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(57) Abstract: Synchronization of downlink streaming data is performed by estimating the likelihood of an underflow or an over-
& flow (406) in an output buffer upon receipt of each encoded data frame (402) to determine if synchronization will be needed. After
& each encoded data frame is decoded (408a, 408b) it is then synchronized if the estimate indicated synchronization would be needed.

Synchronization of uplink steaming data is performed by estimating the likelihood of an underflow or an overflow in an input buffer
upon sending of each encoded data frame to an output modem for transmission to determine if synchronization will be needed. If
needed, synchronization will be performed later on a portion of data samples taken from the input buffer that are used to form a
frame of un- encoded data samples.
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SELF-SYNCHRONIZED STREAMING ARCHITECTURE

This invention generally relates to data streaming systems such as mobile telephony
and video conferencing.
BACKGROUND

The Global System for Mobile Communications (GSM: originally from Groupe
Spécial Mobile) is currently the most popular standard for mobile phones in the world and is
referred to as a 2G (second generation) system. W-CDMA (Wideband Code Division
Multiple Access) is a type of 3G (third generation) cellular network. W-CDMA is the higher
speed transmission protocol designed as a replacement for the aging 2G GSM networks
deployed worldwide. More technically, W-CDMA is a wideband spread-spectrum mobile air
interface that utilizes the direct sequence Code Division Multiple Access signaling method
(or CDMA) to achieve higher speeds and support more users compared to the older TDMA
(Time Division Multiple Access) signaling method of GSM networks.

The ability to perform handovers without interruption of service is a key requirement
for all cellular networks. Historically, this has focused on supporting a voice call during
handover for a given cellular technology. This situation has now changed with the need to
support cell transitions for multiple services (voice, video and data) and also to seamlessly
encompass a variety of wireless technologies (GSM/EDGE, WCDMA/HSDPA). There are
two reasons why a handoff (handover) might be conducted: if the phone has moved out of
range from one cell site (base station) and can get a better radio link from a stronger
transmitter, or if one base station is full the connection can be transferred to another nearby
base station.

The most basic form of handoff is that used in GSM and analog cellular networks,
where a phone call in progress is redirected from one cell site and its transmit/receive
frequency pair to another base station (or sector within the same cell) using a different
frequency pair without interrupting the call. In GSM, the access technology is TDMA based
and hence, the mobile’s receiver can use “free timeslots” to change frequency and make
measurements. Using the information {from the measurement reports, the network can then
choose to instruct the mobile to perform a handover from its existing serving cell to a given

target cell as defined. As the phone can be connected to only one base station at a time and
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therefore needs to drop the radio link for a brief period of time before being connected to a
different, stronger transmitter, this is referred to as a hard handoff. This type of handoff is
described as "break before make" (referring to the radio link).

In CDMA systems the phone can be connected to several cell sites simultaneously,
combining the signaling from nearby transmitters into one signal using a rake receiver. Each
cell is made up of one to three (or more) sectors of coverage, produced by a cell site's
independent transmitters outputting through antennas pointed in different directions. The set
of sectors the phone is currently linked to is referred to as the "active set". A soft handoff
occurs when a CDMA phone adds a new sufficiently-strong sector to its active set. It is so
called because the radio link with the previous sector(s) is not broken before a link is
established with a new sector; this type of handoff is described as "make before break". In
the case where two sectors in the active set are transmitted from the same cell site, they are
said to be in softer handoff with each other.

There are also inter-radio access technology (I-RAT) handoffs where a call's
connection is transferred from one access technology to another, e.g. a call being transferred
from GSM to W-CDMA. If the mobile phone leaves a cell and no new cell can be found in
the same system, the base station can hand over an appropriately equipped mobile phone to a
cell in another system. These intersystem handovers are highly complex because two
technically disparate systems must be combined with each other. Basically, there are two
handover options from WCDMA to GSM: In the case of blind handover, the base station
simply transmits the mobile phone with all relevant parameters to the new cell. The mobile
phone changes “blindly” to the GSM cell, i.e. it has not yet received any information about
the timing there. It will first contact the transmitted control channel (BCCH), where it tries to
achieve the frequency and time synchronization within 800 ms. Next, it will switch to the
handed-over physical voice channel, where it will carry out the same sequence as with the
non-synchronized intercell handover. For the second type of handover from WCDMA to
GSM, the compressed mode is used within the WCDMA cell; in this mode, transmission and
reception gaps occur during the transmission between base station and mobile phone. During
these gaps, the mobile phone can measure and analyze the nearby GSM cells. For this

purpose, the base station, similar to the GSM system, provides a neighbor cell list and the
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mobile phone transfers the measurement results to the base station. The actual handover in
the compressed mode is basically analogous to blind handover.

During handovers, muting of the audio provided to the cell phone user is generally
required in order to compensate for the interruptions to the data stream.
SUMMARY

An embodiment of the present invention provides a method for synchronizing
streaming data by estimating if a buffer is likely to overflow or underflow and smoothly
shrinking or stretching the data stream to prevent underflow and overflow.
BRIEF DESCRIPTION OF THE DRAWINGS

Particular embodiments in accordance with the invention are described by way of
example, with reference to the accompanying drawings:

FIG. 1 is a block diagram of a representative cell phone that performs
synchronization of a stream of audio data frames;

FIG. 2 is a time line illustrating operation of the data stream synchronization process
on the cell phone of FIG. 1;

FIG. 3 is a block diagram illustrating functional blocks of a software based
architecture that performs the data stream synchronization process of FIG. 2;

FIG. 4 is a flow diagram that illustrates operation of downlink stream synchronization
in more detail;

FIGS. 5A-5C are time lines illustrating nominal initial TDMA sequences of downlink
decoded audio data frames that may be received by the cell phone of FIG. 1; and

FIGS. 6A-6C are time lines illustrating nominal initial TDMA sequences of uplink
audio data frames that may be sent by the cell phone of FIG. 1.
DETAILED DESCRIPTION OF EXAMPLE EMBODIMENTS

Mobile telephony is based on transmission of encoded frames that may arrive and
depart at irregular times due to factors such as: time allocation of the transmission protocol,
varying transmission distance from a base station, intra and inter RAT (radio access
technology) handoff activity, signal reflections by buildings and other obstructions, clock
drifts between various pieces of equipment in the system, jitter in processing each frame of

encoded data, round trip transmission delays, etc. The telephone handset, often referred to as
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a cell phone, attempts to input and output audio data streams sample by sample at a fixed
sample rate in order to minimize sound quality distortion. A synchronization system is
provided that overcomes these factors and provides audio data streaming continuity at both
ends of the system.

