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audio/video signal decompression apparatus

Audio and video (A/V) transmission and reception
requires that the audio and video components be properly
synchronized. EIA standards RS-250-B limit the time differential
between associated audio and video signals to 25 ms. lead or 40
ms. lag time. Film standards limit the time differential of
associated audio and video to +1/2 frame, which corresponds to
20.8 ms. An acceptable goal for source to viewer A/V
synchronization is therefore a time differential of +20 ms.

Digital communication systems typically
time-multiplex associated signal components over a single
channel. Such multiplexing is common among A/V transmission
systems proposed and implemented for cable, fiber, terrestrial
and satellite applications. The time multiplexing of the signal
components may destroy their natural time relationships between
the transmission and display of the information. Therefore, time
critical components of the transmitted component signals may be
associated with a time reference before being multiplexed. This is
referred to as "stamping” the information, and timing samples are
referred to as time stamps. The receiver may then output the
respective components in time relative to their respective time
stamps. However to accomplish this the receiver must maintain a
very precise local time reference, which is synchronous to the
encoder time reference.

One reason that the receiver must be tightly coupled
to the time base of the transmitter is to insure that the output of
real time data matches that of the input to the receiver. If the
receiver provides (displays) the data too rapidly, buffers in the
receiver may underflow resulting in an interruption of the output
signal. If the receiver outputs the data too slowly , the buffers
may overflow (assuming finite rate buffers) resulting is a loss of
data.

In one proposed system the receiver is synchronized
to the transmitter by supplemental time stamps (system clock
references, SCR) associated with predetermined packets of
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10 counted modulo 2N, and each time a SCR arrives at the receiver
the local counter is sampled to provide a local clock reference or
LCR. No attempt is made to force the LCR to equal the SCR. Rather
the local clock is adjusted based upon processing changes in the
difference between the LCR and SCR time stamps. An error signal

15 1is generated according to the relation

ERR = ISCRp-SCRy-1l - { LCRy - LCRy4l
The signal ERR is utilized to control the local clock frequency. Via
this process the LCR can be made arbitrarily close to the
transmitter clock frequency. Note that since both the system and

20 local clocks are counting modulo N, they periodically wrap around.
On these occurrences the respective terms SCRy-SCRp.jand LCRj -
LCRy-1will be negative and erroneous. The system monitors the
polarity of the respective differences and when one of the
differences is negative the difference is ignored.

25 Video signal coded according to the MPEG standard
includes presentation time stamps, PTSyid, which are synchronized
to the input video frames. The respective PTSyiq indicate the
relative times that the respective frames are to be displayed at
the receiver, nominally 30 Hz, for NTSC source material.

30 Associated audio is also encoded with presentation time stamps
PTSaud based on the same time base as the system time and which
time stamps are placed in an MPEG system packet layer
encompassing the encoded audio data. An audio system packet
layer may contain several "frames"” of audio data and respective

35 frames equal, in this example, 24 ms. of original audio data.

Audio frames are approximately six times the duration of a (127
byte) transport packet. (Information to be transmitted, audio,
video, data, etc. are segmented into respective transport packets

This Sheet Has Been Replaced

LU




encoder tine reference. One reason that the receiver nust
be tightly coupled 3 0 to the tinme base3of the tr&fstyi 8159 s to insure
that the output of real tinme data nmatches that of the input to the

receiver. receive rovi des. (displa t he data too pidly,
buffers i n°€ hBredetermgLeél. pize, nﬁgt}hrﬁje‘f"’ﬂ Y P s%%/‘i[?fﬂ]g Words, appeBre ption of
E)h?f out pgt to provddgnah. ekfraE heydre ofi wﬂforoubﬂubﬁohrnttdaﬁantmdsl owy , the
urrers k W g is a
Poss of ~ Syngonfticn " 1nl AT abeohahs (B T PR profBe0t, B er s

synchr oni zagmber of caudie framesniper eMBEG ssystemmbayer! 18 iy asiabbps (system
clock 5 H&IR BreS may-He IMACCLAIRE MrrélaBoRIBERVER MRt S Of

PTSvi¢d and audio PTS;ygq presentation time stamps for associated
audio and video source material. Thus synchronizing the audio
and video components is difficult if one attempts to do so by
comparing the PTSyig with the PTS;y4. It is an object of the

10 present invention to simplify the process of synchronizing
associated audio and video components.

A receiver for decoding associated video and audio
information components transmitted in mutually exclusive
"frames” of data with respective time stamps PTSviq and PTSauq

15 respectively, includes a controller which is responsive to the
respective received time stamps to provide coarse synchronization
by delaying or skipping respective frames of one or the other of
the components to approximately time align the two components.
Fine synchronization is provided by adjusting the processing or

20 clock frequency of the audio signal processor independent of the
video processor. The control for the frequency adjustment is
related to the difference between audio and video time stamps.

BRIEF DESCRIPTION OF THE DRAWINGS

FIGURE 1 is a block diagram of audio/video

25 compression apparatus.

FIGURE 2 is a block diagram of a audio/video
decompression apparatus embodying the present invention.

FIGURE 3 s a block diagram of apparatus for providing
the receiver system clock signal having substantially the same

30 rate as the system clock of the compression apparatus.

FIGURE 4 is a flow chart of the operation of the
FIGURE 2 apparatus.

FIGURES 5 and 6 are block diagrams of alternative
audio processing clock signal generation which may be

35 implemented for element 215 in FIGURE 2.

FIGURE 1 illustrates a typical system in which the
invention may be practiced, which system is a compressed digital
video signal transmission arrangement. In this system, video
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equal the @brillawy: data according to some signal protocol such as MPEG, a

standard developed by the International Organization for

Standardization (Organisation Internationale De Normalisation).

The standardized signal is applied to a transport processor 13,

10 which divides the signal into packets of data and adds certain
overhead to provide some noise immunity for the transmission
purposes. - The transport packets, which normally occur at a non-
uniform rate are applied to a rate buffer 14 which provides
output data at a relatively constant rate conducive to efficient use

15 of a relatively narrow bandwidth transmission channel. The
buffered data is coupled to a modem 15 which performs the signal
transmission.

A system clock 22 provides clocking signal to operate
much of the apparatus, at least including the transport processor.

20 This clock will operate at a fixed frequency such as 27 MHz for
example. As shown herein, however, it is used to generate timing
information. The system clock is coupled to the clock input of a
counter 23 which may be arranged to count modulo 230, for
example. The count values output by the counter are applied to

25 two latches 24 and 25. The latch 24 is conditioned by the video
source to latch count values on the occurrence of respective frame
intervals. These count values are denoted presentation time
stamps, PTS's, and are included in the compressed video signal
stream by the formatter 12, and are used by the receiver to

30 provide lip-synchronization of associated audio and video
information. The latch 25 is conditioned by the transport
processor 13 (or the system controller 21) to latch count values
according to a predetermined schedule. These count values are
denoted system clock references, SCR's, and are embedded as

35 auxiliary data within respective auxiliary transport packets.

Audio signal associated with the video signal from
source 10 is applied to an audio signal compressor 18. The
compressor 18 provides frame sampling pulses (independent of
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the local clock is adjusted based upon processing changes in the
di fference between the LCR and SCR tine sfanps. An RCGAr8si3§@al 1 5 is
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10 to a multiplexor 16 which time division multiplexes the audio and
video transport packets. In the figure, separate transport
processors are shown in the audio and video signal processing
channels. For systems wherein the data rate is moderate, the
functions of the two transport processors and the multiplexor 16
15 may be subsumed in a single transport processor.

The system controller 21 is a variable state machine
programmed to coordinate the various processing elements. Note
that the controller 21, the compressors 11 and 18, the transport
processors 13 and 17, and the rate buffer 14 may or may not

20 operate synchronously via a common clocking arrangement as
long as proper handshaking is provided between processing
elements. However, the two compressors both derive PTS values
from the same reference counter 23, thus a precise timing
relationship between the two compressed signals is provided in

25 the compressed output signal.

FIGURE 2 illustrates an exemplary receiver apparatus
embodying the invention wherein the modem 200 performs the
inverse function of the modem 15 and the rate buffers 204 and
206 perform, in effect, the inverse function of the rate buffer 14.

30 In FIGURE 2 a single inverse transport processor 202 is indicated,
which processor divides respective transport packets by service
and allocates the respective data to the appropriate processing
channel. In so doing the respective transport packet signal
payloads are separated from the auxiliary data, with the

35 respective payloads being applied to the appropriate processing
channel and the auxiliary data applied to the system controller
210. In an alternative arrangement a separate transport
processor may be included in each processing channel and

i
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3 0 Associated audio is also encoded with presentation tine stanps
PTS[err] based on the sane tinme base as -thre system Rfcgk $nd3&hi ch
time stanps are placed in an MPEG system packet | ayer enconpassi ng

t he encoded audio,data. An audi 9 system cket .| ayer .may. contain
several " raaRBet 10, JaTQERIAE A ARA(PIQRESECON DG GRte assogiAEd alith . thEn ¢ hi o

exanpl e, 24reypectiveordlgimmlis audi o dat a. Audi o frames are
approriately 51X 11 TESGEG KRR, Bd FFL e im BRSO
segnent ed | prasessap e e applisshdot theilate sbuffer 204, which provides
5 compressed video signal according to the system protocol to the
decompressor 214. The rate buffer 204 accepts data at a bursty
or inconsistent rate, and provides data on demand to the
decompressor 214. The decompressor, responsive to the
compressed video signal, generates non-compressed video signal
10 for display or for storage etc., in appropriate display or storage
devices (not shown).

