or more missing frames and from an 

available following frame in the audio signal after the one or more missing 

frames, and a fading concealment technique; and 

performing the selected concealment technique; and 

outputting a result.  

10. The method of claim 9 wherein the one or more factors further include a 

count of missing frames between the available prior frame and the available 

following frame.  

11. A computer-implemented method comprising: 

when encountering one or more frames missing from a bit stream for an 

audio signal, generating a concealment signal based at least in part on pitch cycles 

in one or more previous frames, including introducing pitch jitter; and 

outputting a result; 

wherein the introducing pitch jitter includes adding random, 

pseudorandom or other pitch offset adjustment factors to pitch for the 

concealment signal. 

12. The method of claim 11, wherein the random or pseudorandom pitch 

offset adjustment factors include positive and negative values. 

13. The method of claim 11, wherein a separate random or pseudorandom 

pitch offset adjustment factor is applied to each of plural parts of the concealment 

signal. 

14. The method of claim 11, wherein the introducing includes increasing the 

pitch jitter as distance away from the one or more previous frames increases. 

15. A computer-implemented method comprising: 

encountering one or more frames missing from a bit stream for an audio 

signal; 

producing a concealment signal; 

15 merging the multiple prior frame segments together with the multiple
concealment segments to generate a concealment signal. 7. The method
of claim 1, wherein the selected concealment technique  comprises:
generating an extension signal; and 20 adding noise to the extension
signal to produce a concealment signal.  8. The method of claim 7,
wherein the selected concealment technique  further comprises: gradually
decreasing energy of the extension signal along at least part of  the audio
signal; and 25 gradually increasing energy of the noise along the at least
part of the audio  signal. 9. A computer implemented method comprising:
processing a bit stream for an audio signal, including, when one or more
missing frames is encountered while processing the bit stream, 30 based
at least in part on one or more factors, selecting a  concealment technique
from among multiple available signal-dependent  concealment techniques,
wherein the multiple available signal-dependent  33 concealment
techniques include a unidirectional concealment technique for  voiced
content, a unidirectional concealment technique for unvoiced content that
is different than the unidirectional concealment technique for voiced
content, a bi- directional concealment technique which utilizes information
from an available 5 prior frame in the audio signal before the one or more
missing frames and from an  available following frame in the audio signal
after the one or more missing  frames, and a fading concealment
technique; and performing the selected concealment technique; and
outputting a result. 10 10. The method of claim 9 wherein the one or more
factors further include a  count of missing frames between the available
prior frame and the available  following frame. 11. A
computer-implemented method comprising: when encountering one or
more frames missing from a bit stream for an  15 audio signal, generating
a concealment signal based at least in part on pitch cycles  in one or more
previous frames, including introducing pitch jitter; and 
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encountering a subsequent frame that relies at least in part on signal 

history information from the one or more missing frames for decoding;  

producing substitute signal history from the concealment signal, wherein 

producing the substitute signal history comprises constructing information 

representing a residual signal based on the concealment signal; and 

relying on the substitute signal history in place of the signal history 

information from the one or more missing frames to decode the subsequent frame. 

16. The method of claim 15, wherein an adaptive codebook index of the 

subsequent frame indicates a segment of the one or more missing frames to be 

used in computing an adaptive codebook contribution to at least a portion of an 

excitation signal of the subsequent frame. 

17. The method of claim 15, wherein producing the substitute signal history 

comprises at least partially encoding at least a portion of the concealment signal. 

18. A method comprising: 

at an audio decoder, processing a bit stream for an audio signal, including, 

when encountering one or more missing frames from the bit stream, then: 

identifying one of plural available segments from an available frame;  

for the identified available segment of the plural available segments, 

time-extending the identified available segment, 

using one or more characteristics of the time-extended identified available 

segment to adapt a linear prediction coefficient filter in generating noise, and 

superimposing the generated noise onto the time-extended available 

segment to create a derived segment; and 

forming a merged signal using the plural available segments and the 

derived segment. 

19. The method of claim 18, wherein the one or more characteristics comprise 

energy of the identified available segment. 

20. The method of claim 18, wherein the plural available segments comprise 

more than two available segments. 