FIG. 1 is a block diagram of a representative cell phone 100 that includes an
embodiment of the present invention for synchronization of a stream of audio data frames.
Digital baseband (DBB) unit 102 is a digital processing processor system that includes
embedded memory and security features. In this embodiment, DBB 102 is an open media
access platform (OMAP™) available from Texas Instruments designed for multimedia
applications. Some of the processors in the OMAP family contain a dual-core architecture
consisting of both a general-purpose host ARM™ (advanced RISC (reduced instruction set
processor) machine) processor and one or more DSP (digital signal processor). The digital
signal processor featured is commonly one or another variant of the Texas Instruments
TMS320 series of DSPs. The ARM architecture is a 32-bit RISC processor architecture that
is widely used in a number of embedded designs.

Analog baseband (ABB) unit 104 performs processing on audio data received from
stereo audio codec (coder/decoder) 109. Audio codec 109 receives an audio stream from FM
Radio tuner 108 and sends an audio stream to stereo headset 116 and/or stereo speakers 118.
In other embodiments, there may be other sources of an audio stream, such a compact disc
(CD) player, a solid state memory module, etc. ABB 104 receives a voice data stream from
handset microphone 113a and sends a voice data stream to handset mono speaker 113b.
ABB 104 also receives a voice data stream from microphone 114a and sends a voice data
stream to mono headset 114b. Usually, ABB and DBB are separate ICs. In most
embodiments, ABB does not embed a programmable processor core, but performs processing
based on configuration of audio paths, filters, gains, etc being setup by software running on
the DBB. In an alternate embodiment, ABB processing is performed on the same OMAP
processor that performs DBB processing. In another embodiment, a separate DSP or other
type of processor performs ABB processing.

RF transceiver 106 includes a receiver for receiving a stream of coded data frames

from a cellular base station via antenna 107 and a transmitter for transmitting a stream of
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coded data frames to the cellular base station via antenna 107. In this embodiment, multiple
transceivers are provided in order to support both GSM and WCDMA operation. Other
embodiments may have only one type or the other, or may have transceivers for a later
developed transmission standard. In other embodiments, a single transceiver may be
configured to support multiple Radio Access Technologies. RF transceiver 106 is connected
to DBB 102 which provides processing of the frames of encoded data being received and
transmitted by cell phone 100.

DBB unit 102 may send or receive data to various devices connected to USB
(universal serial bus) port 126. DBB 102 is connected to SIM (subscriber identity module)
card 110 and stores and retrieves information used for making calls via the cellular system.
DBB 102 is also connected to memory 112 that augments the onboard memory and is used
for various processing needs. DBB 102 is connected to Bluetooth baseband unit 130 for
wireless connection to a microphone 132a and headset 132b for sending and receiving voice
data.

DBB 102 is also connected to display 120 and sends information to it for interaction
with a user of cell phone 100 during a call process. Display 120 may also display pictures
received from the cellular network, from a local camera 126, or from other sources such as
USB 126.

DBB 102 may also send a video stream to display 120 that is received from various
sources such as the cellular network via RF transceiver 106 or camera 126. DBB 102 may
also send a video stream to an external video display unit via encoder 122 over composite
output terminal 124. Encoder 122 provides encoding according to PAL/SECAM/NTSC
video standards.

FIG. 2 is a time line illustrating operation of the data stream synchronization process
on the cell phone 100 of FIG. 1. Band 202 represents a stream of encoded data frames being
received at DBB unit 102 from RF transceiver 106 of cell phone 100. A GSM modem is
implemented by software running on DBB 102. Modem software controls transceiver 106. In
the GSM transmission protocol, a cyclic sequence of 13 TDMA frames (12 + 1 idle) is
transferred. The TDMA frame is a basic time unit in GSM and is 4.615 ms long. A 13
TDMA sequence is chunked in 4, 4 and 5 TDMA frames. The result is repeating pattern of 4-
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4-5-4-4-5-4-4-5-... frame sequences (approximately 18.5, 18.5 and 23 ms). Thus in GSM,
the encoded speech frames are delivered on downlink each 18.5, 18.5, 23 ms, even if the
encoded speech frame contains 20 ms of speech. But as digital baseband unit 102 is
switched on independently from the GSM modem, it may start with a 4-4-5, a 4-5-4 or a 5-4-
4 sequence. The sequence illustrated in FIG. 2 is a 4-5-4 sequence. In WCDMA, the rhythm
is regular (20 ms for each frame), but synchronization is still required as the WCDMA
modem clock is not synchronized with the clock of ABB 104. Frame synch signal 204
indicates when each coded data frame is received from the GSM modem; this signal is then
used by synchronization software running in DBB 102 as will be described later. Because of
the irregular 4-5-4 TDMA chunking, frame synch signal 204 occurs at an irregular rate, as
indicated at 204a-d. While four occurrences of frame synch signal 204 are illustrated, it is to
be understood the stream extends both before and after the representative frames illustrated
herein.

