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Description

TECHNICAL FIELD

[0001] This disclosure relates to audio decoding techniques and, more particularly, audio decoding techniques for
audio information that includes clock signals from an audio encoder.

BACKGROUND

[0002] Audio coding is used in many applications and environments such as satellite radio, digital radio, internet
streaming (web radio), digital music players, wireless mobile devices, and a variety of mobile multimedia applications.
There are many audio coding standards, such as standards according to the motion pictures expert group (MPEG)
including MPEG-2 and MPEG-4, standards according to the International Telecommunications Union (ITU), windows
media audio (WMA) standards, and standards by Dolby Laboratories, Inc. Many audio coding standards also exist,
including the MP3 standard and successors to the MP3 standard, such as the advanced audio coding (AAC) standard
used in "iPod" devices sold by Apple Computer, Inc. Audio coding standards generally seek to achieve low bitrate, high
quality audio coding using compression. Some audio coding is "loss-less," meaning that the coding does not degrade
the audio signal, while other audio coding may introduce some loss in order to achieve additional compression.
[0003] In many applications, audio coding is used along with video coding in order to provide multi-media content for
applications such as video telephony (VT) or streaming video. Audio coding is also commonly used in mobile devices
that support multimedia applications such as video games, and the like. Indeed, mobile devices increasingly incorporate
a wide variety of functionality and content that provides audio output to a user, and therefore makes use of audio coding
techniques. Audio and video information may be segmented into frames or packets, which comprise blocks of audio
and video data. A stream of audio output can be transmitted as a sequence of audio frames or packets, and then decoded
to provide audio output to users.
[0004] Audio coding is also used in audio broadcasting or multimedia broadcasting. Multimedia broadcasting, for
example, may use Enhanced H.264 video coding for delivering real-time video services in terrestrial mobile multimedia
multicast (TM3) systems. Such TM3 systems may use the Forward Link Only (FLO) Air Interface Specification, "Forward
Link Only Air Interface Specification for Terrestrial Mobile Multimedia Multicast," to be published as Technical Standard
TIA-1099 (the "FLO Specification. Other types of multimedia broadcasting standards and techniques also exist including
future standards and techniques that may emerge or evolve.
[0005] Many audio streams carry clock signals from the encoder. In this case, the encoder provides clock signals in
the audio stream that can be used by the decoder to ensure that timing of audio output is correct. The clock signals, for
example, may be used to adjust a local clock at the decoder so that the decoder is clocked at the same rate as the
encoder, thereby avoiding problems or errors in the timing of audio output. Audio streams that carry clock signals include
audio packet streams that use the MPEG-2 Systems Transport Stream defined e.g., in ISO/IEC 138181-1. Many other
examples of audio streams that carry clock signals may also exist, including future techniques that may emerge or
evolve. Attention is drawn to document WO 03/021830 A which relates to circuitry, embodied in a media subsystem,
which reproduces a speech or other type of audio signal, and is operable when playing back audio data for reducing
synchronization delay. A method operates by, when a frame containing audio data is sent to a decoder, measuring the
synchronization delay; determining by how much the synchronization delay should be adjusted; and adjusting the syn-
chronization delay in a content-aware manner by adding or removing one or more audio samples in a selected current
frame or in a selected subsequent frame so as not to significantly degrade the quality of the played back audio data.
When the synchronization delay is adjusted by more than one audio sample, the adjustment can be made by all of the
determined audio samples in one adjustment, or the adjustment is made by less than all of the determined audio samples
by a plurality of adjustments. The step of adjusting selects, if possible, an unvoiced frame and discriminates against a
transient frame. The step of determining includes measuring an average amount of time that a frame resides in a jitter
buffer, and adjusting the synchronization delay so that the average duration approaches a desired jitter buffer residency
duration.
[0006] Further attention is drawn to document EP 0 743 773 A which relates to multiple speech bit-stream frame
buffers which are used between the controller and the speech decoder. Whenever excessive or missing speech packages
are detected, the speech decoder switches to a special corrective mode. If there is too much, the buffered frames are
played out fast; if there is too little the buffered frames are played out slowly. For the fast play, some speech information
has to be discarded, while for the slow play some speech-like information has to be synthesized. The speech may be
handled in sub-frame units, which may be samples at a time. Low energy, silent or unvoiced sub-frames, which also
indicate non-periodicity, are detected and manipulated. Moreover, the decoded signal is manipulated at the excitation
phase before the final LPC synthesis filter, resulting in a transparent perceptual effect on the manipulated speech quality.
Further, for bulk delay caused by multiplexing data and speech transmissions, the buffers maintain the smallest number
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of speech packets necessary to prevent buffer underflow during a data packet transmission while minimizing speech
delay and preserving data transmission efficiency.
[0007] Attention is also drawn to document US 6 937 988 B1 which relates to a method of processing a stream of
encoded units of data samples includes the step of calculating a sample advantage using timing information embedded
in selected ones of the encoded units, the sample advantage representing a time difference in number of samples
between the presentation of a reference sample and the availability of the reference sample. A number of phantom
samples substantially equal to the number of samples represented by the calculated sample advantage are queued and
then output from the queue at a selected rate. Substantially simultaneous with the outputting of the phantom samples
from the queue, at least some data samples of at least one encoded unit are decoded and queued behind the phantom
samples.
[0008] Finally, attention is drawn to document US 6 259 677 which relates to a real-time receiver and method for
receiving and playing out real-time packetized data. The receiver includes a packet transmission fixed delay estimator
and a packet transmission variable delay estimator. The fixed delay estimator determines, using packets received up
to the current point in a conference, the non-variable portion of observed delays. This non-variable portion is subtracted
from each packet’s observed delay to obtain a variable delay estimate for that packet. Adaptive playout delay is preferably
set aggressively low, based on observed packet variable delay estimates, to reduce data latency. Playout delay can be
adjusted upwards when higher packet delays are observed.