21. The method of claim 18, wherein the processing further comprises using 

the merged signal in place of the available frame and the one or more missing 

frames. 

outputting a result; wherein the introducing pitch jitter includes adding
random,  pseudorandom or other pitch offset adjustment factors to pitch
for the  20 concealment signal. 12. The method of claim 11, wherein the
random or pseudorandom pitch  offset adjustment factors include positive
and negative values. 13. The method of claim 11, wherein a separate
random or pseudorandom  pitch offset adjustment factor is applied to each
of plural parts of the concealment  25 signal. 14. The method of claim 11,
wherein the introducing includes increasing the  pitch jitter as distance
away from the one or more previous frames increases. 15. A
computer-implemented method comprising: encountering one or more
frames missing from a bit stream for an audio  30 signal; producing a
concealment signal; 34 encountering a subsequent frame that relies at
least in part on signal  history information from the one or more missing
frames for decoding; producing substitute signal history from the
concealment signal, wherein  producing the substitute signal history
comprises constructing information 5 representing a residual signal based
on the concealment signal; and  relying on the substitute signal history in
place of the signal history  information from the one or more missing
frames to decode the subsequent frame.  16. The method of claim 15,
wherein an adaptive codebook index of the  subsequent frame indicates a
segment of the one or more missing frames to be 10 used in computing
an adaptive codebook contribution to at least a portion of an  excitation
signal of the subsequent frame. 17. The method of claim 15, wherein
producing the substitute signal history  comprises at least partially
encoding at least a portion of the concealment signal.  18. A method
comprising: 15 at an audio decoder, processing a bit stream for an audio
signal, including,  when encountering one or more missing frames from
the bit stream, then:  identifying one of plural available segments from an
available frame; for the identified available segment of the plural available
segments,  time-extending the identified available segment, 
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22. The method of claim 18, wherein the using one or more characteristics of 

the identified available segment to adapt a linear prediction coefficient filter in 

generating noise comprises: 

passing random noise through the adapted linear prediction coefficient 

filter to produce the generated noise. 

23. A method comprising: 

at an audio decoder, processing a bit stream for an audio signal, including, 

when encountering one or more missing frames from the bit stream, then: 

identifying plural available segments by breaking an available frame into 

the plural available segments; 

for at least one of the plural available segments, using one or more 

characteristics of the available segment to adapt a linear prediction coefficient 

filter in generating a derived segment by analyzing the available segment to 

obtain linear prediction coefficients, passing random noise through a linear 

prediction coefficient filter which is configured according to the obtained 

coefficients to obtain generated noise, and generating the derived segment by 

superimposing the generated noise and the available segment; and 

forming a merged signal by merging the plural derived segments between 

the plural available segments. 

24. The method of claim 23, wherein the available frame is an unvoiced 

frame. 

25. The method of claim 24, wherein the one or more characteristics comprise 

energy of the available segment. 

26. The method of claim 23, wherein the plural available segments include 

first and second available segments, wherein the plural derived segments include 

first and second derived segments, and wherein forming the merged signal 

comprises: 

merging the first available segment with the first derived segment; 

merging the first derived segment with the second derived segment; and 

merging the second derived segment with the second available segment. 

27. The method of claim 23, wherein the plural available segments comprise 

more than two available segments. 

20 using one or more characteristics of the time-extended identified
available  segment to adapt a linear prediction coefficient filter in
generating noise, and  superimposing the generated noise onto the
time-extended available  segment to create a derived segment; and
forming a merged signal using the plural available segments and the  25
derived segment. 19. The method of claim 18, wherein the one or more
characteristics comprise  energy of the identified available segment. 20.
The method of claim 18, wherein the plural available segments comprise
more than two available segments. 30 21. The method of claim 18,
wherein the processing further comprises using  the merged signal in
place of the available frame and the one or more missing  frames. 35 22.
The method of claim 18, wherein the using one or more characteristics of
the identified available segment to adapt a linear prediction coefficient
filter in  generating noise comprises: passing random noise through the
adapted linear prediction coefficient  5 filter to produce the generated
noise. 23. A method comprising: at an audio decoder, processing a bit
stream for an audio signal, including,  when encountering one or more
missing frames from the bit stream, then:  identifying plural available
segments by breaking an available frame into  10 the plural available
segments; for at least one of the plural available segments, using one or
more  characteristics of the available segment to adapt a linear prediction
coefficient  filter in generating a derived segment by analyzing the
available segment to  obtain linear prediction coefficients, passing random
noise through a linear 15 prediction coefficient filter which is configured
according to the obtained  coefficients to obtain generated noise, and
generating the derived segment by  superimposing the generated noise
and the available segment; and forming a merged signal by merging the
plural derived segments between  the plural available segments. 20 24.
The method of claim 23, wherein the available frame is an unvoiced
frame. 
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28. The method of claim 23, wherein the plural derived segments comprise 

more than two derived segments. 