Band 210 represents processing operation of a speech decoder module in cell phone
100. In this embodiment, the speech decoder module is a software module that is executed in
a processor core of DBB 102. In other embodiments, the decoder may be a hardware module
or be software executed on a different processor core, for example. Frame processing
operation 212 is performed on each encoded data frame after receipt of each frame is
indicated by frame synch signal 204. Frame processing time 214 varies from frame to frame
depending on factors such as complexity of each frame, acoustic signal processing, other
tasks being performed by the processing core, etc. For example, frame processing time 214c
is longer than frame processing times 214a-b or 214d. The decoder module decodes each
encoded TDMA frame to produce a set of 160 PCM (pulse code modulated) audio data
samples that represent 20ms of speech or audio data. Other embodiments or protocols may
use other defined sample rates or frame sizes, such as 80, 240, 320 etc samples/frame. 160
samples is a usual case, but frame size is 320 for AMR-WB speech which is 16kHz PCM
coded (better quality with higher sampling frequency) Indeed, the number of samples
contained in a speech frame depends on the combination of voice codec sampling frequency,
usually 8000 or 16000Hz, and frame duration which is usually 20 milliseconds, but can be

10, 30 or other values, with n=sampling frequency*{rame duration.
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Band 220 represents processing operation of a synchronization module in cell phone
100. In this embodiment, the synchronization module is a software module that is executed
in the DSP processor core of DBB 102. In other embodiments, the synchronizer may be a
hardware module or be software executed on a different processor core, for example. An
output buffer is provided in DBB102 that holds the PCM data samples of each decoded
frame from which samples are provided one by one at a fixed sample rate to ABB 104 and to
BBB 130. ABB 104 then routes them to audio codec 109 or handset 113b or headset 114b or
other audio output path at a fixed rate as indicated by timeline 230 for conversion to an
analog signal that is provided to stereo headphone 116, stereo speakers 118 or mono headset
113b or 114b. BBB 130 also transmits them at a fixed rate as indicated by timeline 230 for
conversion to an analog signal that is by wireless headset 132b. In this embodiment, the fixed
rate is generally 8000 samples/second, or one sample every 125 microsecond; however, other
sample rates may be used depending on the protocol, as discussed above. At the time each
encoded frame is received, as indicated by frame sync signal 204, a determination is made of
the number of remaining data samples in the output buffer. Using this number, an estimate is
calculated that can predict if an underflow or overflow of the output buffer is likely to occur
before the next set of decoded PCM data samples is placed in the output buffer. If an
underflow or overflow is likely to occur, then a synchronization operation 224 is performed
on the frame being decoded in order to smoothly shrink or extend that frame in order to
prevent a potential underflow or overflow of the output buffer.

For example, in the sequence illustrated in FIG. 2, at time 222a which corresponds to
frame synch signal 204a indicating the arrival of frame n, based on the number of samples
remaining in the output buffer it can be estimated that an underflow or overflow of the output
buffer is unlikely during the next frame time. However, at time 222b which corresponds to
frame synch signal 204b indicating the arrival of frame n+1, based on the number of samples
now remaining in the output buffer, it can be estimated that on underflow is likely to occur
before the next frame time. Therefore, synchronization operation 224 is performed on the
decoded data samples of frame n+1. At time 222¢ which corresponds to frame synch signal
204c indicating the arrival of frame n+2, it can be estimated that an underflow or overflow of

the output buffer is unlikely during the next frame time based on the number of samples
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remaining in the output buffer at that time; therefore no synchronization operation is needed.
Similarly, at time 222d which corresponds to frame synch signal 204d indicating the arrival
of frame n+3, it can be estimated that an underflow or overflow of the output buffer is
unlikely during the next frame time based on the number of samples remaining in the output
buffer at that time; therefore no synchronization operation is needed.

FIG. 3 is a block diagram illustrating functional blocks of a software based
architecture 300 that performs the data stream synchronization process of FIG. 2. As
mentioned earlier, the various software modules that make up software system 300 are
executed on the processor cores within DBB 102. In this embodiment, there are two
processor cores; in another embodiment there may be only one processor or three or more
processor cores as required to handle to total system processing load. Modem 320 is
embodied by modem software running on DBB 102 and receives encoded data frames on
during downlink transfers and provides encoded data frames for transmission during uplink
transfers. The downlink encoded frames are transferred to DBB 102 and received by modem
interface 302 which generates the frame synch signal 204 upon receipt of each frame. Voice
codec 304 then decodes each encoded data frame to produce a set of 160 PCM audio data
samples that represent 20ms of speech or audio data.

In this embodiment of cell phone 100, application program and hardware 340
provides secondary audio streams 305. These streams are derived from FM tuner 108, and
software based applications such as voice memo, tones generation, key beeps, etc. As
discussed earlier, other embodiments may have additional sources of secondary audio
streams. Mixer 306 performs play and record of secondary streams on downlink and uplink.
Mixer 306 mixes the downlink and uplink voice data frames and the secondary audio
streams. Acoustic processor 308 performs tonal and amplitude processing, echo cancellation
and miscellaneous acoustic improvements on both downlink and uplink. A user of the cell
phone provides commands via keypad 115 and touch screen 121.

Input/Output buffers 314 are located in the internal memory of DBB 102 or in
auxiliary memory 112. An input buffer 314 accepts PCM samples at a fixed rate from audio
hardware 330 that are derived from microphone 114a, handset 113a or wireless microphone

132a. An output buffer 314 transmits PCM data samples at a fixed rate to audio hardware
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330 for listening on handset 113b, headset 114b, stereo headset 116, speakers 118, or
wireless headset 132b.

Each time frame synch signal 204 is asserted to indicate a new encoded data frame
has been received, synchronization module 310 determines how many decoded data samples
remain in output buffer 314 for downlink transfers. For each frame synch event,
synchronization module 310 estimates the likelihood of an overflow or underflow of
input/output buffer 314. If an underflow or overflow is likely, then various embodiments of
synchronization module 310 performs one or more techniques on the pending decoded data
frame, such as: adaptive coding scheme, sample drop or repeat, interpolative stretch or
shrink, etc.