SUMMARY

[0009] In general, this disclosure describes audio decoding techniques for decoding audio information that needs to
be properly clocked. An encoding device may generate and include first timing information within encoded audio infor-
mation. The first timing information is associated with an encoder clock of the encoding device used to encode the audio
information. A decoding device generates second timing information for the audio information based on a decoder clock.
Differences between the first and second timing information can be used to estimate error in the decoder clock relative
to the encoder clock.
[0010] In accordance with this disclosure, the number of audio samples in decoded audio output can be adjusted to
compensate for the estimated error the in decoder clock. That is to say, rather than adjust the decoder clock to synchronize
the decoder clock to the encoder clock, this disclosure proposes adding or removing audio samples from the decoded
audio output in order to ensure that the decoded audio output is properly timed. In this way, the techniques of this
disclosure can eliminate the need for an adjustable or controllable clock at the decoding device, which can save cost.
In addition, this disclosure can allow legacy devices that do not include an adjustable or controllable clock to decode
and output audio information that needs to be properly clocked. By inserting or deleting audio samples, an adjustable
clocking effect can be achieved without the use of an adjustable clock. Various additional techniques are also described
that can improve the addition or deletion of audio samples, such as techniques that estimate periods of substantial
silence in the decoded audio output and preferentially insert or delete samples during such periods of substantial silence.
[0011] In one aspects as defined in claim 1, this disclosure provides a method comprising receiving audio A/D infor-
mation that includes first timing information associated with an encoder clock, generating second timing information for
the audio information based on a decoder clock, estimating error in the decoder clock relative to the encoder clock based
on a difference between the first timing information and the second timing information, decoding the audio information
to generate audio samples, and adjusting a number of the audio samples in decoded audio output to compensate for
the estimated error in the decoder clock.
[0012] In another aspect as defined in claim 13, this disclosure provides a device comprising means for receiving
audio information that includes first timing information associated with an encoder clock, means for generating second
timing information for the audio information based on a decoder clock, means for estimating error in the decoder clock
relative to the encoder clock based on a difference between the first timing information and the second timing information,
means for decoding the audio information to generate audio samples, and means for adjusting a number of the audio
samples in decoded audio output to compensate for the estimated error in the decoder clock .
[0013] The techniques described in this disclosure may be implemented in hardware, software, firmware, or any
combination thereof. If implemented in software, the software may be executed in a digital signal processor (DSP) or
other type of processor. The software that executes the techniques may be initially stored in a machine-readable medium
and loaded and executed in the processor.
[0014] Accordingly, this disclosure also contemplates a computer readable medium as defined in claim 12 comprising
instructions that upon execution in a device cause the device to receive audio information that includes first timing
information associated with an encoder clock, generate second timing information for the audio information based on a
decoder clock, estimate error in the decoder clock relative to the encoder clock based on a difference between the first
timing information and the second timing information, decode the audio information to generate audio samples, and
adjust a number of the audio samples in decoded audio output to compensate for the estimated error in the decoder clock .
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[0015] Additional details of various aspects and examples of the techniques described in this disclosure are set forth
in the accompanying drawings and the description below. Other features, objects and advantages of the techniques
described herein will become apparent from the description and drawings, and from the claims.

BRIEF DESCRIPTION OF DRAWINGS

[0016] FIG 1 is a block diagram illustrating a system that may use the clock compensation techniques of this disclosure.
[0017] FIG. 2 is block diagram of an audio decoding device that may use the clock compensation techniques of this
disclosure.
[0018] FIG. 3 is block diagram of a multimedia decoding device that may use the audio clock compensation techniques
of this disclosure.
[0019] FIG 4 is a flow diagram illustrating a technique in which audio samples are adjusted to compensate for error
in a clock of an audio decoding device relative to a clock of an audio encoding device.
[0020] FIG. 5 is another flow diagram illustrating techniques in which audio samples are adjusted to compensate for
error in a clock of an audio decoding device relative to a clock of an audio encoding device.