29. The method of claim 23, wherein the processing further comprises using 

the merged signal in place of the available frame and the one or more missing 

frames. 

30. An audio decoder configured to process a bit stream for an audio signal 

and handle one or more missing frames from the bit stream, the decoder 

including: 

means for identifying plural available segments from an available frame;  

means for classifying one or more of the plural available segments as 

voiced or unvoiced; 

means for, for each of the plural available segments, using one or more 

characteristics of the available segment to adapt a linear prediction coefficient 

filter in generating a derived segment, wherein the generating the derived 

segment changes depending on whether the classification of the one or more 

plural available segments is voiced or unvoiced, wherein the using one or more 

characteristics of the available segment to adapt a linear prediction coefficient 

filter in generating a derived segment comprises: 

passing random noise through a linear prediction coefficient filter adapted 

to the available segment, and 

superimposing the filtered noise onto an extension segment to generate the 

derived segment; and 

means for forming a merged signal using the plural available segments 

and the plural derived segments. 

31.  The decoder of claim 30, wherein the available frame is an unvoiced 

frame. 

32. The decoder of claim 31, wherein the one or more characteristics comprise 

energy of the available segment. 

33. The decoder of claim 30, wherein the plural available segments include 

first and second available segments, wherein the plural derived segments include 

first and second derived segments, and wherein forming the merged signal 

comprises: 

25. The method of claim 24, wherein the one or more characteristics
comprise  energy of the available segment. 26. The method of claim 23,
wherein the plural available segments include  25 first and second
available segments, wherein the plural derived segments include  first and
second derived segments, and wherein forming the merged signal
comprises: merging the first available segment with the first derived
segment;  merging the first derived segment with the second derived
segment; and  30 merging the second derived segment with the second
available segment. 27. The method of claim 23, wherein the plural
available segments comprise  more than two available segments. 36 28.
The method of claim 23, wherein the plural derived segments comprise
more than two derived segments. 29. The method of claim 23, wherein the
processing further comprises using  the merged signal in place of the
available frame and the one or more missing 5 frames. 30. An audio
decoder configured to process a bit stream for an audio signal  and handle
one or more missing frames from the bit stream, the decoder  including:
means for identifying plural available segments from an available frame;
10 means for classifying one or more of the plural available segments as
voiced or unvoiced; means for, for each of the plural available segments,
using one or more  characteristics of the available segment to adapt a
linear prediction coefficient  filter in generating a derived segment, wherein
the generating the derived 15 segment changes depending on whether
the classification of the one or more  plural available segments is voiced
or unvoiced, wherein the using one or more  characteristics of the
available segment to adapt a linear prediction coefficient  filter in
generating a derived segment comprises: passing random noise through a
linear prediction coefficient filter adapted  20 to the available segment, and
superimposing the filtered noise onto an extension segment to generate
the  derived segment; and means for forming a merged signal using the
plural available segments  
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merging the first available segment with the first derived segment; 

merging the first derived segment with the second derived segment; and 

merging the second derived segment with the second available segment. 

34. The decoder of claim 30, wherein the plural available segments comprise 

more than two available segments. 

35. The decoder of claim 30, wherein the plural derived segments comprise 

more than two derived segments. 

36. The decoder of claim 30, further comprising means for using the merged 

signal in place of the available frame and the one or more missing frames. 

 

and the plural derived segments. 25 31. The decoder of claim 30, wherein
the available frame is an unvoiced  frame. 32. The decoder of claim 31,
wherein the one or more characteristics comprise  energy of the available
segment. 33. The decoder of claim 30, wherein the plural available
segments include  30 first and second available segments, wherein the
plural derived segments include  first and second derived segments, and
wherein forming the merged signal  comprises: 37 merging the first
available segment with the first derived segment;  merging the first derived
segment with the second derived segment; and  merging the second
derived segment with the second available segment. 34. The decoder of
claim 30, wherein the plural available segments comprise  5 more than
two available segments. 35. The decoder of claim 30, wherein the plural
derived segments comprise  more than two derived segments. 36. The
decoder of claim 30, further comprising means for using the merged
signal in place of the available frame and the one or more missing frames.
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