Once a frame has been processed if needed by synchronization module 310 the
resulting decoded data samples are placed in output buffer 314 using a “set stream” event
318.

In this manner, synchronization is centralized in synchronization module 310 and
requires no additional control. Since the audio digitizing/rendering processes are separate
from modem 320, the system supports seamlessly multiple data pumps, such as 2-3G cell
phone, UMA (unlicensed mobile access), VoIP (voice over internet protocol), VTC (video
teleconferencing), etc.

This software based process also eliminates the need to perform a hardware mute
during cellular handoffs. Therefore, the secondary audio stream can continue to play in an
uninterrupted manner even during handoffs.

Dynamic parameterization can be performed by monitoring the processing time
required by each module 302, 304, 306, and 308 and adjusting the overflow/underflow
estimation process accordingly, as will be described in more detail below.

For uplink transfers, the process is similar, except that un-encoded PCM samples are
obtained from input buffer 314 using a “get stream” event, encoded by codec 304 and then
sent to modem 320 via modem interface 302. Each time an encoded frame is sent to modem
320, a frame synch event 204 causes the number of already acquired samples in input buffer
314 to be determined. Using this number an estimation is made of the likelihood of an

underflow or overflow in input buffer 314. If an underflow or overflow is likely, then a



10

15

20

25

30

WO 2008/121943 PCT/US2008/058864

TI-62736WO

portion of more or fewer samples is taken from input buffer 314 to form the next frame and
DSP processing is performed by synchronizer 310 to smoothly shrink or expand the taken
number of samples as needed.

FIG. 4 is a flow diagram that illustrates operation of downlink stream synchronization
in more detail. Each time a complete encoded data frame is received 402 a determination
404 of the number of data samples remaining in output buffer 314 is made. An estimation
406 is then performed using the number of data samples remaining in the output buffer.
Estimation 406 also uses various parameters including: maximum frame processing time
expressed in number of samples, where each sample represents 125 microseconds in this
example (as mentioned earlier other protocols may have different sample rates.); the frame
length in samples which is 160 in this embodiment; the minimum number of sample times
between two frame synchro events; and the maximum number of sample times between two
frame synchro events. If estimation 406 indicates an overflow or underflow is unlikely, then
the encoded date frame is decoded 408a and the resulting 160 samples are placed 412 in the
output buffer. On the other hand, if estimation 406 indicates an underflow/overflow is likely,
then after decoding 408b the encoded data frame, the decoded samples are further processed
to either shrink or expand the number of PCM data samples. Essentially independently, data
samples are transmitted 420 from the output buffer at a fixed rate of one sample every 125
microseconds (may be different for other protocols), converted to analog and sent to an
output device such as handset speaker 113b, headset 114b, stereo headphone 116, speakers
118 or wireless headset 132b. Thus, synchronization is maintained with the local cell phone
streaming data audio system and a remote cell phone audio system and all of the intervening
communication paths.

FIGS. 5A-5C are time lines illustrating nominal initial TDMA sequences of downlink
decoded audio data frames that may be received by cell phone 100. When cell phone 100
initially accepts a call or after other signal interruptions such as a hard handoff between cells,
a blind I-RAT handover, loss and re-acquisition of signal, etc, any one of three TDMA
sequences may initially occur. The synchronization scheme accommodates all three in a
manner that minimizes the mute time and allows a secondary audio stream to be played

without interruption on cell phone 100. Table 1 describes the various legends and signals
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used in FIGS. 5A-5C and 6A-6C. Table 2 describes the various parameters illustrated in

FIGS. 5A-5C.

C Frame processing time expressed in number of samples, where each audio
sample is 125 microseconds (for example).

Cdl The maximum frame processing time for downlink path, expressed in
number of samples, where each audio sample is 125 microseconds. This is
a worst case value that includes speech decoding, acoustic improvement
processing, jitter and an optional margin value.

Cul The maximum frame processing time for uplink path, expressed in number

of samples, where each audio sample is 125 microseconds. This is a worst
case value that includes speech decoding, acoustic improvement processing,
jitter and an optional margin value.

Stream_size

The frame length in samples

Min_modem
delivery

Modem delivery, minimum number of samples between two consecutive
synchrosignal events; MD-min (in GSM : number of 125 microseconds
samples in 4 TDMA)

Max_modem__

Modem delivery, maximum number of samples between two consecutive

delivery synchrosignal events; MD-max (in GSM: number of 125 microseconds
samples in 5 TDMA)

A_value_dl Number of samples remaining in the output buffer from frame n-1 when
frame n is delivered by the modem

A_value ul Number of samples already acquired in the input buffer from frame n+1

when frame n is taken by the modem

Table 1 —legend for FIGS. 5A-5C and FIGS. 6A-6C

N | =2 X max_modem_delivery + Cdl

[1] | = max_modem_delivery + C — stream size
=N — stream_size

[2] | =2 stream_size — internal_buffer_size

[3] | = (max_modem_delivery — min_modem_delivery) + C
= N —min_modem_delivery

[4] | = stream_size + max_modem_delivery + C — 2 min_modem_delivery
= N + stream_size — 2 min_modem_delivery

[5] | =2(stream_size — min_modem_delivery) + C

[6] | =stream_size + C —min_modem_delivery

[7] | =C

Table 2 — parameters for FIGS. 5A-5C

FIG. 5A represents a 4-4-5 TDMA download frame sequence (approximately 18.5,

18.5 and 23 ms). Band 500 represents decoded {rame data samples in output buffer 314 of
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cell phone 100. When a connection or handover is initially started, dummy data 501 is
placed in output buffer 314 since no decoded frame data is available. The data has a zero
value so that no sound is produced in the output devices of cell phone 100. However, if a
secondary stream was being played then the secondary stream data sample are mixed with
the dummy data in mixer module 306, as discussed earlier. In this manner, muting is
provided during the startup or handoff, but the muting is software based rather than hardware
based and the secondary audio stream therefore continues to play without interruption. The
amount of dummy data is selected to be at least max_modem_delivery — stream_size + Cdl
so that there is no risk of output buffer underflow.