DETAILED DESCRIPTION

[0021] This disclosure describes audio decoding techniques for decoding audio information that needs to be properly
clocked. An encoding device may insert first timing information within encoded audio information. The first timing infor-
mation comprises time stamps added to an encoded stream of audio packets by the encoding device. Each successive
time stamp is applied by the encoding device in defined increments of time, such as in 100 millisecond increments, as
defined by the encoder clock.
[0022] When the decoding device receives the audio information, it generates second timing information for the audio
information based on a decoder clock. In particular, the decoding device generates its own time stamps based on its
clock as the audio information is received by the decoding device. Differences between the first and second timing
information can be used to estimate error in the decoder clock relative to the encoder clock. In particular, the difference
in time between two adjacent time stamps as applied by the encoder and independently applied by the decoder can
define an error in the decoder clock relative to the encoder clock. Filtering and averaging techniques may be used to
account for any jitter in the respective clocks.
[0023] In accordance with this disclosure, the number of audio samples in decoded audio output can be adjusted to
compensate for the estimated error the in decoder clock. That is to say, rather than adjust the decoder clock to synchronize
the decoder clock to the encoder clock, audio samples are added or removed from the decoded audio output in order
to ensure that the decoded audio output is properly timed. In this way, the techniques of this disclosure can eliminate
the need for an adjustable or controllable clock at the decoding device, which can save cost. In addition, the techniques
of this disclosure can allow legacy devices that do not include an adjustable or controllable clock to decode and output
audio information that needs to be properly clocked. By inserting or deleting audio samples, an adjustable clocking effect
can be achieved without the use of an adjustable clock. Additional techniques are also described that can improve the
addition or deletion of audio samples, such as techniques that estimate periods of substantial silence in the decoded
audio output and preferentially insert or delete samples during such periods of substantial silence.
[0024] FIG 1 is a block diagram illustrating a system 2 that may use the techniques described herein. As shown in
FIG. 1, system 2 includes an encoding device 4 that codes and transmits audio information to decoding device 6 via a
transmission channel 15. Encoding device 4 and decoding device 6 may support one-way communication of audio
information or multimedia information that includes both audio and video information. Alternatively, encoding device 4
and decoding device 6 may include reciprocal components to support two-way communication of audio or multimedia
information. Transmission channel 15 may be a wired or wireless communication medium, or any combination of wired
or wireless media.
[0025] Encoding device 4, for example, may form part of a broadcast network device used to broadcast one or more
channels of audio information or multimedia information to wireless subscriber devices. In this case, encoding device 2
may transmit several channels of audio information or multimedia information to several decoding devices (i.e., many
subscribers of the broadcast service). A single decoding device 6, however, is illustrated in FIG. 1 for simplicity. Encoding
device 4 and decoding device 6 may be implemented as one or more processors, digital signal processors, application
specific integrated circuits (ASICs), field programmable gate arrays (FPGAs), discrete logic, software, hardware,
firmware, or any combinations thereof.
[0026] [0001] Examples of encoding device 4 may include wireless base stations or any infrastructure node used to
broadcast the encoded audio information. Decoding device 6, on the other hand, may comprise a user device that
receives the encoded audio information. By way of example, decoding device 6 may be implemented as part of a digital
television, a wireless communication device, a portable digital assistant (PDA), a laptop computer or desktop computer,
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a digital music and video device, such as those sold under the trademark "iPod," a video gaming device, or a radiotel-
ephone such as cellular, satellite or terrestrial-based radiotelephone. In other examples, both encoding device 4 and
video decoding device 6 may comprise user devices, which communicate audio information between such devices via
wireless telephony, data protocols, or the like.
[0027] [0002] The components described herein are exemplary of those applicable to implementation of the techniques
described herein, although encoding device 4 and decoding device 6 may include many other components, if desired.
Moreover, the techniques of this disclosure are not necessarily limited to use in a system like that of system 2, nor a
broadcast system. The techniques may find application in any audio coding environment in which the audio information
is clocked.
[0028] Encoding device 4 includes an encoder 8 that codes audio information, and a transmitter 10 that transmits the
encoded audio information to decoding device 6 over communication channel 15. Encoding device 8 also includes an
encoder clock 12. Encoding device 4 may insert first timing information within encoded audio information. The first timing
information, for example, may comprise time stamps added to an encoded stream of audio packets by encoding device
4. Each successive time stamp is applied by the encoding device in defined increments of time, such as in 100 millisecond
increments, as defined by encoder clock 12.
[0029] Decoding device 6 includes a receiver 14 that receives the encoded audio information and a decoder 16 that
decodes the audio information for presentation to a user. Decoding device 6 also includes a decoder clock 18 and a
timing adjustment unit 20.
[0030] When decoding device 6 receives the audio information, it generates second timing information for the audio
information based on a decoder clock 18. In particular, decoding device 6 may generate its own time stamps based on
decoder clock 18 as the audio information is received. Timing adjustment unit 20 calculates differences between the
first and second timing information, and uses these calculations to estimate error in decoder clock 18 relative to encoder
clock 12. In particular, timing adjustment unit 20 calculates the difference in time between two adjacent time stamps as
applied by encoding device 4 and independently applied by decoding device 6 in order to define an error in decoder
clock 18 relative to encoder clock 12. Various filtering and averaging techniques may be used to account for any jitter
in the respective clocks.
[0031] In accordance with this disclosure, decoder 16 of decoding device 6 adjusts the number of audio samples in
decoded audio output to compensate for the estimated error the in decoder clock. In other words, rather than adjust
decoder clock 18 to synchronize decoder clock 18 to encoder clock 12, decoder 16 adds or removes audio samples
from the decoded audio output in order to ensure that the decoded audio output is properly timed. In this way, the
techniques of this disclosure can eliminate the need for decoder clock 18 to be adjustable or controllable, which can
save cost. In addition, the techniques of this disclosure can allow legacy devices that do not include an adjustable or
controllable clock to decode and output audio information that needs to be properly clocked. By inserting or deleting
audio samples, decoding device 6 effectuates proper timing in the audio output without the use of an adjustable clock.
[0032] As described in greater detail below, additional techniques can also be used to improve the addition or deletion
of audio samples by decoder 16. For example, decoder 16 may estimate periods of substantial silence in the decoded
audio output and preferentially insert or delete samples during such periods of substantial silence. As an added advantage,
the techniques may also compensate for any inherent delay that occurs due to audio processing by the various compo-
nents of decoding device 6.
[0033] The techniques described herein may work with any audio streams that carry clock signals. One example is
audio packet streams that use the MPEG-2 Systems Transport Stream defined e.g., in ISO/IEC 138181-1. Many other
examples of audio streams that carry clock signals may also exist, including future techniques that may emerge or
evolve. The techniques described herein may apply to any audio streams that carry clock signals, including the MPEG-
2 Systems Transport Stream or other audio streams.
[0034] ISDBT-T (Integrated Services Digital Broadcasting - Terrestrial), SDMB (Satellite Digital Multimedia Broad-
casting), and TDMB (Terrestrial Digital Multimedia Broadcasting) all use MPEG-2 Systems multiplexing. One example
of MPEG-2 Systems multiplexing is described in ISO/IEC 13818-1, which is also referred to in ITU-T Recommendation
H.222.0, entitled "Generic coding of moving pictures and associated audio information: Systems", October 2000. ISO
stands for International Organization for Standardization, and IEC stands for the International Electrotechnical Commis-
sion. In MPEG-2, elementary streams delivered by audio and video encoders are packetized and multiplexed with
program information (PMT) to form a program transport stream (TS). Multiple program transport streams are multiplexed
with the program table (PAT) to form a system TS. Such multiplexing may be included as part of encoder 8 or transmitter
10 of encoding device 4.
[0035] As an example, an MPEG-2 TS may comprise 188 byte TS packets where each TS packet has a 4 byte header
and a 184 byte payload. TS packet payloads may contain Packetized Elementary Streams (PES), typically comprising
audio and video and program information (PMT). Some TS packets may contain an optional adaptation field whose size
is determined by flags in the packet header. Adaptation fields may include timing information, pad bytes and other data.
[0036] The TS packet header starts with a synchronization byte and includes the Packet Identifier (PID). The PID
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identifies a particular PES within the multiplex. A PID value of zero is reserved for the PAT. A PAT is a table that associates
a PID value with a PMT for every program in the TS. The PMT contains details of the constituent elementary streams
for the program.
[0037] Referring again to FIG. 1, for an MPEG-2 TS or other transport streams that included multiplexed channels,
receiver 14 of decoding device 6 may include a demultiplexer (not shown) to facilitate reception and identification of a
channel of interest. In this case, when the demultiplexer is informed that a program has been selected (say program p),
it can use the PAT to determine the PID of the PMT for program p. The demultiplexer then uses the PMT for program
p to determine the PIDs of the elementary audio and video streams. The demultiplexer reads all packets in the TS and
accepts only those which have the PIDs it is looking for (i.e. those associated with program p).
[0038] The use of clock references and time stamps are common in MPEG-2 transport streams, but may also be used
in many other systems or protocols. In general, the programs contained in a transport stream originate from different
locations and are asynchronous. Therefore MPEG-2 provides a mechanism to enable the decoder clock to synchronize
to the encoder clock on a per-program basis. This synchronizing mechanism is called Program Clock Reference (PCR).
The PCR may be a 48 bit counter that is sampled from a 27 MHz System Time Clock (STC) of the encoding device,
such as encoder clock 12. A transport stream multiplexer (which may be included in encoder 8 or transmitter 10) can
periodically insert a PCR value (i.e. an STC sample) in an extended TS packet header. For MPEG-2 transport streams,
the PCR should be transmitted at least every 100 ms. The desired accuracy of the encoder STC may be 27 MHz � 810
Hz, which may correspond to an accuracy of approximately 30 parts per million (ppm).