Compressed audio data from the inverse transport
processor 202 is applied to the rate buffer 206, which provides
compressed audio signal according to the system protocol to the

15 audio decompressor 212. The decompressor, 212, responsive to
the compressed audio signal generates non-compressed audio
signal for reproduction or for storage etc., in appropriate speakers
or storage devices (not shown).

The inverse processor 202 also provides SCR's from

20 the auxiliary transport data, and control signals to a system clock
generator 208. The clock generator responsive to these signals
generates a system clock signal synchronous with at least the
transport processor operation. This system clock signal is applied
to the receiver system controller 210 to control the timing of

25 appropriate processing elements.

Figure 3 illustrates details of an exemplary clock
regenerator 208. Data from the receiver modem 200 is coupled
to the inverse transport processor 202, including an auxiliary
packet detector 31. The inverse transport processor 202

30 separates transport header data from the respective transport
packet payloads. Responsive to the transport header data, the
processor 202" applies audio and video signal payloads to, for
example, respective decompression apparatus (not shown), and
auxiliary data (designated as AUX) to the appropriate auxiliary

35 data processing elements (not shown). The SCR's residing within
the auxiliary data are routed and stored in a memory element, 34,

The auxiliary packet detector 31, which may be a
matched filter arranged to recognize the codewords designating an
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- 3- of predeterm ned size, with a yariety of cqntral_ ,words appended,
to provide an extra |layer of error corréit’i on/ det e&‘rénsgrﬁi’%
synchroni zat | on. ) In addition, according to the MPEG protocol, the
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conponent s *tr AhsHF #R&E iR ﬁﬁ‘t"&talﬂ eéxBF‘El y Y?]éﬁ%% Rl with
respecti ve dstiltatet 3ths Phe[ esurdtenBd RS Sireangedl t& cowmmpamidtel M i ncl udes a
controller micﬁhrﬂa%' rb%?pQ&Siiy%&tonE@&sarily, the same number as its
counterpart counter in the encoder (counter 23). If M differs
10 from N the difference may be accommodated in the error
equation.
- The voltage controlled oscillator 37 is controlled by a
low pass filtered 38 error signal provided by a clock controller 39.
The error signal is generated in the following fashion. Let the SCR
15 arriving at time n be designated SCR, and the local count value
concurrently captured in the latch 35 be designated LCR;,. The
clock controller reads the successive values of SCR's and LCR's and
forms an error signal E proportional to the differences
E = |SCR, - SCR,.1 | - ILCR,, - LCRq!
20 The error signal E, is utilized to condition the voltage controlled
oscillator 37 to a frequency tending to equalize the differences.
As indicated previously, negative differences exhibited due to
modulo counter wrap around, may be ignored. The error signal
produced by the clock controller 39 may be in the form of a pulse
25 width modulated signal, which may be rendered into an analog
error signal by implementing the low pass filter 38 in analog
components.
The constraints on this system are that the counters at
the two ends of the system count the same frequency or even
30 multiples thereof. This requires that the nominal frequency of the
voltage controlled oscillator be fairly close to the frequency of the
system clock at the encoder.
The foregoing approach provides rather rapid
synchronization but may introduce a long term error. Long term
35 error LTE is proportional to the difference
LTE = ILCR;, - LCRoi - ISCR,, - SCRol
where SCRp and LCR are for example the first occurring SCR and
the corresponding latched value of the receiver counter.
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be utilized to operate at least the transport processor and rate
10 buffers. Since it is synchronized at least in frequency with the
encoder system clock, the possibility of rate buffer overflow or
underflow - due to clock timing errors is substantially non-existent.
Refer again to FIGURE 2 for an explanation of audio/
video synchronization. Recall that a presentation time stamp
15 PTSyiq, is included in the compressed video signal associated with
predetermined video data. The PTSyiq is indicative of the relative
time that the associated video is to be displayed. Similarly the
compressed audio signal includes presentation time stamps PTS;yq
associated with audio to be reproduced at times related to the
20 respective PTSzu4q. At the receiver the PTSay4 and PTSyid may not
be compared directly to provide A/V synchronization because the
respective samples were determined at different instants. The
respective PTS values are compared to a continuous time base
which is the receiver clock provided by the VCXO 37. This is done
25 by sampling local time stamps of the count values LCR.
When data associated with an associated PTS is
presented, The LCR is sampled. For example, The audio
decompressor 212 issues a PTSayq when a respective audio frame
1s output for reproduction. At these times a control signal
30 conditions the latch 220 to sample the LCR, the values of which
will be designated LAS, for local audio stamp. Similarly when the
video decompressor provides a video frame for display, it
provides a PTSyiq and a control pulse to condition a latch 222 to
store the current value of the LCR. These LCR values are
35 designated LVS for local video stamps.
The LAS and the corresponding PTS;y4 are coupled to
respective input terminals of a subtracter 218 which develops the
signal Aa-prs according to the relation;
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FIGURES 5 and 6 are block diagrans of alternative audi o processing
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FI GURE 2. FIGURE 1 illustrates a typical systemin which
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input terminals of the subtracter 217 which develops the signal
Av-pTS according to the relation;

5 Av-pts = PTSvid - LVS.
The signals Ayv-pts and Ap_prts are coupled to respective input
terminals of a further subtractor, 219, which develops an A/V
synchronization error signal ERRprs according to the relation;

ERRpTS = Ay-PTS - AA-PTS

10
Synchronization of the audio and video requires that the A/V
synchronization error be driven to zero. This indicates that when
the difference in the values of the corresponding audio and video
PTS's equals the time, in units of the local reference, between the

15 occurrence of the corresponding PTS's, the audio and video signal
will be in synchronization.

Two mechanisms may be used to adjust the A/V
synchronization based upon the error signal ERRprs; skips and
repeats of data sections and conversion clock deviation. Skipping

20 fixed intervals or "frames” of audio advances the audio data
stream by a fixed interval relative to the video signal. Repeating
(or muting without consuming data) delays the audio data stream
by fixed intervals relative to the video signal. Skipping and
repeating audio frames is audible under many conditions, and

25 therefore is only utilized for coarse adjustment of synchronization.
Even so, brief skipping or repeating may be preferable to
discernible audio/video synchronization errors. If the audio
frames are less than 40 msec, coarse adjustment by
skipping/repeating may result in synchronization errors within

30 +20 msec., which is within industry standards for A/V
synchronization. However , this synchronization will degrade if
the audio conversion time base does not match that of the source.
Once synchronization is coarsely adjusted, variations of the audio
conversion clock frequency are arranged to further refine the A/V

35 synchronization.

The error signal ERRprs is applied to a filter and
processing element 216. A filter function therein smoothes the
signal ERRprs to minimize aberrant effects that might otherwise
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212 to condition the decompressor to skip or repeat the current

10 decompressed audio frame. Alternatively, or in addition to the
coarse adjustment, if a fine adjustment is determined to be
necessary, ‘the processor 216 provides a control signal to the audio
time base 215 to adjust the frequency of the audio processing
clock signal.

15 The processing algorithm is detailed in the flow chart of
FIGURE 4. After initialization 400 of the system, which is
designated START, the system monitors 401 the audio
decompressor for the occurrence of a PTSayq and if a PTSauq is
detected it is read 403 and a local clock reference LAS is captured

20 and stored. If a PTS;y4 has not occurred, the system monitors the
video compressor for a PTSyiq 402. If a PTSyijq has occurred, the
PTSvid is read and a local clock reference LVS is captured and
stored 404. When both a PTS,,4 and a PTSyiq have been read the
ERRprs is calculated 405 according to the equation;

25 ERRprS = Ay-PTS - AA-PTS.

The magnitude of the error signal is examined 406 to determine if
it is greater than one half an audio frame interval. If it is greater
than one half an audio frame interval, the error signal is checked

for polarity 407. If the polarity is positive, the current audio

30 frame is repeated 409. If it is negative the current audio frame is
skipped 408. After skipping or repeating a frame the system
iterates back to the start position to wait for the next occurrence
of PTS's. '

At step 406, if the magnitude of the error signal is less than

35 one half an audio frame interval, the error is examined to
determine if it is greater than zero 410. If the error is greater
than zero, the error is checked 412 to determine if it is less than
the previous error signal. If it is less than the previous error
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much of the apparatus, at |east includi ng the trans ort MC ssor.
This. clock will operate at afixedfrequ hCy such &
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10 also an indication that the system is converging toward
synchronization, and the synchronization control parameters are
not changed. Alternatively if the current error signal is less than
the previous error signal the system is moving further out of
synchronization and the audio processing clock frequency is
15 increased 413. After processing steps 412 and 413 the system
returns to wait for the next occurrence of PTS's. It will be noted
in this example, that the system performs only coarse adjustments
via skipping or repeating audio frames until the A/V
synchronization error is reduced to less than one half an audio
20 frame interval.