Synchrosignal 506a indicates a first encoded frame has been received. Using the
parameters described below frame 502 is synchronized by stretching or shrinking the number
of data samples, as described earlier. Alternatively, dummy samples can be added or deleted
from the output buffer in order to synchronize the first frame.

Synchrosignal 506b indicates receipt of the next encoded data frame and a
synchronization operation 224 is performed on the next frame after it is decoded, if needed.
After several frames have been acquired and synchronized after startup, then the system
operates in a more steady state mode. Synchronization while in steady state mode normally
only adds or drops one or two samples over hundreds or thousands of frames, typically,
depending on how much the modem and ABB clocks drift relatively.

FIG. 5B represents a 4-5-4 TDMA download frame sequence (approximately 18.5,
23, and 18.5 ms). Similarly, FIG. 5c represents a 5-4-4 TDMA download frame sequence
(approximately 23, 18.5 and 18.5 ms). Inspection of these three sequences reveals the
following relationships:

min_modem_delivery < stream_size < max_modem_delivery

Thus, the following relationship can be deduced for synchronization:

C <= avalue_for_synchro <= 2 max_modem_delivery + Cdl + stream_size — 2

min_modem_delivery.
An equivalent relationship is:

C <= avalue_for_synchro <= N + stream_size -2 min_modem_delivery

12
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Therefore, at each synchronization event on a download stream an estimate can be
made of the likelihood of an underflow or overflow by comparing the number of remaining
samples in the output buffer to the range [Cdl, N + stream_size —2 min_modem_delivery]
and as long as it is within this range, no synchronization operation is needed. If it is outside
this range, then a synchronization operation is performed.

FIGS. 6A-6C are time lines illustrating nominal initial TDMA sequences of uplink
audio data sample frames that may be transmitted by cell phone 100. When cell phone 100
initially accepts a call or after other signal interruptions such as a hard handoff between cells,
a blind I-RAT handover, loss and re-acquisition of signal, etc, any one of three TDMA
sequences may initially occur. The synchronization scheme accommodates all three in a
manner that minimizes the mute time. Table 1 describes the various legends and signals used

in FIGS. 6A-6C. Table 3 describes the various parameters illustrated in FIGS. 6A-6C.

M | =2 X min_modem_delivery — stream_size —Cul

[1] | = (C +stream_size) — min_modem_delivery

2] | =C

[3] | =max_modem_delivery + C — stream_size

[4] | = (max_modem_delivery — min_modem_delivery + C

[5] | = max_modem_delivery + stream_size + C- 2 min_modem_delivery

Table 3 — parameters for FIGS. 6A-6C

Upon startup after a handoff, a number of data samples equal to M (=2 X
min_modem_delivery — stream_size —Cul) are taken into the input buffer from an external
source at the sample interval timing, 125 microseconds in this example. Thereafter, a portion
of data samples are taken periodically from the input buffer for forming each frame of un-
encoded data samples at a fixed time interval equal in time to stream_size, which is defined
to be 160 samples at 125 microseconds/sample, or 20 ms in this example. If synchronization
is needed, then a smaller or larger number of samples are taken and then stretched or shrunk
by the synchronization operation to form a frame of 160 un-encoded data samples in this
example.

Inspection of these three sequences reveals the following relationships:

min_modem_delivery < stream_size < max_modem_delivery

13
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Thus, the following relationship can be deduced for synchronization:

C <= avalue_for_synchro <= max_modem_delivery + stream_size +Cul —2

min_modem_delivery.
An equivalent relationship is:

C <= avalue_for_synchro <= max_modem_delivery -M

Therefore, at each synchronization event on an uplink stream, which is the time the
modem requests the next encoded frame of data for transmission to the base station, an
estimate can be made of the likelihood of an underflow or overflow by comparing the
number of already acquired samples in the input buffer at the time of the synchronization
event to the range [Cul, max_modem_delivery -M] and as long as the number is within this
range, no synchronization operation is needed. If it is outside this range, then a
synchronization operation is performed. While the decision to perform a synchronization
operation is taken at the time an encoded frame is sent to the modem for transmission, the
synchronization operation itself will be performed later when (a_value_ul + M) samples will
have been acquired. From this (a_value + M) samples buffer, 160 samples will be produced
by shrinking or stretching.

The synchronization operation described above can be applied to other frame
streaming systems. For example, in a video system such as that provided on cell phone 100
for display of video clips on display 100 or for display of composite video connected to
output 124, video frame synchronization can be performed by determining a range a values
for the number of samples in the video output buffer this are unlikely to result in underflow
or overflow. Once this range is determined, then the number of samples in the output buffer
can be determined upon the receipt of each new encoded video frame and an estimate can be
made of the likelihood of overrun or underflow based on this number. Synchronization is
then performed accordingly only as needed.

Thus, many different types of devices that employ streaming encoded data frames

may benefit from the use of the synchronization process described herein.