[0039] Synchronization of elementary streams within a program is enabled by Presentation Time Stamp (PTS) and
Decoder Time Stamp (DTS) time stamps fields contained in the PES header. These timestamps may have 33 bits of
resolution and may be derived from the STC of encoding device 4 (after being divided down to 90 kHz). These timestamps
are used by decoding device 6 to determine when to decode the payload.
[0040] PTS indicates the time to display a decoded video frame or play a decoded audio frame. In some cases, audio
output plays continuously according to the input bitstream and video is synchronized via the video PTS to audio. DTS
indicates the time to decode a video frame, although this may only be applicable to bidirectional coded frames (B-frames).
Transmission of the DTS may be avoided if the DTS is the same as PTS.
[0041] Typical clock synchronization mechanisms may use a voltage controlled oscillator (VCO) in the decoding device.
A Voltage Controlled Crystal Oscillator (VCXO), for example, may adjust frequency according to the difference between
the incoming clock reference (e.g., a PCR) and the local clock. A low pass filter may be used to reject transmission jitter.
Heavily damped loops reject jitter well but have slower responses times. Loop lock-up time is reduced by setting the
local clock to PCR whenever the first PCR of a new channel is received or whenever the PCR discontinuity indicator is
set. As described herein, however, rather than use an adjustable clock, samples may be selectively added or dropped
from the decoded output in order to compensate for any differences between encoder clock 12 and decoder clock 18.
Such techniques are very useful for architectures that do not permit the source of the decoder clock to be adjusted.
[0042] If a particular if a decoding device does not permit the source of the decoder clock to be adjusted, it may be
conventionally difficult or impossible to synchronize the decoder clock to the encoder clock using conventional closed
loop mechanisms. In such cases, the techniques of this disclosure may be very useful. In accordance with this disclosure,
clock drift (or other errors in the decoder clock relative to the encoder clock) can be addressed by selective insertion
and removal of audio samples based on differences between PCR, the 27 MHz Transport Stream Interface (TSIF) clock
and the audio decoder clock. The insertion and removal algorithm can be specifically designed to minimize any perceivable
audio impact.
[0043] FIG. 2 is a block diagram of an exemplary audio decoding device 30, which may correspond to decoding device
6 of FIG. 1. Audio decoding device 30 includes a receiver 22, an antenna 34, a decoder clock 32, an audio buffer 24, a
timing adjustment unit 28, an audio decoder unit 26, a drive circuit 36 and one or more speakers 38A and 38B. Additional
components may also be included.
[0044] Receiver 22 receives audio information via a wireless protocol. Antenna 34 may facilitate the reception of
wireless information via receiver 22. The received audio information includes first timing information associated with an
encoder clock. For example, the first timing information may comprise time stamps periodically added by an encoding
device using an encoding clock of the encoding device (such as encoding clock 12 of encoding device 4 in FIG. 1).
[0045] The received audio information is stored in audio buffer 24. Furthermore, upon receiving the audio information,
which includes first timing information associated with an encoder clock, decoding clock 32 generates second timing
information for the audio information. This second timing information may also comprise time stamps, but the time stamps
may be different than those associated with the first timing information insofar as decoder clock 32 may be different than
the encoder clock that added the first timing information. The first and second timing information is provided to timing
adjustment unit 28.
[0046] Timing adjustment unit 28 estimates error in decoder clock 32 relative to the encoder clock that added the first
timing information based on a difference between the first timing information and the second timing information. Audio
decoder unit 26 then decodes the audio information to generate audio samples. Timing adjustment unit 28 can provide
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its error estimation to audio decoder unit 26 so that audio decoder unit 26 can adjust the number of the audio samples
in decoded audio output to specifically compensate for the estimated error in decoder clock 32 relative to the encoder clock.
[0047] Audio decoder unit 26 decodes the audio information stored in audio buffer 24. This decoding results in a
stream of digital audio samples. The digital audio samples may be delivered to drive circuit 36, which is used to drive
one or more speakers 38A and 38B to deliver audio output to a user. Drive circuit 36 may include a digital-to-analog
converter (DAC) that converts the digital audio samples into an analog signal. Drive circuit 36 may also include ampli-
fication elements to amplify the analog signal sufficient to drive speakers 38A and 38B to create audible sound.
[0048] In accordance with the teaching of this disclosure, audio decoder unit 26 adjusts the number of the audio
samples in decoded audio output to specifically compensate for the estimated error in decoder clock 32 relative to the
encoder clock. Timing adjustment unit 28 estimates error (sometimes referred to as "drift") in decoder clock 32 based
on a difference between the first timing information and the second timing information. Timing adjustment unit 28 provides
signals to audio decoder unit 26 indicative of this estimated error. Audio decoding unit then selectively inserts or removes
samples from the decoded output in order to compensate for the error or drift in decoder clock 32. The time associated
with the inserted or removed samples is sufficient to compensate for the error or drift in decoder clock 32.
[0049] For example, audio decoder unit 26 may adjust the number of audio samples by inserting additional audio
samples into the decoded output to compensate for the decoder clock being slower than the encoder clock. The inserted
audio samples may comprise silent audio samples, samples that are the same as previous or subsequent samples,
interpolated audio samples that are interpolated between one or more previous and subsequent samples, or possibly
other types of samples.
[0050] In some cases, audio decoder unit 26 may insert audio samples whenever a drift threshold is reached. In this
case, when timing adjustment unit 28 determines that an accumulated error has been reached in decoder clock 32
relative to the encoder clock, audio decoder unit 26 should insert a new sample. In other cases, however, it may be
more desirable to insert samples in a more intelligent and calculated manner. As an example, audio decoder unit 26
may estimate periods of substantial silence in the decoded audio output and preferentially insert samples during such
periods of substantial silence. In this case, when timing adjustment unit 28 determines that an accumulated error has
been reached in decoder clock 32 relative to the encoder clock, audio decoder unit 26 may insert silent audio samples
specifically into estimated times of substantial silence in the decoded output. These additional steps may reduce the
chance of generating any perceivable artifacts in the audio output. Decoder unit 26 could estimate times of substantial
silence, for example, by examining the values associated digital samples to locate periods where the values would
correspond to substantially silent output.
[0051] Audio decoder unit 26 may also adjust the number of audio samples removing one or more of the audio samples
from the decoded output to compensate for decoder clock 32 being faster than the encoder clock. In this case, when
timing adjustment unit 28 determines that an accumulated error has been reached in decoder clock 32 relative to the
encoder clock, audio decoder unit 26 should remove a sample to compensate for this error. Like the sample insertion
techniques, sample deletion may also be done in a more intelligent and calculated manner. As an example, audio decoder
unit 26 may estimate periods of substantial silence in the decoded audio output and preferentially delete samples during
such periods of substantial silence. In this case, when timing adjustment unit 28 determines that an accumulated error
has been reached in decoder clock 32 relative to the encoder clock, audio decoder unit 26 may delete substantially
silent audio samples specifically from these estimated times of substantial silence in the decoded output.
[0052] If there is no clock drift compensation, audio buffer 24 may overflow or under run. For example, audio buffer
24 can overflow when decoder clock 32 is slower than the encoder clock. Similarly, audio buffer 24 can under run when
decoder clock 32 is faster than the encoder clock. One goal of the compensation techniques is to avoid overflow and
under run by making small, generally unnoticeable corrections to the audio bitstream.
[0053] Referring again to the MPEG-2 TS example, the clock drift compensation algorithm performed by timing ad-
justment unit 28 may generate (1) estimates of the drift of PCR relative to TSIF and (2) the drift of DCLK (decoder clock
32) relative to TSIF. Timing adjustment unit 28 can subtract (2) from (1) to give an estimate of the drift of PCR relative
to DCLK. The estimate of drift of PCR relative to DCLK is then used to determine when to command audio decoder unit
26 to insert or drop samples.
[0054] Whenever receiver 22 receives a new PCR it may tag the PCR sample with a TSIF timestamp (TTS) and notify
timing adjustment unit 28. Upon receiving a PCR notification event, timing adjustment unit 28 reads and processes the
latest PCR information. The PCR information read by timing adjustment unit 28 may comprise (1) a PCR value defined
by the lower 32 bits of a 48 bit sample, (2) a TTS defined by 32 bits and including a TSIF timestamp as a 24 bit value
contained in the 32 TTS bits, and (3) a reset value defined as a Boolean value, which may be set to true on the first
PCR update after a PCR discontinuity (such as after a channel switch) .
[0055] The action of time stamping the PCR may be performed by receiver 22 to reduce time stamp jitter. Furthermore,
filtering may also be performed. As determined by the MPEG-2 Systems specification, timing adjustment unit 28 should
receive PCR updates at least every 100 ms. Timing adjustment unit 28 may use the raw PCR/TTS data provided by
receiver 22 to estimate the drift (D1) between PCR and TSIF as follows: 
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In this case, PCR; is the ith PCR update following a PCR discontinuity and TTSi is the TSIF timestamp associated PCRi.
D1 is filtered to remove jitter in PCR and TTS. When D1 = 1, PCR and TSIF are in sync. When D1 is greater than 1,
PCR is ahead of TSIF. When D1 is less than 1, PCR is behind TSIF. PCR is discontinuous when adjacent PCR updates
are not consistent with each other. When PCR is continuous, the difference between adjacent PCR values is approxi-
mately equal to the difference between PCR timestamps (allowing for drift and jitter). When PCR is discontinuous the
PCR value jumps significantly ahead or behind the PCR value predicted by the time stamping clock. PCR discontinuity
can be identified using a flag in the TS packet. Just in case the TS packet that contains the discontinuity flag is dropped,
receiver 22 may check every PCR update for discontinuity. Upon detecting PCR discontinuity receiver 22 may notify
timing adjustment unit 28 and decoder unit 26.
[0056] Audio decoder unit 26 may comprise a digital signal processor (DSP) that runs using a clock source that is not
directly available to timing adjustment unit 28. Timing adjustment unit 28, for example, may comprise a software module
executed by a different general purpose microprocessor. Audio decoder unit 26 may report the number of samples
played and number of bytes consumed periodically at a time interval specified by timing adjustment unit 28 (typically
once every 250 ms). Upon receiving an update from the audio decoder unit 26, timing adjustment unit 28 converts the
samples played counter to a 27 MHz clock count and applies a TSIF timestamp. The conversion from samples played
to 27 MHz clock count is: 