In an alternative embodiment, the filtered error signal
is compared against a predetermined threshold related to the size
of respective audio frames. If the error signal is less than the
threshold, indicative that the audio-video timing error is less than

25 an audio frame, the error signal is coupled to the audio time base
circuit 215, wherein it is utilized to adjust the frequency of the
audio signal processing (decompression) clock. Alternatively, if
the error signal is greater than the threshold, the error signal may
be divided by the audio frame interval to determine the number

30 of audio frames that the audio and video signal are misaligned.
The integer portion of the quotient is applied to the audio
decompressor to condition the audio decompressor to skip or
repeat that number of audio frames. The polarity of the error
signal will determine whether audio frames should be skipped or

35 repeated. Nominally the decompressed data is arranged in a
buffer memory prior to being output, hence skipping or repeating
audio frames is a simple matter of controllably enabling the
memory read/write commands.
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Audi o signal associated with the video signal from source 10 is

applied to an audi o signal conpressor 18.2The RCaMZesspr 18 provides
frame sanpling pul ses (independent of

- 5 - video franmes) to control a latch 19. Responsive to the

sanpl i ng pul ses, Theeractioiallportagn usfeshe ogunitiard| iresopptad dedth®y t he

f?ﬁgt e audd timE'B3ke | AARED 1! UaRr€ ot RSBSOS Ul Qs S SiRb' On
processing clock to fine tune the A/V synchronization.
~ The rate of production of audio PTS's is proportional to the
5 processing speed of the audio decompressor. The processing
speed of the audio decompressor is directly proportional to the
frequency of the clock signal used to operate the audio
decompressor. If the clock frequency of the audio decompressor
is independent of the clock used to operate the video
10 decompressor, and is finely adjustable then the relative rate of
occurrence of the audio and video PTS's can be adjusted and the
A/V finely synchronized.
FIGURE 5 is a first embodiment of circuitry for generating an
adjustable audio processing clock signal. In FIGURE 5 a voltage
15 controlled oscillator, 503, is connected in a phase locked loop
including elements 500 and 501. The output of the oscillator is
coupled to one input of a phase detector 500. The system clock is
coupled to a second input of the phase detector 500 via a binary
rate multiplier 505. A phase error signal developed by the phase
20 detector is low pass filtered in filter 501. This smoothed phase
error signal is coupled to the control input terminal of the
oscillator to condition the oscillator to oscillate at the same
frequency and phase as the output of the binary rate multiplier.
In this example the system clock frequency is approximately 27
25 MHz and the desired audio processing clock frequency is
approximately 1/380 of the 27 MHz signal. A control signal from
the process element 216 is coupled to a control input port of the
binary rate multiplier to control its output frequency. This control
signal is selected to represent a nominal division ratio of 1/380,
30 but modulates about this value so as to condition the output of the
binary rate multiplier to produce an output frequency
commensurate with the instantaneous desired audio processing
rate.
FIGURE 6 illustrates a second example of adjustable
35 audio processing clock generation. In this example, a constant
clock frequency, from the system clock generator 208 or some
other stable oscillator, is applied to one input of a binary rate
multiplier 600. The binary rate multiplier is controlled by a
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stanps PTS[err]. The PTS[err] are incorporated in the co ressed 5 audi o

signal provided by the conpressor 18. -Tha-conpressB&A 87,33udi o signal is
coupled to a transport processor 17 which divides the signal into
packets of data and a r@gdg Utﬁ’lal n overhead to rovi de sone noi se

i muni ty f ofORtFQIn &g BoPERCessTelement 210 1P (§SAGEHEr & packet s

ItOFOVI ged bynctlhena:lrdeiﬁss@rattidﬁoamgmh’agaoblbek frbguandﬂytltll@é &wﬁleﬁ tohi ch
I e I VI SI exes | O an
Lhe tgur o BRIV 1tk GX SFatdl® i BrocRlS element' 578 ARG PRI cRBREFLS, Lng

vi deo si gnadigpabdessondition thchhmaeysrathmulspheem whthegi inarbasedaira r at e
| s modekat edecé‘@%se the anHﬁ PScé r%ré’i%ﬁohtc We% ssors and the

nultlplexor % rogessor.
The system cont rd| fefthen 4lseralat/1éne. aydeo si‘ﬂ!’él rH&QFﬁ%“g fatepﬁ@@ﬂﬁtﬁ&d to

COOVd' nat e iﬂ}ﬂuﬂﬁfs' ?Hét Bh ei'n@ﬂfd'ﬁ Sn d‘sl@ilﬁttor fort b@évﬁhﬁ cgntroller
t he co[ﬁwess rs 11 and i the transg ﬁo k 0Cessorns 13 and 17, and
the rate bUfqBIR 4“??&9"3*‘“%9 Wotprgcﬁssé'ﬁ r Shogks § BHXUQW 8i §34Nonmon

cl ocki ng arciscyjeneheasscillator is coupled to the audio processing circuit via
10 the gating circuit. The gating circuit is controlled by the process
element 216 to excise ones of the oscillator output pulses to
provide, on average, a desired audio processing clock frequency.
An alternative embodiment of the synchronizing
apparatus, indicated by the dashed arrow in FIGURE 2, may be
15 arranged to skip or repeat video frames to effect synchronization.
Alternatively video frames may be skipped for the audio leading
(lagging) video and audio frames may be skipped for the audio
frames lagging (leading) video. However, in the preferred
embodiment, the audio frames are skipped/repeated for audio
20 lagging and leading video respectively.
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| ong as proper handshaking is provided between processing _elenment's.
However, the two conpressors both deri ve I¥TS val ues froREAt 5378 EPO —
ref erence counter 23, thus a precise timng rel ati onshi p between the

two conpressg jgnal s is provi dﬁm l] npressed out put signal.
FIGURE 2 il Mes an exenpl ar “gma“l“ﬂ th us enbodyi ng the

i nvention wherein the nodem 200 perforrs t'he® * inverse function of the
nodem 15 and t heyrat S¢20 . :,’%ﬁ,ﬁ r ' ect q: 1 he

i nverse functi onl'of fﬁgﬁ{aﬁ% fb(%f &Y ?Ar.lgBS n°ﬁf3{§f5€e5p_32pfé’aé’?%g| gh(l'hrﬁ/er se
transport pstesdep stpnals fram ogcedered compriessedraiosenddvideres
respective stiggﬂﬁp%ﬁclﬁ)%hﬁbs aRd $Ried GPgnals ir@]ﬁd@'ﬂe@?ﬁé%ﬁ@tﬁﬁnefspeﬁ Ive

data to the proprlate, processing channel. In oing the
respective St‘?ﬁﬂ’s?pg)r’tgﬂbﬂzk%@ sﬁgﬁéﬂ‘d dcmrHﬁ?PaaéE prededermmeded from t he
auxiliary datérvald tdhd heldte8 tesaeddrioodepayysients dietkg saitp! dpgdhramust he
appropri atel_gqr_‘_oc&%iencp . channel and the auxiliary data applied to the
system cont B pEIeTIZ 9?[0. In an alternative arrangenent a separate
transport a source (200) of said recovered compressed audio and

video signals, and a source (208, 37) of reference frequency;

a counter (208, 36) responsive to said reference frequency
for providing a sequence of values modulo N where N is an
integer;

decompression apparatus (214) responsive to said recovered
compressed video signal for providing decompressed video signal
and said time stamp PTSvid;

decompression apparatus (212) responsive to said recovered
compressed audio signal for providing decompressed audio signal
and said time stamp PTSaud;

means (222, 217) for capturing values (LVS) of said
sequence at predetermined times related to the provision of said
time stamps PTSvid and for generating the difference (Av-prs) of
said values LVS and corresponding time stamps PTSvid; and (220,
218) for capturing values (LAS) of said sequence at
predetermined times related to the provision of said time stamps
PTSaud and generating the difference (Aa-prs) of said values LAS
and corresponding time stamps PTSaud; and

means (219, 216, 215) responsive to said differences
Av-pt1s and Aa_pT1s for synchronizing the decompressed audio and
video signals.

This Sheet Has Been Replace

T



pr ocessor ch processi ng channel and
-6- mu'{ gl:ll I‘IiEe and procel@s only data associ ReA &4,k 30 tHRO
respective channe cS. npressed video data fromthe

I nverse transport processor 202 is applied to the rate buffer 204,

whi ch provides 5 conpressed video signal according to the system
protocol to the 2. The apparatus set forth in claim 1 characterized in that

said means for synchronizing the decompressed audio and video
signals includes means (216, 212) for skipping/repeating
predetermined intervals of decompressed audio signal responsive
to the difference the between values Av_prs and Apo_pTs exceeding
a predetermined value.

3. The apparatus set forth in claim 1 characterized in that
said means for synchronizing the decompressed audio and video
signals includes means (216,214) for skipping/repeating
predetermined intervals of decompressed video signal responsive
to the difference the between values Ay-prs and Aao_pTs exceeding
a predetermined value.

4. The apparatus set forth in claim 1 characterized in that
said decompression apparatus (212) responsive to said recovered
compressed audio signal provides decompressed audio signal at a
rate determined by a processing (215) clock signal and said means
for synchronizing the decompressed audio and video signals
further includes means (216) responsive to the differences
(Av-pPTS)-(AA-PTS), for variably adjusting the rate of said
processing clock signal.
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deconpressor 214. The rate buffer 204 accepts data at a bursty

i nconsi stenL\l %mu muj\mt\amdes data on -d6mand to the Mrlesiﬁoﬁl’o
214. The d onsive to the conpressed vi deo signal,
generates nofi- ¢ rrpresse vi deo signal 10 for display or for storage etc.,

I n appropriate display or storage devi ces (not shown).
Conpressed audi 6.datApparanss foe prowedirg tsyachponized, reppodwueskaudif? is

liedt ' d |
aceor di ng 00 NEES STEhaly S, reetyetel QokbRessed anIROTARESARES) 1,0 Sipa
deconpr ess@&tgnat] w K@s@adm vand ovideo signals aonbxd@sgespmmeo tingnal

generat es_QeAnpeNPISHRRT MaPrSvia ddikARRled o ReAGRNAlhen of for storage

etc., in approprjate s fé{ tora
The .nversénﬁm%lésgaﬂ belated 4 aﬂowee@ers@us mrelfﬁc sai eaBH?(WP%lry
transport ¢ahfactdfigedory:ol signals to a system cl ock generator 208.