14



WO 2008/121943 PCT/US2008/058864

TI-62736WO

CLAIMS
What is claimed is:
1. A method for maintaining synchronization of streaming data, comprising the
steps of:
receiving a stream of encoded data frames;
determining a number of remaining data samples in an output buffer upon
receipt of each encoded data frame;
estimating if an overflow or underflow of the output buffer is likely to occur
using the determined number of remaining data samples;
decoding each encoded data frame to form a stream of decoded frames; each
decoded frame has a defined number of decoded data samples;
performing a synchronization operation on each frame of decoded data
samples if the step of estimating indicated an underflow or overflow of the output buffer is
likely;
placing the resulting decoded frame data samples in the output buffer; and
transmitting the data samples from the output buffer to an output device at a
fixed rate.
2. The method of Claim 1, wherein determining a number of remaining samples
is performed prior to decoding each frame
3. The method of Claim 1, wherein receiving a stream of encoded data frames
occurs in a time variant manner.
4. The method of Claim 1, wherein a synchronization signal is asserted to
indicate the reception of the coded data frame.
5. The method of Claim 1, wherein an overflow or underflow is estimated to be
likely to occur, if the number of remaining data samples is outside the range of Cdl to (2
max_modem_delivery + Cdl + stream_size — 2 min_modem_delivery), where Cdl is a worst
case frame processing time, expressed in a number of samples.
6. The method of Claim 5, wherein the worst case frame processing time is

monitored and adjusted dynamically.
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7. The method of any of Claims 1-6, wherein receiving the stream of encoded
data comprises receiving a stream of coded data frames that includes a synchronization
signal for each coded data frame;

wherein determined the number of remaining samples comprises determining
a number of remaining data samples in the output buffer in response to the synchronization
signal for a first coded data frame from the stream of coded data frames; and

wherein performing the synchronization operation comprises performing a
synchronization operation on the decoded data samples of the first coded data frame if the
determined number of remaining data samples is outside a range of Cdl to (N + stream_size —
2 x min_modem_delivery).

8. The method of Claim 7, wherein reception of each coded data frame itself
forms the synchronization signal.

9. An apparatus for receiving streaming data, comprising:

means for receiving a stream of encoded data frames;

means for determining a number of remaining data samples in an output
buffer upon receipt of each encoded data frame;

means for estimating if an overflow or underflow of the output buffer is likely
to occur using the determined number of remaining data samples;

means for decoding each encoded data frame to form a stream of decoded
frames; each decoded frame has a defined number of decoded data samples;

means for performing a synchronization operation on each frame of decoded
data samples if the step of estimating indicated an underflow or overflow of the output buffer
is likely;

means for placing the resulting decoded frame data samples in the output
buffer; and

means for transmitting the data samples from the output buffer to an output
device at a fixed rate.

10. A cellular telephone, comprising:
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a modem connected to receive a stream of encoded data frames from a base
station, the modem operable to assert a frame synch output signal upon receipt of each
encoded data frame;

a voice codec connected to the modem for decoding the encoded data frames;

an output buffer connected to the voice codec for receiving decoded data
frames operable to transmit decoded data samples to an audio reproduction unit at a fixed
rate;

an estimator operable to determine a number of samples remaining in the
output buffer at the time the frame synch signal is asserted and to thereby estimate if the
output buffer is likely to underflow or overflow when the corresponding encoded data frame
is decoded; and

a synchronizer connected to the voice codec operable to shrink or expand a
decoded data frame if the estimator indicates the output buffer is likely to underflow or
overflow.

11. The cellular telephone of Claim 10, further comprising a processor core
connected to a memory, the memory containing instructions for execution by the processor
core and wherein the voice codec, the estimator and the synchronizer are software modules
executed by the processor; wherein the estimator determines a number of remaining samples
prior to decoding each frame; and wherein the estimator is operable to indicate an overflow
or underflow is likely if the number of remaining data samples is outside the range of Cdl to
(2 max_modem_delivery + Cdl + stream_size — 2 min_modem_delivery), where Cdl is a
worst case frame processing time, expressed in a number of samples.

12. A method for maintaining synchronization of streaming data, comprising the
steps of:

receiving a stream of data samples into an input buffer from an external
device at a fixed rate;

sending a stream of encoded data frames;

determining a number of already acquired data samples in the input buffer

upon sending of each encoded data frame;
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estimating if an overflow or underflow of the input buffer is likely to occur
using the determined number of already acquired data samples;

encoding frames of un-encoded data samples to form the stream of encoded
frames; each un-encoded frame has a defined number of data samples;

taking periodically a portion of data samples from the input buffer at a fixed
time interval to form a frame of un-encoded data samples; and

performing a synchronization operation on the portion of data samples to form
the frame of un-encoded data samples if the step of estimating indicated an underflow or
overflow of the input buffer is likely.

13. The method of Claim 12, wherein an overflow or underflow is estimated to be
likely to occur, if the number of already acquired data samples is outside the range of Cul to
(max_modem_delivery + stream_size +Cul — 2 min_modem_delivery) where Cul is a worst
case frame processing time, expressed in a number of samples.

14. A method for maintaining synchronization of streaming data in a cell phone
having a modem connected to a transceiver for transmitting uplink streaming data and
receiving downlink streaming data, comprising the steps of:

estimating if an overflow or underflow of an output buffer is likely to occur
during downlink operation from a base station by determining a number of remaining data
samples in the output buffer as a frame of encoded data is received from the modem; and

performing a synchronization operation on a frame of decoded data samples
obtained by decoding the frame of encoded data samples if the step of estimating indicated
an underflow or overflow of the output buffer is likely; then

estimating if an overflow or underflow of an input buffer is likely to occur
during uplink operation by determining a number of already acquired data samples in the
input buffer when a frame of encoded data is requested by the modem; and

performing a synchronization operation on a portion of data samples taken
from the input buffer to form the frame of un-encoded data samples if the step of estimating

indicated an underflow or overflow of the input buffer is likely.