wherein DCLKj is the number of 27 MHz increments in the jth feedback interval from audio decoder unit 26 and Nj is the
number of samples played in the jth feedback interval of audio decoder unit 26. SF is the audio sample frequency in Hz.
[0057] Timing adjustment unit 28 can use the time stamped decoder clock data to estimate drift (D2) between DCLK
and TSIF as follows: 

In this case, subscript j indicates the jth feedback from audio decoder unit 26 following a PCR discontinuity. Note that
whenever a PCR discontinuity is detected both D1 and D2 estimation may be restarted. As with D1, D2 can be filtered
to remove jitter in DLCK and TTS but not necessarily using the same time constant as D1. When D2 = 1, DCLK and
TSIF are synchronized. When D2 is greater than.1, DCLK is ahead of TSIF. When D2 is less than 1, DCLK is behind TSIF.
[0058] The drift estimates D1 and D2 can be combined to give an estimate of the drift (D3) between PCR and the
decoder clock as follows: 

Thus, subtracting D2 (DCLK/TSIF drift) from D1 (PCR/TSIF drift) effectively eliminates the common time stamping entity
(TSIF). The following explains why subtraction is useful. If D1 and D2 are greater than 1 and approximately equal, then
PCR and DCLK are both ahead of TSIF and the drift of PCR relative to DCLK is small. If D1 and D2 are less than 1 and
approximately equal, then PCR and DCLK are both behind TSIF and the drift of PCR relative to DCLK is also small. If
D1 is greater than 1 and D2 is less than 1, then PCR is ahead of TSIF and DCLK is behind TSIF and the drift of PCR



EP 2 038 886 B1

9

5

10

15

20

25

30

35

40

45

50

55

relative to DCLK is potentially large.
[0059] As noted, the techniques described herein may use a sample insertion/removal threshold. As an example,
timing adjustment unit 28 may use the estimate of PCR drift relative to the decoder clock drift (D3) to instruct audio
decoder unit 26 to insert or drop PCM samples. If the audio sample frequency is SF Hz, one sample correction may
take place whenever the clock error exceeds 1 / SF seconds. Of course, preferential sample insertion and deletion may
delay or accelerate the timing of when the samples are actually inserted or deleted based on estimation of properties
of the audio output, such as estimation of times of substantial silence.
[0060] When D3 is greater than 1, one sample may be inserted every t seconds where: 

When D3 is less than 1, one sample may be removed every t seconds where: 