I 1 ock Serer o gLy LESRIN 15y L9id 1586, Tohnpressea SRRG4RF 2 SYStem

video signals, and a source (208) of a local clock signal;

decompression apparatus (214) responsive to said recovered
compressed video signal for providing decompressed video signal
and said time stamp PTSvid;

decompression apparatus (212) responsive to said recovered
compressed audio signal for providing decompressed audio signal
and said time stamp PTSaud;

means (217, 218, 220, 222) for determining, in cycles of said
local clock signal, the time T between occurrences of
corresponding time stamps PTSaud and PTSvid;

means (219) for calculating the difference between values of
corresponding time stamps PTSaud and PTSvid and comparing
such difference with said time T to generate an A/V
synchronization error signal; and

means (215, 216)responsive to said A/V synchronization
error signal for synchronizing the decompressed audio and video
signals.
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transport processor operation. This system clock signal is applj - o]
the receiver jﬁﬂmmmﬁ"mm I 210 to co?f rol the timng of %S'A ?ﬁpﬁ?pﬁfg e
processi ng el en ”ﬁm Figure 3 illustrates details of an
exenplary clock ° ‘ r&geherator 208. Data fromthe receiver nodem 200
I's coupl ed t he inverse transport processqr 202', including an
auxiliary %aglé? IRRAERWS S%‘l?oﬁ‘ﬁelq rfﬁ%ﬂ’% t&%\?ﬁ'&ﬂzeﬁrgb &br 202' 3
0 Eepar at Ieaid rraespo rfor hdeeminaiga the otime HE d:mpﬁicsé!é vmehnansediding

packet payl.o .Responsive tao fhe transport header : e

P ocessor Zogounst RBES Tychds WECRRClkal S0 B, ahite,

exanpl e, peepingva ddoonmprssirsimgaid aime Tnothishoimnequahdo the
auxiliary degi @J)é)l . a ) at L ey 3 5 data
pr ocessi ng%zl@r#arn'?z %{:§g%fg\§n% . °r‘?11§ %gﬁ?lsr&re{e:gﬁﬁﬁg&vh t hlhn“?&r t he

auxi | i ary @SEBITEREES Rt SAidineorEespanding Hmfrdayps| Edaxaud apd

The auxi | i @pSHdcket detector 31, which nmay be a mat ched filter
arranged to recogni ze the codewords designating an

7. The apparatus set forth in claim 6 characterized in that
said means including a counter comprises:

a counter responsive to said local clock signal for providing a
sequence of count values modulo N where N is an integer; and

means responsive to an occurrence of said time stamps
PTSaud for capturing a first count value and responsive to the
occurrence of a corresponding time stamp PTSvid for capturing a
second count value;

a subtractor for determining the difference between said
first and second count values.

8. The apparatus set forth in claim 5 characterized in that
said recovered compressed audio and video signal includes system
clock references (SCR's), and said apparatus further includes
means responsive to said system clock references for generating
said local clock signal synchronous with said encoder system clock.

9. The apparatus set forth in claim 5 characterized in that
said respective decompression apparatus provide decompressed
video signals in predetermined intervals and decompressed audio
signal in further predetermined intervals, and said means for
synchronizing includes apparatus responsive to said A/V
synchronization error signal for skipping or repeating ones of said
predetermined intervals of said decompressed audio signals.
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-7- port packetjgontai ni ng a SCR, pﬁag nges d Ep
contr ol n |“) IH Iﬁﬂﬁurrence of transport packets containi ng suc
dat a. T e controltpulse is utilized to capture and store within a

| at ch 35, the count value currently exhibited by the |ocal counter 36
mcer T SEIGE S aSRA O B3 S ed O L
control |l ed Sald de@empﬂeah@m Sippatamscdont providing decomnpees sed cmdmcb modul o
M whi &Engﬁngﬁide@uﬁ éosixregtop%cﬁ§3<%sislr¥g ib& Ss?ﬁrﬁalnvgpeorpe?ftiﬁés

said decompression apparatus and said means for synchronizing

includes further apparatus responsive to said A/V

synchronization error signal for varying the frequency of said

processing clock signal.

11. The apparatus set forth in claim 10 characterized in that
said apparatus for varying the frequency of said processing clock
signal includes a binary rate multiplier.

12. The apparatus set forth in claim 7 characterized in that
said respective decompression apparatus provide decompressed
video signals in predetermined intervals and decompressed audio
signal in further predetermined intervals, and said means for
synchronizing includes apparatus responsive to said A/V
synchronization error signal for skipping or repeating ones of said
predetermined intervals of said decompressed audio signals.

13. The apparatus set forth in claim 12 characterized in that
said decompression apparatus for providing decompressed audio
signal includes a source of a processing clock signal for operating
said decompression apparatus and said means for synchronizing
includes further apparatus responsive to said A/V
synchronization error signal for varying the frequency of said
processing clock signal.
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counterpart counter in the encoder (counter 23). If M diff%\r,shjg()] %ém

N the differenc ated in the error equat i on

The vol t age conf“mm‘\ﬂﬂﬁm r 37 is controlled by a | ow pass
filtered 38 error sfgnal 'brovi ded by a clock controller 39. The error
signal is generated in the followng fashion. Let.the SCR 1 5 arriving at
time n be desi g?}é‘?ed ARRYTALYY é’ﬁdpf%‘é‘ "6%aFy%gHHP"?féﬁuéepro]ducegoncurrentIy
captured i nudie awndchided lsegridsi fpom erbclo@Rfed rdompiessed audiol anld control | er
reads the S&l % : 3 n n error
signal E pf‘}_c’)g%?t?ci&ﬁg' tq‘J omf?ﬁeg'g‘?lﬁ EEP §n§2§e&%ﬁ?§ %CIUde refs%gﬁﬁgb

| SCRl err] -timerptamps PTPaad] end] PTSGH| dlet¢nymirgd athpredetermingthal E, is

utilized tqneadist llpd TR A% %@Paew tem cloaéckéi!data?@a%uao a
frequency tendi ngi to e%ual I.ze the differences. I ndi Cat ed

pr evi ousl y COMPHERING IFPLet¥fc SCOMMIESION ARPAratus for npdul o counter wrap
around, mayegenipgressiag. sdite cumpressednaidio and pigevicsignays tamrl cl ock

cont rol | er raoaiBthe’Sald s0E . SOLRL rPs Rl S ProVie hndoebgl od ofonal .
responsive to the occurrence of said time stamps PTSaud and
PTSvid for measuring the time between an occurrence of a PTSaud
and the next occurring PTSvid and adjusting the decompression
rate of at least one of said decompression apparatus such that the
time between an occurrence of a PTSaud and the next occurring
PTSvid substantially equals the difference in values of said

PTSaud and the next occurring PTSvid.
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error signal by inplenenting the | ow pas ilter 38_ in.anal o
conponents. The const r%é}fs on thlégﬁgta]e#?%re that the

counters at the two ends of the system count the samal f][equency orf
even 3 0 nultiples thereof. Fﬂi §F=ret9#brg@ om na requency o

t he vol tage control | eéI\BoSscH ator ‘be PZ@?EMe to the frequency of
t he syst em cl oclA afeceieere (FKIYRE 2) for decoding assoctitedf or egoi ng

approach pr @omipfessad h§idéaPhdld audio Smshhﬁﬂbﬁatciogrg?&%nxg%dn@h’tiiﬁgﬁce a

1009 LT S Shuraah§ S FS Hraghi of Motk i oot . ScR er]
- SCRlerr]| stamps P¥#Byig SCRRTS]yandspsdtvely] incladesr a exaitpbBet (2 16) r st
ggﬁ‘r‘]{ relr -ng SGhAis responiii §8 r{heesggpgécrt]ﬁ/el 3LEhSaVaNe s?g}htﬁgetcri ecetver

provide coarse synchronization by delaying or skipping respective

frames of one or the other of the components to approximately

time align the two components. Fine synchronization is provided

by adjusting the processing or clock frequency (215) of the audio

10 signal processor (212) independent of the video processor(214).
The control for the frequency adjustment is related to the
difference between audio and video time stamps.
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- 8 - Nom nally the error signals E and LTE will vary in discrete
st eps. As such, once the system is "synchronized" the error signa
will- di ther one unit about the null point. The preferred nmethod of
synchroni zation is to initiate control of the voltage controlled 5
oscillator using the error signal E until a one unit dither occurs in
the error signal E, and then to seatsgh3io the use of the long term

error signal LTE to control the voltage controlled oscillator.

The system cl ock signal provided by1f§e VCXO 37 may be utilized to
operate at | east the transport processor and rate 10 buffers. Since it
I s synchroni zed at least in frequency with the encoder system cl ock,
the possibility of rate buffer overflow or
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underflow due to clock timing errors is substantially non-existent.