18



TI-62736

PCT/US2008/058864

WO 2008/121943

1/7

INOHJOHOIIN HLIM

14SAviH ONOW

QVdAIN HOLYHEIA Ewm_m_wx
ooo () 8L
ooo
HN ooo AA vv E\pm Ll \
; )
I~ R SHIIVIAS
1> >
e _ﬂ ) 0343LS
04 oanv 80}
\ Y /
HOLIMS HIAIIOSNVHL aNveasve %mmm I IR
J0 _/Nr i n HOTYNY O3ALS olavy N4
VNNILNV S 7
sl vl 60} <zzwmz<
1HBITNOVE ; o
REREI VHINY X
SOWD/a99 03431S
N HITI0HLNOD a8
- - HLOO0o13N1d - gl
oz | Aesia a1 =51 gl
aNva3sve asn ezEL
WITIOHINOD V1I9Ia 9z
NITHIS ==
1z1—1  HonoL NEENAR QYO WIS | —
¢ HONOL _ 0l -
qcel
INJWADYNVIN 1N0 03aIA _\er A__u H3IAOIN3T JSIN AHOWAI %mm_mu,m_ﬂ
AHILLYE 3usodnoo I VIS TV
aNV HIMOd A 7 N
o o I DI




TI-62736

PCT/US2008/058864

WO 2008/121943

2/7

onN QNMN meN
0€¢~ Z+N L+N N I-N
h } STIdINVS
INVY4 300030 | 1Nd1N0
S S
. HIZINOHHONAS \ - N
0ce~y | 9z zo_EN_zomIoz%ﬁ\ ree N\ ezzz
\ \
\ sPeee \ W ORlaz: . W
\ A 4 A 4 \ A A
TWNDISOHHONAS TVNDISOUHONAS WNDISOHHONAS TVNDISOHHONAS
INVH4 300930 INVH4 4300930
Y AW e arie 544
VIV -~ - f > —» AIR —» AIR
01z | Pepziz 921z 4300930 HO33dS | Nqziz eziz]
VINGL ¥ VINGL § VINGL ¥
el 02 ~-ay0¢ BY0C
g+N 2N INIQOIN NSD LN N [HISNNN JNVYd
202
C DIH
03 OHHONAS
3O OHHONAS 22




TI-62736

PCT/US2008/058864

WO 2008/121943

SNOILLYOI'lddV

1Nd1NO/1NdNI

cle

N

n. VELTIES

(HO1341S
/MNIHHS) INHLIHODTY

SAV3HLS
AHVANOJ3S

_
0€e zee _ovm 80¢ | 90¢
SY344ng .
AdVMUEVH > LNdLNO/LNdNI > HIZINOBHONAS >----< INISS3I08d = -
0Iany STTdAVS | 0ILSNOJY
- 1nd1LNo i |
]
N 1NdNI | f
/1€ |
N ]
NEETSELR)
I 0g
¥0Z-] !
0V4H3INI
HHOMINYH TVNDISOHHONAS
o1any W3AOW
: SNV ¥NITdN
SMO 14 viva - oo\m & Old ANINMoa vy 68
STVNDIS MNITAN/MNIINMOQ ———
TYNDIS YNITdN — --—
TYNDIS INIINMOQ —-—— -~ 43




WO 2008/121943

TI-62736

4/7

FIG. 4

A

402~

RECEIVE A CODED
DATA FRAME

Y

404~

DETERMINE NUMBER OF
DATA SAMPLES REMAINING
IN OUTPUT BUFFER

406

IS
AN UNDERFLOW
OR OVERFLOW
LIKELY?

PCT/US2008/058864

400

Y

DECODE
DATA FRAME

| ~408a

408b "

DECODE DATA FRAME

Y

410

SIGNAL PROCESS
DECODED FRAME TO
SHRINK OR EXPAND

X

A

4127

PLACE RESULTING
SAMPLES IN THE
OUTPUT BUFFER

420

TRANSMIT DATA SAMPLES
FROM THE OUTPUT BUFFER
AT A FIXED RATE




P E—— i b e—— e
G [ 9 14 € ¢ b

=0JYouAs 1oJ anjeae =0JyouAs 10J anjeaAe =0JYouAs 10J anjeAe

TI-62736

PCT/US2008/058864

WO 2008/121943

(p+u)

<-WV3d1S13S ANVIHLSHOJAQYIH

J

(€+u)

k

«L

<- NV341S13S

WY3IH1SHO4AQVIY

1

(¢+u)

|

<- NV3H1S13S  IANVIHISHOJAQYIH

(1+u)
<- WV341S13S

- !

(€+U) (z+U) (1+u)| AWNANT ()
gs ‘DI s s .,
NIN-QIN - XYIN-QIN - NIN-QIN
TYNDISOUHINAS TYNDISOHHINAS TYNDISOHHINAS (U) <- TYNDISOYHINAS
3
[e— [fe————
G Z ¥ Z € Z |
=0JYouAs 10J onjeAe =0JYouAs 10J onjeAe =0JYouAs 10J anjeAe
(y+U) (€+U) (z+U) (1+U)
<- zﬁ@wmm z&EJEEEE <-WYIYISIIS  WVILISHO4AQYIH <- _\,_AEmmw WYIYISHO4AQYIH  <- _\,_AEwmm
(g+u) (z+u) (L+u)|  AWANT () ~_gog
X / / T T N / T
VS OIA s €05 =0 4 205 10S =9
XVIN-QIN - NIA-QIN - NIA-QIN
TYNDISOHHONAS TYNDISOHHONAS



TI-62736

PCT/US2008/058864

WO 2008/121943

e I e
£ |=3IMvAv ¢ |=3amvav L |=3mvAv

le——9z1s weays ——————»le————— 971 Weans —————»le—————971S Weas ————»le—— N —»]
AQVIHSINVIYLS AVIHLS13D AdVIHSIAVIHLS AVIHLS1TD AQVIUSIAVIHLS  VIHISIAD AQVIHSIAVIHLS IAVIHLS13D

| — | — | ij

(€+U) (¢+u) |+ (u)
V9 DIA r‘ol 90— r‘ol
XVIN-AIN !_A NIN-QN !_A NIN-QN
9zIS Weals=93IUNI0TGNNN 9zIS Weals=JIUNI0TINNN 9zIS Weas=JIUNI0TINNN WN=334XO001dINNN
TYNDISOHHONAS TYNDISOHHONAS TYNDISOHHONAS ‘OHHONAS <-
TYNDISOHHONAS
S
[e—— [ e——f—> [e——f—> e
G ¢ 9 [ L [ 3
=0JYouAs 10J anjeAe =0JYyouAs 10J anjeae =0JYouAs 10] anjeAe
(y+u) (e+u) (¢+u) (L+u)
<- _>_<m_,m«mh_m _>_<M_Ewdo“_>m_<m_m <- «_\,_bm_Emh_w WYIHISHOJAQYIH <- AVIHISIIS WVIHISHOJAQVIH <- _\,_Aﬁmh_m
(g+u) (z+u) (L+u)| ANANG ()
0§ OIA s L, L, L