The time between corrections decreases as the sample frequency increases, and as the error between the encoder
clock and the decoder clock increases. The worst case (i.e. smallest time interval between corrections) may be 1.68
seconds (one sample every 595 milliseconds). This may occur when sample frequency is at its maximum (e.g., 48 kHz),
the encoder clock error is at its maximum (e.g., �30 ppm), and the decoder clock error is at its maximum in the opposite
sense relative to the encoder clock (e.g., �5 ppm).
[0061] When timing adjustment unit 28 commands audio decoder unit 26 to remove a sample, audio decoder unit 26
skips a sample in the bitstream (as if it had detected an error). When timing adjustment unit 28 commands audio decoder
unit 26 to insert a sample, audio decoder unit 26 may insert a silence sample into the bitstream, or possibly a sample
that is identical to a previous sample or an interpolated sample that is interpolated between two successive samples.
Following a sample removal, audio decoder unit 26 requests more data from audio buffer 24 later, helping to avoid buffer
overflow. Following a sample insertion, audio decoder unit 26 requests more data from audio buffer 24 sooner, helping
to avoid buffer under run.
[0062] The impact to the listener from sample drops or insertions may depend on the type of audio. More frequent
single sample adjustments typically have less of an impact than less frequent multiple sample adjustments. For speech
and most types of music, the worst case sample correction will not be noticed by the listener.
[0063] FIG. 3 is a block diagram illustrating a multimedia decoding device 50. In this case, device 50 decodes both
audio information and video information. The audio decoding by device 50 is substantially similar to that of device 30
(FIG. 2). Receiver 42 receives multimedia information via a wireless protocol. The multimedia information includes both
audio information and video information. Antenna 44 may facilitate the reception of wireless information via receiver 42.
[0064] With regard to audio information, device 50 of FIG. 3 operates in a similar manner to device 30 (FIG. 2). In this
sense, the description above with regard to audio processing by device 30 (FIG. 3) applies to the audio processing
performed by device 50. This description will not be repeated in discussing FIG. 3. Briefly, receiver 42 may operate like
receiver 22, described above. Decoder clock 52, timing adjustment unit 48 and audio buffer 46 may operate like decoder
clock 32, timing adjustment unit 28 and audio buffer 26, described above. Audio decoder unit 62, drive circuit 64 and
speakers 65A and 65B may operate like audio decoder unit 26, drive circuit 36 and speakers 38A and 38B described
above.
[0065] In accordance with this disclosure, video decoding is synchronized to the decoded audio output, which includes
the adjusted number of audio samples. Video synchronization may be based on both samples played and bitstream
bytes consumed. Audio sample drops and audio sample insertions do not have an adverse impact on audio/video
synchronization.
[0066] In order to manage audio/video synchronization, audio decoder unit 62 may report to video decoder the number
of samples played and number of bytes consumed. This reporting may occur periodically at a time interval specified by
timing adjustment unit 48. Video decoder unit 56 can then perform video decoding in a manner defined by the audio
decoding unit. This may achieve an added benefit of ensuring that video buffer 54 does not overrun or under run.
[0067] Video buffer stores coded video information. Video decoder unit 56 requests video information from video buffer
54, as needed, and decodes the frames of a video sequence. Again, this occurs in synchronization with the audio
samples, which allows the video to be inherently timed correctly insofar as audio samples are adjusted to compensate
for any errors in decoder clock 52 relative to an encoder clock. Decoded audio frames are then provided to video driver
58, which drives display 60 to present a video sequence to a user. The video sequence is synchronized with the
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corresponding audio output of speakers 65A and 65B.
[0068] FIG. 4 is a flow diagram illustrating techniques in which audio samples are adjusted to compensate for error
in a clock of an audio decoding device relative to a clock of an audio encoding device. FIG. 4 will be described from the
perspective of audio decoding device 30 illustrated in FIG. 2. As shown in FIG. 4, receiver 22 of audio decoding device
30 receives audio information that includes first timing information associated with an encoder clock (71). Audio decoding
device 30 generates second timing information for the audio information based on decoder clock 32 (72).
[0069] Timing adjustment unit 28 estimates error in decoder clock 32 relative to the encoder clock based on a difference
between the first timing information and the second timing information (73). Audio decoder unit 26 decodes the audio
information to generate audio samples (74). In doing so, audio decoder unit 26 adjusts a number of the audio samples
in decoded audio output to compensate for the estimated error in the decoder clock (75). This adjustment may involve
inserting or deleting samples, as needed, to compensate for the estimated error in the decoder clock relative to the
encoder clock used by an encoding device to encode the audio information. One sample is typically inserted or deleted
in successive increments of time in order to continuously adjust for clock drift.
[0070] FIG. 5 is another flow diagram illustrating techniques in which audio samples are adjusted to compensate for
error in a clock of an audio decoding device relative to a clock of an audio encoding device. FIG. 5 will be described
from the perspective of audio decoding device 30 illustrated in FIG. 2. As shown in FIG. 5, receiver 22 of audio decoding
device 30 receives audio information that includes first time stamps defined according to an encoder clock (81). Audio
decoding device 30 generates second time stamps for the audio information based on decoder clock 32 (82).
[0071] Timing adjustment unit 28 estimates error in decoder clock 32 relative to the encoder clock based on the first
and second time stamps (83). Audio decoder unit 26 decodes the audio information to generate audio samples (84). In
doing so, audio decoder unit 26 inserts or deletes an audio sample in decoded audio output to compensate for the
estimated error in the decoder clock (85). This continues (as illustrated by the loop in FIG. 5) such that one sample is
inserted or deleted in successive increments of time in order to continuously adjust for clock drift. Each inserted or
deleted sample compensates for drift that occurs over a discrete time increment. The time increments are typically
relatively steady, such that samples are inserted or deleted in a steady periodic manner unless the clock drift changes,
e.g., due to temperature variations at the encoder clock, the decoder clock, or both. If clock drift changes, the time
increments associated with sample insertion or deletion may likewise change.
[0072] A number of techniques and examples have been described. The described techniques may be implemented
in hardware, software, firmware, or any combination thereof. If implemented in software, the techniques described herein
may be embodied in a computer readable medium comprising instructions that upon execution in a device to perform
one or more of the techniques described above. For example, the instructions, upon execution, may cause the device
to receive audio information that includes first timing information associated with an encoder clock, generate second
timing information for the audio information based on a decoder clock, estimate error in the decoder clock relative to the
encoder clock based on a difference between the first timing information and the second timing information, decode the
audio information to generate audio samples, and adjust a number of the audio samples in decoded audio output to
compensate for the estimated error in the decoder clock .
[0073] [0003] The computer-readable medium may comprise random access memory (RAM) such as synchronous
dynamic random access memory (SDRAM), read-only memory (ROM), non-volatile random access memory (NVRAM),
electrically erasable programmable read-only memory (EEPROM), FLASH memory, magnetic or optical data storage
media, and the like. The instructions may be executed by one or more processors or other machines, such as one or
more digital signal processors (DSPs), general purpose microprocessors, one or more application specific integrated
circuits (ASICs), one or more field programmable logic arrays (FPGAs), or other equivalent integrated or discrete logic
circuitry. In some embodiments, the functionality described herein may be provided within dedicated software modules
or hardware units configured for encoding and decoding audio or multimedia information, or incorporated in a combined
multimedia encoder-decoder (CODEC).
[0074] These and other examples are within the scope of the following claims.