Refer again to FIGURE 2 for an expl anation of audi o/ vi deo

synchroni zation. Recall that a presentation tine stanp 15 PTS[err], is

i ncluded in the conpressed video signal associated with pr edet er m ned
video data. The PTS[err] is indicative of the relative time that the
associated video is to be displayed. Simlarly the conpressed audi o

signal includes presentation time stanps PTS[err] associated with

audio to be reproduced at tines rel atf& §3@e 20 respective PTS[err]. At
the receiver the PTS[err] and PTS[err]| may’ 1ot be conpared directly to
provide A/V synchronization because the/5 respective sanples were

determ ned at different instants. The respective PTS val ues are
conpared to a continuous tine base which is the receiver clock

provi ded by the VCXO 37. This is done 25 by sampling local tinme stanps of
t he count values LCR When data associated with an
associated PTS is presented, The LCR is sanpl ed. For exanple, The

audi o deconpressor 212 issues a PTS[@rr] when a respective audio frame
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I's output for reproduction. At these tinmes a control signal 30 condi tions

the latch 220 to sanple the LCR, the values of which w il be
designated LAS, for local audio stanp. Simlarly when the vi deo
deconpressor provides a video frame for display, it provi des a
PTS[err] and a control pul se to condiRCAo®7.83Patch 222 to store the

current value of the LCR These LCR val é?s are 3 5 designated LVS for
| ocal video stanps. AS and the correspondi ng PTS[ err]

are coupled to respective input term nals of a subtracter 218 which
devel ops the signal [err] according to the rel ation;
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-9 - [err] = PTS[err]--"'LAS™ . The LVS and

the corresponding PTSvid are coupled to respective - - input termnals of
the subtracter 217 whi ch devel ops t heRsA @iaB39 Terr] according to the
relation; 5 [err]_= PTS[err] - LVS. The
signals [err] and [err] are coupled to ﬂ%&iective I nput termnals of a
further subtractor, 219, which 8¥elops an A/V synchroni zati on error
signal ERR[err] accordin el ation;

ERR[err] = |
requires tha hroni zati on error be driven to zero. Thi$
I ndi cates that when difference in the val ues of e correspond|1g
audi o and vi : he time, in units of 2

reference, beétween

NO
}04
READ PTS aud }03 READ PTSvid
CAPTURE LAS CAPTURE LVS
|
N
407 498
ERRpts sKiP 1/
POSITIVE ? FRAME

REPEAT
FRAME

409

YES

412
ERRpTg < LAST ?

INCREASE | 413 DECREASE | 414
AUDIO VCXO | AUDIO VCXO
FREQ FREQ
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1 5 occurrence of the corresponding PTS s, the -audi o and vi deo si gnal

Wi |l be in synchronization. ~ Two mechani sns nmay be used to
adj ust the AV synchroni zat i E’f"%%g upon the error signal ERR err];
ski ps and repeats of data sections~and conversion clock deviation.
Skipping 2 0 fixed intervals or "fr s" of audi o advances the audi o data
stream by a fixed interval relative to the video signal. Repeating

(or muting wthout consum ng data) delays the audio data stream by
fixed intervals relative to the video signal. Skipping and repeating
audio frames is audi bl e unddNERONTENi ti ons, and 25 therefore is only
utilized for coarse adjust merfROM 216chr oni zati on. Even so, brief

ski ppi ng or repeating may be prefierable to di scerni bl e audi o/ vi deo
synchroni zaSYSTERYCROEK |f the H;ﬁbg frames are |l ess than 40 nsec,
coar se adj ust PROM 208 ski ppi peating may result in synchronization
errors wwthin 3 0_+20 BINARYCRAITE W t hin_ind ry standards for AV

synchroni zati on. However| , MULIBPEEBR COpRge if
A}

500 501

.- vcxo j¢———-

e FIG. 5

PROCESS
CLOCK

503

FINE CONTROL
FROM 216

-} J]L
AUDIO

OSCILLATOR | BINARY RATE
' > murtper ——> P ggggss
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600

FIG. 6
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UDIO/VIDEQ.SYNCHRONIZATION Iy

A DIGITAL TRANSMISSION SYSTEM
This invention relates to a method and apparatus for

n'|s

Airdvt .!).“..\,!

&

O AR Y SR

synchronizing the audio and video component signals at an
audio/video signal decompression apparatus

Audio and video (A/V) transmission and reception
requires that the audio and.video components be properly
synchronized. EIA standards RS-250-B limit the time differential
lead or 40
Film standards limit the time differential of
associated audio and video to +1/2 frame, which corresponds to
20.8 ms. An acceptable goal for source to viewer A/V
synchronization is therefore a time differential of +20 ms.

Digital communication systems typically
time-multiplex associated signal components over a single
channel. Such multiplexing is common among A/V transmission
systems proposed and implemented for cable, fiber, terrestrial
and satellite applications. The time multiplexing of the signal
components may destroy their natural time relationships between
the transmission and display of the information. Therefore, time
critical components of the transmitted component signals may be
associated with a time reference before being multiplexed. This is
referred to as “"stamping"” the information, and timing samples are
referred to as time stamps. The receiver may then output the
respective components in time relative to their respective time
stamps. However to accomplish this the receiver must maintain a
very precise local time reference, which is synchronous to the
encoder time reference.

One reason that the receiver must be tightly coupled
to the time base of the transmitter is to insure that the output of
real time data matches that of the input to the receiver. If the
receiver provides (displays) the data too rapidly, buffers in the
receiver may underflow resulting in an interruption of the output
signal. If the receiver outputs the data too slowly , the buffers
may overflow (assuming finite rate buffers) resulting is a loss of
data.

between associated audio and video signals to 25 ms.
ms. lag time.

In one proposed system the receiver is synchronized
to the transmitter by supplemental time stamps (system clock
references, SCR) associated with predetermined packets of
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running frequency substantially equal to the frequency of the
clock in the transmitter. The receiver clock (local clock) is also
counted modulo 2N, and each time a SCR arrives at the receiver
the local counter is sampled to provide a local clock reference or
LCR. No attempt is made to force the LCR to equal the SCR. Rather
the local clock is adjusted based upon processing changes in the
difference between the LCR and SCR time stamps. An error signal
is generated according to the relation

ERR = ISCR;-SCRp-1l - | LCRp - LCRy-1!
The signal ERR is utilized to control the local clock frequency. Via
this process the LCR can be made arbitrarily close to the
transmitter clock frequency. Note that since both the system and
local clocks are counting modulo N, they periodically wrap around.
On these occurrences the respective terms SCRp-SCRp.1and LCR; -
LCRyp.1will be negative and erroneous. The system monitors the
polarity of the respective differences and when one of the
differences is negative the difference is ignored.

Video signal coded according to the MPEG standard
includes presentation time stamps, PTSyid, which are synchronized
to the input video frames. The respective PTSyjq indicate the
relative times that the respective frames are to be displayed at
the receiver, nominally 30 Hz, for NTSC source material.
Associated audio is also encoded with presentation time stamps
PTSaud based on the same time base as the system time and which
time stamps are placed in an MPEG system packet layer
encompassing the encoded audio data. An audio system packet
layer may contain several “"frames" of audio data and respective
frames equal, in this example, 24 ms. of original audio data.
Audio frames are approximately six times the duration of a (127
byte) transport packet. (Information to be transmitted, audio,
video, data, etc. are segmented into respective transport packets
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and video components is difficult if one attempts to do so by
comparing the PTSyijq with the PTS,yuq4. It is an object of the
present invention to simplify the process of synchronizing
associated audio and video components.

A receiver for decoding associated video and audio
information components transmitted in mutually exclusive
“frames"” of data with respective time stamps PTSvid and PTSayuq
respectively, includes a controller which is responsive to the
respective received time stamps to provide coarse synchronization
by delaying or skipping respective frames of one or the other of
the components to approximately time align the two components.
Fine synchronization is provided by adjusting the processing or
clock frequency of the audio signal processor independent of the
video processor. The control for the frequency adjustment is
related to the difference between audio and video time stamps.

BRIEF DESCRIPTION OF THE DRAWINGS

FIGURE 1 is a block diagram of audio/video
compression apparatus.

FIGURE 2 is a block diagram of a audio/video
decompression apparatus embodying the present invention.

FIGURE 3 s a block diagram of apparatus for providing
the receiver system clock signal having substantially the same
rate as the system clock of the compression apparatus.

FIGURE 4 is a flow chart of the operation of the
FIGURE 2 apparatus.

FIGURES 5 and 6 are block diagrams of alternative
audio processing clock signal generation which may be
implemented for element 215 in FIGURE 2.

FIGURE 1 illustrates a typical system in which the

~invention may be practiced, which system is a compressed digital

video signal transmission arrangement. In.this System, video
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element Il which may include a motion compensated predictive

encoder utilizing discrete cosine transforms. Compressed video
signal from the element 11 is coupled to a formatter 12. The

5 formatter arranges the compressed video signal and other
ancillary data according to some signal protocol such as MPEG, a
standard developed by the International Organization for
Standardization (Organisation Internationale De Normalisation).
The standardized signal is applied to a transport processor 13,

10 which divides the signal into packets of data and adds certain
overhead to provide some noise immunity for the transmission
purposes. The transport packets, which normally occur at a non-
uniform rate are applied to a rate buffer 14 which provides
output data at a relatively constant rate conducive to efficient use

15 of a relatively narrow bandwidth transmission channel. The
buffered data is coupled to a modem 15 which performs the signal
transmission.

A system clock 22 provides clocking signal to operate

much of the apparatus, at least including the transport processor.

20 This clock will operate at a fixed frequency such as 27 MHz for
example. As shown herein, however, it is used to generate timing
information. The system clock is coupled to the clock input of a
counter 23 which may be arranged to count modulo 230, for
example. The count values output by the counter are applied to

25 two latches 24 and 25. The latch 24 is conditioned by the video
source to latch count values on the occurrence of respective frame
intervals. These count values are denoted presentation time
stamps, PTS's, and are included in the compressed video signal
stream by the formatter 12, and are used by the receiver to

30 provide lip-synchronization of associated audio and video
information. The latch 25 is conditioned by the transport
processor 13 (or the system controller 21) to latch count values
according to a predetermined schedule. These count values are
denoted system clock references, SCR's, and are embedded as

35 auxiliary data within respective auxiliary transport packets.

Audio signal associated with the video signal from

source 10 is applied to an audio signal compressor 18. The
compressor 18 provides frame sampling pulses (independent of
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provide some noise immunity for transmission purposes. The

audio transport packets provided by the processor 17 are coupled
10 to a multiplexor 16 which time division multiplexes the audio and

video transport packets. In the figure, separate transport

processors are shown in the audio and video signal processing

channels. For systems wherein the data rate is moderate, the

functions of the two transport processors and the multiplexor 16
15 may be subsumed in a single transport processor.