NIN-AIN T NIN-AIN T XVIN-AIN
TYNOISOHHIONAS TYNOISOHHINAS TYNOISOHHINAS ) <- ._<zo_wom_._oz>w



TI-62736

PCT/US2008/058864

WO 2008/121943

e P — NN P —
£ |=3ImvAv b | =3mvAv G |=3amvav

le——9z1s weays ——————»le————— 971 Weans —————»le—————971S Weas ————»le—— N —»]
AQVIHSINVIYLS AVIHLS13D AdVIHSIAVIHLS AVIHLS1TD AQVIUSIAVIHLS  VIHISIAD AQVIHSIAVIHLS IAVIHLS13D

| — | — | ij

(€+U) (¢+u) |+ (u)
D9 DI SN PPN Tul
NIN-AQN !_A NIN-AQN !_A XVIN-AIN
9zIS Weals=93IUNI0TGNNN 9zIS Weals=93IUNI0TGINNN 9zIS Weals=93IUNI0TGNNN WN=334XO001dINNN
TYNDISOHHONAS TYNDISOHHONAS TYNDISOHHONAS ‘OHHONAS <-
TVNDISOHHONAS
N
P — fe— [fe—*
€ |=3NTVAV v |=3aNVAV L [=3aNIVAV
le———— 971 Wea))s ———»fe————071S WRANS ———»le———— 97IS WRAJS —————»fe—— N —>
>m_<m_r_w_h>_<m_m5 AV3H1S139 >Q<m_m_m_h>_<m_m_5 AVIHLIS13Y >m_<m_m_w_h>_<m_5w AV3IHLIS13Y >m_<m_mw_§”m_mhm _>_<m_m_ﬂwh_w
(e+U) (¢+U) (L+Uu) (u)
g9 ‘DIA SN P —
NIW-dIN !_A XVIN-AIN !_A NIN-AIN
9zIS Weals=9IUNI0TGNNN 9zIS Weals=9IUNI0TGINNN 9zIS Weals=9IYNI0TdNNN IN=334MO0TaINNN
TYNOISOHHONAS TYNOISOHHONAS TYNDISOHHONAS ‘OHHONAS <-

TYNOISOHHINAS



PCT/US2008/058864 26.06.2008

INTERNATIONAL SEARCH REPORT International application No.
PCT/US 08/58864

A. CLASSIFICATION OF SUBJECT MATTER
IPC(8) - HO4B 7/212 (2008.04)
USPC - 370/324

According to Intenational Patent Classification (IPC) or to both national classification and IPC

B.  FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)
USPC: 370/324

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched
USPC: 370/324; 709/204 (search term limited)

Electronic data base consulted during the intemnational search (name of data base and, where practicable, search terms used)
WEST (DB=USPAT, USPGPB, EPAB, JPAB), Google search, terms including: stream, telephone, voice, communications, time, delay,
buffer, overflow, underflow, estimate, encoder, decoder, transmitting, modem, samples, packets, worst case, frame, monitor, dynamic

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
X US 2002/0075857 A1 (LEBLANC) 20 June 2002 (20.06.2002) para [0005], [0022], {0053)- 1-14
[0120).
A US 2004/0143675 A1 (AUST) 22 July 2004 (22.07.2004) entire disclosure. 1-14
D Further documents are listed in the continuation of Box C. D
*  Special categories of cited documents: “T” later document published after the international filing date or priority
“A” document defining the general state of the ant which is not considered date and not in conflict with the application but cited to un erstand
to be of particular relevance the principle or theory underlying the invention
“E” earlier application or patent but published on or after the intemational “X  document of particular relevance; the claimed invention cannot be
filing date considered novel or cannot be considered to involve an inventive
“L” docgment wl;)ilchhmﬁy thrglvy d(_)ublf1 on prfiority ﬁ:laim(s). or whicl;l is step when the document is taken alone
cited to establish the publication date of another citation or other wy> gocument of particular relevance; the claimed invention cannot be
special reason (a.s specified) . s considered top involve an inventive step when the document is
“0” document referring to an oral disclosure, use, exhibition or other combined with one or more other such documents, such combination
means being obvious to a person skilled in the art

“p”  document published prior to the international filing date but later than  «g»  gocument member of the same patent family
the priority date claimed

Date of the actual completion of the international search Date of mailing of the international search report
11 June 2008 (11.06.2008) 2 6 J UN 2008
Name and mailing address of the ISA/US Authorized officer:
Mail Stop PCT, Attn: ISA/US, Commissioner for Patents Lee W. Young
P.O. Box 1450, Alexandria, Virginia 22313-1450
. . PCT Helpdesk: 571-272-4300
Facsimile No. 571-273-3201 PCT OSP: 571-272-7774

Form PCT/ISA/210 (second sheet) (April 2007)



	Page 1 - front-page
	Page 2 - description
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - claims
	Page 17 - claims
	Page 18 - claims
	Page 19 - claims
	Page 20 - drawings
	Page 21 - drawings
	Page 22 - drawings
	Page 23 - drawings
	Page 24 - drawings
	Page 25 - drawings
	Page 26 - drawings
	Page 27 - wo-search-report