Claims

1. A method comprising:

receiving audio information that includes first timing information associated with an encoder clock (12), wherein
the first timing information comprises first time stamps added by an encoding device to an encoded stream of
audio packets included in the audio information;
generating second timing information comprising second time stamps for the audio information based on a
decoder clock (18);
estimating error in the decoder clock (18) relative to the encoder clock based on a difference between the first
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timing information and the second timing information;
decoding the audio information to generate audio samples; and
adjusting a number of the audio samples in decoded audio output to compensate for the estimated error in the
decoder clock (18).

2. The method of claim 1, wherein adjusting the number of audio samples comprises inserting additional audio samples
into the decoded output to compensate for the decoder clock (18) being slower than the encoder clock (12).

3. The method of claim 2, wherein inserting the additional audio samples comprises inserting silent audio samples.

4. The method of claim 3, wherein inserting the additional audio samples comprises:

estimating times of substantial silence in the decoded audio output; and
inserting the silent audio samples in the times of substantial silence.

5. The method of claim 2, wherein inserting the additional audio samples comprises inserting interpolated audio sam-
ples.

6. The method of claim 1, wherein adjusting the number of audio samples comprises removing one or more of the
audio samples from the decoded output to compensate for the decoder clock (18) being faster than the encoder
clock (12).

7. The method of claim 6, wherein removing one or more of the audio samples comprises removing substantially silent
audio samples.

8. The method of claim 7, wherein removing one or more of the audio samples comprises:

estimating times of substantial silence in the decoded output; and
removing the silent audio samples from the times of substantial silence.

9. The method of claim 1, wherein the audio information comprises encoded audio information within audio packets.

10. The method of claim 9, wherein the audio packets comply with a motion pictures expert group 2 (MPEG-2) Transport
Stream (TS) protocol.

11. The method of claim 1, further comprising:

synchronizing video decoding to the decoded audio output that includes the adjusted number of audio samples.

12. A computer readable medium comprising instructions that upon execution in a device cause the device to carry out
the steps of any of claims 1 to 11.

13. A device (6) comprising:

means for receiving (14) audio information that includes first timing information associated with an encoder
clock (12), wherein the first timing information comprises first time stamps added by an encoding device to an
encoded stream of audio packets included in the audio information;
means for generating second timing information comprising second time stamps for the audio information based
on a decoder clock (18);
means for estimating error in the decoder clock relative to the encoder clock (12) based on a difference between
the first timing information and the second timing information;
means for decoding (16) the audio information to generate audio samples; and
means for adjusting a number of the audio samples in decoded audio output to compensate for the estimated
error in the decoder clock (18).

14. The device of claim 13, wherein the means for adjusting the number of audio samples inserts additional audio
samples into the decoded output to compensate for the decoder clock being slower than the encoder clock.
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15. The device of claim 14, wherein the means for adjusting the number of audio samples inserts silent audio samples
into the decoded audio output.

Patentansprüche

1. Ein Verfahren, das folgende Schritte aufweist:

Empfangen von Audioinformationen, die mit einem Codierertakt (12) assoziierte erste Timinginformationen
enthalten, wobei die ersten Timinginformationen erste Zeitstempel aufweisen, die durch eine Codiereinrichtung
zu einem codierten Strom von Audiopaketen in den Audioinformationen hinzugefügt wurden,
Erzeugen von zweiten Timinginformationen, die zweite Zeitstempel für die Audioinformationen auf der Basis
eines Decodierertakts (18) aufweisen,
Schätzen eines Fehlers in dem Decodierertakt (18) relativ zu dem Codierertakt auf der Basis einer Differenz
zwischen den ersten Timinginformationen und den zweiten Timinginformationen,
Decodieren der Audioinformationen, um Audioabtastungen bzw. - Samples zu erzeugen, und
Anpassen einer Anzahl der Audio-Samples in einer decodierten Audioausgabe, um den geschätzten Fehler in
dem Decodierertakt (18) zu kompensieren.

2. Verfahren nach Anspruch 1, wobei das Anpassen der Anzahl von Audio-Samples das Einfügen von zusätzlichen
Audio-Samples in die decodierte Ausgabe aufweist, um zu kompensieren, dass der Decodierertakt (18) langsamer
ist als der Codierertakt (12).

3. Verfahren nach Anspruch 2, wobei das Einfügen der zusätzlichen Audio-Samples das Einfügen von stummen Audio-
Samples aufweist.

4. Verfahren nach Anspruch 3, wobei das Einfügen der zusätzlichen Audio-Samples aufweist:

Schätzen der im Wesentlichen stummen Zeiten in der decodierten Audioausgabe, und
Einfügen der stummen Audio-Samples in die im Wesentlichen stummen Zeiten.

5. Verfahren nach Anspruch 2, wobei das Einfügen der zusätzlichen Audio-Samples das Einfügen von interpolierten
Audio-Samples aufweist.

6. Verfahren nach Anspruch 1, wobei das Anpassen der Anzahl von Audio-Samples das Entfernen von einer oder
mehreren der Audio-Samples aus der decodierten Ausgabe aufweist, um zu kompensieren, dass der Decodierertakt
(18) schneller ist als der Codierertakt (12).

7. Verfahren nach Anspruch 6, wobei das Entfernen von einer oder mehreren der Audio-Samples das Entfernen von
im Wesentlichen stummen Audio-Samples aufweist.

8. Verfahren nach Anspruch 7, wobei das Entfernen von einer oder mehreren der Audio-Samples aufweist:

Schätzen von im Wesentlichen stummen Zeiten in der decodierten Ausgabe, und
Entfernen der stummen Audio-Samples aus den im Wesentlichen stummen Zeiten.

9. Verfahren nach Anspruch 1, wobei die Audioinformationen codierte Audioinformationen innerhalb der Audiopakete
aufweisen.