The system controller 21 is a variable state machine
programmed to coordinate the various processing elements. Note
that the controller 21, the compressors 11 and 18, the transport
processors 13 and 17, and the rate buffer 14 may or may not

20 operate synchronously via a common clocking arrangement as
long as proper handshaking is provided between processing
elements. However, the two compressors both derive PTS values
from the same reference counter 23, thus a precise timing
relationship between the two compressed signals is provided in

25 the compressed output signal.

FIGURE 2 illustrates an exemplary receiver apparatus
embodying the invention wherein the modem 200 performs the
inverse function of the modem 15 and the rate buffers 204 and
206 perform, in effect, the inverse function of the rate buffer 14.

30 In FIGURE 2 a single inverse transport processor 202 is indicated,
which processor divides respective transport packets by service
and allocates the respective data to the appropriate processing
channel. In so doing the respective transport packet signal
payloads are separated from the auxiliary data, with the

35 respective payloads being applied to the appropriate processing
channel and the auxiliary data applied to the system controller
210. In an alternative arrangement a separate transport'-
processor may be ‘included in each processing channel and.
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compressed video signal, generates non-compressed video signal
10 for display or for storage etc., in appropriate display or storage
devices (not shown).

Compressed audio data from the inverse transport
processor 202 is applied to the rate buffer 206, which provides
compressed audio signal according to the system protocol to the

15 audio decompressor 212. The decompressor, 212, responsive to
the compressed audio signal generates non-compressed audio
signal for reproduction or for storage etc., in appropriate speakers
or storage devices (not shown).

The inverse processor 202 also provides SCR's from

. 20 the auxiliary transport data, and control signals to a system clock
generator 208. The clock generator responsive to these signals
generates a system clock signal synchronous with at least the
transport processor operation. This system clock signal is applied
to the receiver system controller 210 to control the timing of

25 appropriate processing elements.

Figure 3 illustrates details of an exemplary clock
regenerator 208.  Data from the receiver modem 200 is coupled
to the inverse transport processor 202', including an auxiliary
packet detector 31. The inverse transport processor 202

30 separates transport header data from the respective transport
packet payloads. Responsive to the transport header data, the
processor 202' applies audio and video signal payloads to, for
example, respective decompression apparatus (not shown), and
auxiliary data (designated as AUX) to the appropriate auxiliary

35 data processing elements (not shown). The SCR's residing within
the auxiliary data are routed and stored in a memory element, 34.

" The auxiliary packet detector 31, which may be a -
matched filter arranged to recognize the codewords designating an
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pulse on the occurrence of transport packets containing such data.
The control pulse is utilized to capture and store within a latch 35,
the count value currently exhibited by the local counter 36 at a
time precisely related to the time of detection. The local counter
36 1s arranged to count pulses provided by a voltage controlled
oscillator 37. The counter 36 is arranged to count modulo M
which may be, but is not necessarily, the same number as its
counterpart counter in the encoder (counter 23). If M differs
from N the difference may be accommodated in the error
equation.

The voltage controlled oscillator 37 is controlled by a
low pass filtered 38 error signal provided by a clock controller 39.
The error signal is generated in the following fashion. Let the SCR
arriving at time n be designated SCR,, and the local count value
concurrently captured in the latch 35 be designated LCR,;. The
clock controller reads the successive values of SCR's and LCR's and
forms an error signal E proportional to the differences

E = |SCR,, - SCR,,.1 | - ILCR, - LCR,,.¢!

The error signal E, is utilized to condition the voltage controlled
oscillator 37 to a frequency tending to equalize the differences.
As indicated previously, negative differences exhibited due to
modulo counter wrap around, may be ignored. The error signal
produced by the clock controller 39 may be in the form of a pulse
width modulated signal, which may be rendered into an analog

error signal by implementing the low pass filter 38 in analog
components. :

The constraints on this system are that the counters at
the two ends of the system count the same frequency or even
multiples thereof. This requires that the nominal frequency of the
voltage controlled oscillator be fairly close to the frequency of the
system clock at the encoder.

The foregoing approach ?)rovides rather rapid
synchronization but may introduce a long term error. Long term
error LTE is proportional to the difference

LTE = ILCR, - LCRqI - ISCR,, - SCRy!

where SCRg and LCRq are for exdmple the first occurring SCR and

the cdrrcsponding_ latched value of the receiver counter..
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be utilized to operate at least the transport processor and rate
10 buffers. Since it is synchronized at least in frequency with the
encoder system clock, the possibility of rate buffer overflow or
underflow due to clock timing errors is substantially non-existent.
Refer again to FIGURE 2 for an explanation of audio/
video synchronization. Recall that a presentation time stamp
15 PTSyiq, is included in the compressed video signal associated with
predetermined video data. The PTSyig is indicative of the relative
time that the associated video is to be displayed. Similarly the
compressed audio signal includes presentation time stamps PTSzug
associated with audio to be reproduced at times related to the
20 respective PTSaud. At the receiver the PTSayq and PTSyjg may not
be compared directly to provide A/V synchronization because the
respective samples were determined at different instants. The
respective PTS values are compared to a continuous time base
which is the receiver clock provided by the VCXO 37. This is done
25 by sampling local time stamps of the count values LCR.
When data associated with an associated PTS is
presented, The LCR is sampled. For example, The audio
decompressor 212 issues a PTS,yd when a respective audio frame
is output for reproduction. At these times a control signal
30 conditions the latch 220 to sample the LCR, the values of which
will be designated LAS, for local audio stamp. Similarly when the
video decompressor provides a video frame for display, it
provides a PTSyid and a control pulse to condition a latch 222 to
store the current value of the LCR. These LCR values are
35 designated LVS for local video stamps.
The LAS and the corresponding PTSaud are coupled to
respective input terminals of a subtracter 218 which develops the
signal Aa_prs according to the relation;



cknethi-s—exanpl et he system cl ock frequency is approximtely 27 25
VEz andiithe Sdésilied audi o processing cl ock frequency is

. dpproximately 1/380 of the 27 Mz signal. A control signal from

i tthe progcessel nt 216 is coupled to a control input port of the

"binary rate 'rruIEtiéipI ler to control its out put9 Trequency. This control

| st-gnat-—t+s—sel-ected to represent a nominal division ratio of 1/380,

'3 0 but nodul ates about this val ue, 9. as conditd on the output of the
“Bimiafy Fate rul'fiplier to produce dW'ddtpat “Pikquéhcy

comrensur at e wi Thet hyYS nadatcageogsparedingeBTaMiH arproppded g respective

rate. input terminals of thél %ﬁ%a&ef|1P'ﬁt»5ﬁfcﬁ5d€vél%%§ndlce>§f%flﬁhe of
i S

adj ust abl e 3 di o _pr,ocessi.ng. cl ock generation. In
exanpl e, a conspé(mm"s a%coﬁh'ng to {heclr%lébogre uencK,N fromthe system cl ock

generator 208 or sone Av-prier Pddatl eLdScillator, is applied to

one input of a t!‘iheafiFnél@tgv_st and Aa-prs el ERhpIBd B0fspedine hplary rate

mul tiplier is C(t)enrtmriga{se%fbx fal‘xrthcr subtractor, 219, which develops an A/V
synchronization error signal ERRpts according to the relation;

* ERRPTS = AV_PTS - AA-PTS

10
Synchronization of the audio and video requires that the A/V
synchronization error be driven to zero. This indicates that when
the difference in the values of the corresponding audio and video
PTS's equals the time, in units of the local reference, between the
15 occurrence of the corresponding PTS's, the audio and video signal
will be in synchronization.

Two mechanisms may be used to adjust the A/V
synchronization based upon the error signal ERRprs; skips and
repeats of data sections and conversion clock deviation. Skipping

20 fixed intervals or “frames" of audio advances the audio data
stream by a fixed interval relative to the video signal. Repeating
(or muting without consuming data) delays the audio data stream
by fixed intervals relative to the video signal. Skipping and
repeating audio frames is audible under many conditions, and

25 therefore is only utilized for coarse adjustment of synchronizétion.
Even so, brief skipping or repeating may be preferable to
discernible audio/video synchronization errors. If the audio
frames are less than 40 msec, coarse adjustment by
skipping/repeating may result in synchronization errors within

30 +20 msec., which is within industry standards for A/V
synchronization. However , this synchronization will degrade if
the audio conversion time base does not match that of the source.
Once synchronization is coarsely adjusted, variations of the audio

conversion clock frequency are arranged to further refine the A/V
35 synchronization.

The error signal ERRprs is applied to a filter and
processing element 216. A filter function therein smoothes the
signal ‘ERR}&TS to minimize. aberrant -effects that ‘might otherwise
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element 216 then examines the smoothed error signal and
determines whether a skip/repeat of audio should be utilized to
effect coarse synchronization of the audio and video signals
andfor whether an adjustment to the audio processing frequency
should be utilized to effect fine synchronization. If a coarse
synchronization adjustment is determined to be necessary, the
processor 216 provides a control signal to the audio decompressor
212 to condition the decompressor to skip or repeat the current
decompressed audio frame. Alternatively, or in addition to the
coarse adjustment, if a fine adjustment is determined to be
necessary, -the processor 216 provides a control signal to the audio
time base 215 to adjust the frequency of, the audio processing
clock signal.

The processing algorithm is detailed in the flow chart of
FIGURE 4. After initialization 400 of the system, which is
designated START, the system monitors 401 the audio
decompressor for the occurrence of a PTSayg and if a PTSaud is
detected it is read 403 and a local clock reference LAS is captured
and stored. If a PTS,ug has not occurred, the system monitors the
video compressor for a PTSyiq 402. If a PTSyjq has occurred, the
PTSviq is read and a local clock reference LVS is captured and
stored 404. When both a PTSay4 and a PTSyijq have been read the
ERRprs is calculated 405 according to the equation;

ERRprs = AV-PTS - AA-PTS.
The magnitude of the error signal is examined 406 to determine if
it is greater than one half an audio frame interval. If it is greater
than one half an audio frame interval, the error signal is checked
for polarity 407. If the polarity is positive, the current audio
frame is repeated 409. If it is negative the current audio frame is
skipped 408. After skipping or repeating a frame the system
iterates back to the start position to wait for the next occurrence
of PTS's. '

At step 406, if the magnitude of the error signal is less than
one half an audio frame interval, the error is examined to
determine if it is greater than zero 410. If the error is greater
than zero, the error is checked 412 to determine if it is less thdn
the previous error signal. If it is less than the previous error
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ski pped for the frames

However, in the
preferred "Qhﬁﬁapﬁ%‘ﬁt Tihges WilEMo %P%i"dﬁé g% pB@Hf‘P@pé‘ht%‘f@F audi o
20 | aggi ng andtheagxndPT$’ sleonpeseﬂy,vdl vhe error has increased over the

5 previous error signal, the audio system processing clock is
adjusted to lessen its frequency 414.

At step 410, if the error is less than zero (negative), it is
checked 411 to determine whether it is greater than the previous
error signal. If it is greater than the previous error signal, this is

10 also an indication that the system is converging toward
synchronization, and the synchronization control parameters are
not changed. Alternatively if the current error signal is less than
the previous error signal the system is moving further out of
synchronization and the audio processing clock frequency is

15 increased 413. After processing steps 412 and 413 the system
returns to wait for the next occurrence of PTS's. It will be noted
in this example, that the system performs only coarse adjustments
via skipping or repeating audio frames until the A/V
synchronization error is reduced to less than one half an audio

20 frame interval.

In an alternative embodiment, the filtered error signal
is compared against a predetermined threshold related to the size
of respective audio frames. If the error signal is less than the
threshold, indicative that the audio-video timing error is less than

25 an audio frame, the error signal is coupled to the audio time base
circuit 215, wherein it is utilized to adjust the frequency of the
audio signal processing (decompression) clock. Alternatively, if
the error signal is greater than the threshold, the error signal may
be divided by the audio frame interval to determine the number

30 of audio frames that the audio and video signal are misaligned.
The integer portion of the quotient is applied to the audio
decompressor to condition the audio decompressor to skip or
repeat that number of audio frames. The polarity of the error
signal will determine whether audio frames should be skipped or

35 repeated. Nominally the decompressed data is arranged in a
buffer memory prior to being output, hence skipping or repeating
audio frames is a simple matter of. controllably cnablmg the
memory read/write commands. Y




ARHE <1 Apparatus for providing synchroni zed, reproduced audi o and
- Vi deo"si-grad-s-fir gm recover ed conpressed audi o and vi deo signal, whi ch audio
cand ,video ,ﬁ_s_i.,,gna{l s include respective tinme stanps PTSaud and PTSvid
. det er¥rirRed:“af prddeternined intervals and r_ql ated to an encoder system

jclock, said. rlat us characterized by: % source (200) of said
§ré50vered conpresked audi o and video signals, and a source (208, 37) of
Lref.erence-f+equency; TheCOURLIBRaI( BORioBR)N [1RS lageﬁléﬁ é&r goﬁlﬁllégi gﬁﬂ%ence

for providing a sequenc val ues .madul 0. . :
frequency for p andis tithe defent 8[5 where it 1s utilized to adjust the audio

processing clock to fine tune the A/V synchronization.
The rate of production of audio PTS's is proportional to the
5 processing speed of the audio decompressor. The processing
speed of the audio decompressor is directly proportional to the
frequency of the clock signal used to operate the audio
decompressor. If the clock frequency of the audio decompressor
is independent of the clock used to operate the video
10 decompressor, and is finely adjustable then the relative rate of
occurrence of the audio and video PTS's can be adjusted and the
A/V finely synchronized.

base " circuit

FIGURE 5 is a first embodiment of circuitry for generating an
adjustable audio processing clock signal. In FIGURE 5 a voltage
15 controlled oscillator, 503, is connected in a phase locked loop
including elements 500 and 501. The output of the oscillator is
coupled to one input of a phase detector 500. The system clock is
coupled to a second input of the phase detector 500 via a binary
rate multiplier 505. A phase error signal developed by the phase
20 detector is low pass filtered in filter 501. This smoothed phase
error signal is coupled to the control input terminal of the
oscillator to condition the oscillator to oscillate at the same
frequency and phase as the output of the binary rate multiplier.
In this example the system clock frequency is approximately 27
25 MHz and the desired” audio processing clock frequency is |
approximately 1/380 of the 27 MHz signal. A control signal from
the process element 216 is coupled to a control input port of the
- binary rate multiplier to control its output frequency. This control
signal is selected to represent a nominal division ratio of 1/380,
30 but modulates about this value so as to condition the output of the
binary rate multiplier to produce an output frequency
commensurate with the instantaneous desired audio processing
rate.
FIGURE 6 illustrates a second example of adjustable
35 audio processing clock generation. In this example, a constant
clock frequency, from the system clock generator 208 or some
other stable oscillator, is applied to one input of a binary rate
multiplier 600. The binary rate multiplier is controlled by a



i nteger; ~ deconpression apparatus (214) responsive to said recovered
conpressed video signal for providing deconpressed video signal and said

time stanp PTSvid; deconpressi on apparatus (212) responsive to said
recovered conpressed audio signal for provi plg ng deconpressed audi o signal
and said tinme stanp PTSaud; means (222, 217) for capturing val ues

(LVS) of said sequence at predetermned tines related to the provision of
said tinme stanpgofifsivisthrandirbey 1genfoaddsngldntentdp {6 erengendraey ] ) of said

val ues LVS and correspgndi ng tinme stanps. PTSvid; .an 0,
capturing val uegorflll’lé) 85?”%%%%%@{8&8 S1g %P&ge{reﬁg%n%% tllzﬁé;s@nﬁe%tt%d to
the provision ofhesad Y tarner signapstheTpaeetsanclegmner kG ridterhahis fcpafrehce

%SL;]% LOf sai dsiyhyias bARIHA 99 IAARG)GRRD rhilKpIie: aBDEIRESINCcaendr
) y .V sal LTrerence - -
synchroni zi tﬂ%cr&é%eoﬁgpgggg}jn&j&iagx%rﬁocessmg HGER fiéghdmey™" or

A further alternative audio signal processing rate changing
apparatus (not shown) may include an oscillator for providing a
nominal maximum audio processing clock frequency and a gating
circuit. The oscillator is coupled to the audio processing circuit via
10 the gating circuit. The gating circuit is controlled by the process
element 216 to excise ones of the oscillator output pulses to
provide, on average, a desired audio processing clock frequency.
An alternative "embodiment of the synchronizing
apparatus, indicated by the dashed arrow in FIGURE 2, may be
15 arranged to skip or repeat video frames to effect synchronization.
Alternatively video frames may be skipped for the audio leading
(lagging) video and audio frames may be skipped for the audio
frames lagging (leading) video. However, in the preferred
embodiment, the audio frames are skipped/repeated for audio
20 lagging and leading video respectively.




'vi deo signals. 2. The apparatus set forth in claim1l
characterized in that said neans for synchroni zing the deconpressed audi o

redet er i ned | nterval s of deconpressed autio sl Z‘éﬁﬂlﬂﬂ}ﬂmﬁmﬁ"mf i
* M s *
CLAIMS:

1. Apparatus for providing synchronized, reproduced audio
and video signals from recovered compressed audio and video
signal, which audio and video signals include respective time
stamps PTSaud and PTSvid determined at predetermined
intervals and related to an encoder system clock, said apparatus
characterized by:

a source (200) of said recovered compressed audio and
video signals, and a source (208, 37) of reference frequency;

a counter (208, 36) responsive to said reference frequency
for providing a sequence of values modulo N where N is an
integer;

decompression apparatus (214) responsive to said recovered
compressed video signal for providing decompressed video signal
and said time stamp PTSvid;

decompression apparatus (212) responsive to said recovered
compressed audio signal for providing decompressed audio signal
and said time stamp PTSaud;

means (222, 217) for capturing values (LVS) of said
sequence at predetermined times related to the provision of said
time stamps PTSvid and for generating the difference (Av-prs) of
said values LVS and corresponding time stamps PTSvid; and (220,
218) for capturing values (LAS) of said sequence at
predetermined times related to the provision of said time stamps
PTSaud and generating the difference (Aa-prs) of said values LAS
and corresponding time stamps PTSaud; and

means (219, 216, 215) responsive to said differences
Av-prs and Ap-pTs for synchronizing the decompressed audio and
video signals.




to the difference the between values [err] and [err] exceeding a
pr edet er m ned val ue. 3. The apparatus set for claiml
characterized in that said neans for synchroni zing lﬂﬂ!ﬂ "Hﬁﬁﬁﬂ"audlo
and video signals includes neans (216, 214) f I skip

predeterm ned interval s of deconpressed V|de S|gnal respon5|ve to*t he
difference the between values [err] and [err] exceeding a predeterm ned
val ue. 4. The apparatus set forth in claim1l characterized in that
sai d deconpression a par t us g212 resqu ive d recover d. ol ressed

audi o signal provide S aab b’haﬁtlalﬁl o chaas ‘Hé’tc r o &t by a
processi ng (215)said cmkam doal S)mmdircsralzmgmansumslgcnmﬁ awidio nfg\d hedco

deconpr essed audj; o A9d;id1HE& % ﬂ?s' g2h8r then 'fBP'slk(ilﬁﬁm@%%Eat(l@

responsive to the differences r r r rlabl ustln t he
ratg of sajd predetermine mte ]3f( econlgresse% 10 sxg¥1afj1 esponm%e

to the difference the between values Av_pTs and Aa-pPTS exceeding
a predetermined value.