10. Verfahren nach Anspruch 9, wobei die Audiopakete einem MPEG-2 TS (Motion Pictures Expert Group 2 Transport
Stream)-Protokoll entsprechen.

11. Verfahren nach Anspruch 1, das weiterhin aufweist:

Synchronisieren der Videodecodierung mit der decodierten Audioausgabe, die die angepasste Anzahl von
Audio-Samples enthält.

12. Ein Computerlesbares Medium, das Befehle aufweist, die bei einer Ausführung in einem Gerät veranlassen, dass
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das Gerät die Schritte nach einem der Ansprüche 1 bis 11 durchführt.

13. Ein Gerät (6), das aufweist:

Mittel (14) zum Empfangen von Audioinformationen, die mit einem Codierertakt (12) assoziierte erste Timin-
ginformationen enthalten, wobei die ersten Timinginformationen erste Zeitstempel aufweisen, die durch eine
Codiereinrichtung zu einem codierten Strom von Audiopaketen in den Audioinformationen hinzugefügt wurden,
Mittel zum Erzeugen von zweiten Timinginformationen, die zweite Zeitstempel für die Audioinformationen auf
der Basis eines Decodierertakts (18) aufweisen,
Mittel zum Schätzen eines Fehlers in dem Decodierertakt relativ zu dem Codierertakt (12) auf der Basis einer
Differenz zwischen den ersten Timinginformationen und den zweiten Timinginformationen,
Mittel (16) zum Decodieren der Audioinformationen, um Audio-Samples zu erzeugen, und
Mittel zum Anpassen einer Anzahl der Audio-Samples in einer decodierten Audioausgabe, um den geschätzten
Fehler in dem Decodierertakt (18) zu kompensieren.

14. Gerät nach Anspruch 13, wobei das Mittel zum Anpassen der Anzahl von Audio-Samples zusätzliche Audio-Samples
in die decodierte Ausgabe einfügt, um zu kompensieren, dass der Decodierertakt langsamer ist als der Codierertakt.

15. Gerät nach Anspruch 14, wobei das Mittel zum Anpassen der Anzahl von Audio-Samples stumme Audio-Samples
in die decodierte Audioausgabe einfügt.

Revendications

1. Procédé comprenant les étapes suivantes :

recevoir des informations audio qui comprennent des premières informations temporelles associées à une
horloge de codeur (12), les premières informations temporelles comprenant des premiers marqueurs temporels
ajoutés par un dispositif de codage à un flux codé de paquets audio inclus dans les informations audio ;
générer des deuxièmes informations temporelles comprenant des deuxièmes marqueurs temporels pour les
informations audio sur la base d’une horloge de décodeur (18) ;
estimer une erreur dans l’horloge de décodeur (18) par rapport à l’horloge de codeur sur la base d’une différence
entre les premières informations temporelles et les deuxièmes informations temporelles ;
décoder les informations audio pour générer des échantillons audio ; et
ajuster un nombre d’échantillons audio dans la sortie audio décodée pour compenser l’erreur estimée dans
l’horloge de décodeur (18).

2. Procédé selon la revendication 1, dans lequel l’ajustement du nombre d’échantillons audio comprend l’insertion
d’échantillons audio additionnels dans la sortie décodée pour compenser le fait que l’horloge de décodeur (18) est
plus lente que l’horloge de codeur (12).

3. Procédé selon la revendication 2, dans lequel l’insertion des échantillons audio additionnels comprend l’insertion
d’échantillons audio de silence.

4. Procédé selon la revendication 3, dans lequel l’insertion d’échantillons audio additionnels comprend les étapes
suivantes :

estimer des temps de silence notable dans la sortie audio décodée ; et
insérer les échantillons audio de silence dans les temps de silence notable.

5. Procédé selon la revendication 2, dans lequel l’insertion des échantillons audio additionnels comprend l’insertion
d’échantillons audio interpolés.

6. Procédé selon la revendication 1, dans lequel l’ajustement du nombre d’échantillons audio comprend la suppression
d’un ou plusieurs des échantillons audio de la sortie décodée pour compenser le fait que l’horloge de décodeur (18)
est plus rapide que l’horloge de codeur (12).

7. Procédé selon la revendication 6, dans lequel la suppression d’un ou plusieurs des échantillons audio comprend
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la suppression d’échantillons audio sensiblement silencieux.

8. Procédé selon la revendication 7, dans lequel la suppression d’un ou plusieurs des échantillons audio comprend
l’étape suivants :

estimer des temps de silence notable dans la sortie décodée ; et
supprimer les échantillons audio de silence des temps de silence notable.

9. Procédé selon la revendication 1, dans lequel les informations audio comprennent des informations audio codées
dans des paquets audio.

10. Procédé selon la revendication 9, dans lequel les paquets audio sont conformes avec un protocole de Flux de
Transport (TS) du groupe d’experts d’images animées 2 (MPEG-2).

11. Procédé selon la revendication 1, comprenant en outre l’étape suivants :

synchroniser un décodage vidéo sur la sortie audio décodée qui comprend le nombre ajusté d’échantillons audio.

12. Support lisible par un ordinateur comprenant des instructions qui lors de leur exécution dans un dispositif amènent
le dispositif à réaliser les étapes de l’une quelconque des revendications 1 à 11.

13. Dispositif (6) comprenant :

des moyens pour recevoir (14) des informations audio qui comprennent des premières informations temporelles
associées à une horloge de codeur (12), les premières informations temporelles comprenant des premiers
marqueurs temporels ajoutés par un dispositif de codage à un flux codé de paquets audio inclus dans les
informations audio ;
des moyens pour générer des deuxièmes informations temporelles comprenant des deuxièmes marqueurs
temporels pour les informations audio sur la base d’une horloge de décodeur (18) ;
des moyens pour estimer une erreur dans l’horloge de décodeur par rapport à l’horloge de codeur (12) sur la
base d’une différence entre les premières informations temporelles et les deuxièmes informations temporelles ;
des moyens pour décoder (16) les informations audio pour générer des échantillons audio ; et
des moyens pour ajuster un nombre d’échantillons audio dans la sortie audio décodée pour compenser l’erreur
estimée dans l’horloge de décodeur (18).

14. Dispositif selon la revendication 13, dans lequel les moyens pour ajuster le nombre d’échantillons audio insèrent
des échantillons audio additionnels dans la sortie décodée pour compenser le fait que l’horloge de décodeur est
plus lente que l’horloge de codeur.

15. Dispositif selon la revendication 14, dans lequel les moyens pour ajuster le nombre d’échantillons audio insèrent
des échantillons audio de silence dans la sortie audio décodée.
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