3. The apparatus set forth in claim 1 characterized in that
said means for synchronizing the decompressed audio and video
signals includes means (216,214) for skipping/repeating
predetermined intervals of decompressed video signal responsive
to the difference the between values Av-prs and AA-pts exceeding
a predetermined value.

4. The apparatus set forth in claim 1 characterized in that
said decompression apparatus (212) responsive to said recovered
compressed audio signal provides decompressed audio signal at a
rate determined by a processing (215) clock signal and said means
for synchronizing the decompressed audio and video signals
further includes means (216) responsive to the differences
(Av-pTS)-(AA-PTS), for variably adjusting the rate of said
processing clock signal.




processi ng clock signal.
5. Apparatus for providing synchronized, reproduced MMHJHHHI’M&E@"@ I gnal s
fromrecovered conpressed audio and video signal, «deo

signal s include respective time stanps PTSauquband PTSV| d determ ned at
pr edet er m ned

S. Apparatus for providing synchronized, reproduced audio
and video signals from recovered compressed audio and video
signal, which audio and video signals include respective time
stamps PTSaud and PTSvid determined at predetermined
intervals and related to an encoder system clock, said apparatus
characterized by:

a source (200) of said recovered compressed audio and
video signals, and a source (208) of a local clock signal;

decompression apparatus (214) responsive to said recovered
compressed video signal for providing decompressed video signal
and said time stamp PTSvid;

decompression apparatus (212) responsive to said recovered
compressed audio signal for providing decompressed audio signal
and said time stamp PTSaud;

means (217, 218, 220, 222) for determining, in cycles of said
local clock signal, the time T between occurrences of
corresponding time stamps PTSaud and PTSvid;

means (219) for calculating the difference between values of
corresponding time stamps PTSaud and PTSvid and comparing
such difference with said time T to generate an A/V
synchronization error signal; and

means (215, 216)responsive to said A/V synchronization
error signal for synchronizing the decompressed audio and v1deo
signals.




.intervals and related to an encoder system cl ock, said apparatus
characterized by: a source (200) of said recovered conpressed audio

and video signals, and a source (208) of a local clo | .
deconpressi on apparatus (214) responsive toysaid recgﬂﬁmﬁ‘j@ﬁ»g&#w vi deo
signal for providing deconpressed video signal and saik | Svi d;

deconpressi on apparatus (212) responsive to said recovered conpressed audi o

signal for providing deconpressed audio signal and said tine stanp PTSaud,

means (217, 218, 22Q, 2Pg9 A phrAAs QDMBEATin iclai®y d Rhalici&fled iPCRhe C! ock
signal, the tine. T betwegn occurrences of .corr.fezppondl.gg time stanps. PTSaud
and PTSvi d; saidOfans J95)detgmiaing thet HAY (T OmpH ¥oe MeAnsetMdidingal ues

of correspondi ryg coumer sfoangminfingacykcles df PSaY i lbcain dlaokmpigniahgnduch
g: f‘;glr _e”gﬁd""' thhrd@iding | v alud GeBRABRBRE AR AMeSYNGMIANiEAJRD &t
g ’ number of cycles of said clock signal occurring between the

occurrences of said corresponding time stamps PTSaud and
PTSvid.

7. The apparatus set forth in claim 6 characterized in that
said means including a counter comprises:

a counter responsive to said local clock signal for providing a
sequence of count values modulo N where N is an integer; and

means responsive to an occurrence of said time stamps
PTSaud for capturing a first count value and responsive to the
occurrence of a corresponding time stamp PTSvid for capturing a
second count value;

a subtractor for determining the difference between said
first and second count values.

8. The apparatus set forth in claim 5 characterized in that
said recovered compressed audio and video signal includes system
clock references (SCR's), and said apparatus further includes
means responsive to said system clock references for generating
said local clock signal synchronous with said encoder system clock.

9. The apparatus set forth in claim S characterized in that
said respective decompression apparatus provide decompressed
video signals in predetermined intervals and decompressed audio
signal in further predcterminéd intervals, and said means for
synchronizing includes apparatus responsive to said A/V
synchronization error signal for skipping or repeating ones of said
predetermined intervals of said decompressed audio signals.




means (215, 216)responsive to said A/V synchronization error signal for
synchroni zi ng the deconpressed audi o and vi deo signals.

6.
The apparatus set forth in claim5 characterized in th iﬂ mmmu
determning the time T conprises nmeans includfng a coum“t‘m\ “m k \
cycles of said |ocal clock signal and L

10. The apparatus set forth in claim 9 characterized in that
said decompression apparatus for providing decompressed audio
signal includes a source of a processing clock signal for operating
said decompression apparatus and said means for synchronizing
includes further apparatus responsive to said A/V
synchronization error signal for varying the frequency of said
processing clock signal.

11. The apparatus set forth in claim 10 characterized in that
said apparatus for varying the frequency of said processing clock
signal includes a binary rate multiplier.

12. The apparatus set forth in claim 7 characterized in that
said respective decompression apparatus provide decompressed
video signals in predetermined intervals and decompressed audio
signal in further predetermined intervals, and said means for
synchronizing includes apparatus responsive to said A/V
synchronization error signal for skipping or repeating ones of said
predetermined intervals of said decompressed audio signals.

13. The apparatus set forth in claim 12 characterized in that
said decompression apparatus for providing decompressed audio
signal includes a source of a processing clock signal for operating
said decompression apparatus and said means for synchronizing
includes further apparatus responsive to said A/V
synchronization error signal for varying the frequency of said
processing clock signal.
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providing a value representing said time T which is equal to the nunber of
cycles of said clock signal occurring between the occurrences of said

correspondi ng tinme stanps PTSaud and PTSvi d. 7U"Im et
forth in claim6 characterized in that said-teans in mnmmmﬂﬁm

conprises: a counter responsive to said |ocal cl BCkcsiLgnél for*

provi di ng a sequence of count values nodulo N where Nis an integer; and
nmeans responsive to an occurrence of said tine stanps PTSaud for capturing
?_ fi rst couggrsval ufe aad r agiparstiuy efdro proeidicg usyneheeniakda repradasepdndi ng

I me stanp vi d for urin e (JN=% rjact or
for determ ning a[q_‘r(]iégd?_r?(fg‘}rlg%éegﬁgfv&egﬁ&garﬁ%ﬁk?e\?ﬁ Cléﬁncf)rscsscedn(?ag%%ndval ues.
8. The apparat us'idee §igneh WHich AUIS ek vadeQ Sig Silﬁcﬁ'ﬁg’t respective

time stamps PTSaud and PTSvid determined at predetermined
intervals and related to an encoder system clock, said apparatus
comprising respective decompression apparatus for
decompressing said compressed audio and video signals and
producing said time stamps PTSaud and PTSvid; and means
responsive to the occurrence of said time stamps PTSaud and
PTSvid for measuring the time between an occurrence of a PTSaud
and the next occurring PTSvid and adjusting the decompression
rate of at least one of said decompression apparatus such that the
time between an occurrence of a PTSaud and the next occurring
PTSvid substantially equals the difference in values of said
PTSaud and the next occurring PTSvid.




sai d recovered conpressed audi o and video signal includes system cl ock
references- (SCR s), and said apparatus further includes neans responsive to
said systemcl ock references for generating said Iocal el ock st -gRal- -,
synchronous with said encoder system cj@ck. 0; 'The" apparatush$bt
forth in claim5 characterized in that said respectlue decogpres$|on
apparatus provide deconpressed video signals in predet er mi ned ThHtervat's and
deconpressed audio signal in further predetermned intervals, and said
means for syn3dP&@YYIRBOi SYNOMRGN BEDAEIGH USN I & SPLESTAE RO NEM T SON
synchroni zat i 88S8EMor signal for skipping or repeating ones of said
predeterm ned intervals of said deconpressed audi o signals.

ABSTRACT OF THE DISCLOSURE
A receiver (FIGURE 2) for decoding associated
compressed video and audio information components transmitted
in mutually exclusive "frames" of data with respective time
stamps PTSyig and PTSayuq respectively, includes a controller (216)
5 which is responsive to the respective received time staﬁdﬁs to
provide coarse synchronization by delaying or skipping respective
frames of one or the other of the components to approximately
time align the two components. Fine synchronization is provided
by adjusting the processing or clock frequency (215) of the audio
10 signal processor (212) independent of the video processor(214).
The control for the frequency adjustment is related to the
difference between audio and video time stamps.

Figure 2
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10. The apparatus set forth in claim9 characterized in that said
deconpressi on apparatus for providing deconpressed audi o signal includes a
source of a processing clock signal for operating said deconpression
apparatus and said neans for synchronizing includes further apparatus
responsive to said A/V synchroni zation error signal for varying the
frequency of said processing clock signal. 11. The apparatus set
forth in claim1l0 characterized in that said apparatus for varying the
frequency of said processing clock $fgnal includes a binary rate

mul tiplier.
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12. .The apparatus set forth in claim7 characterized in that said
respective deconpressi on apparatus provi de deconpressed video signals in
predeterm ned intervals and deconpressed audi o signal in further
predeterm ned intervals, and said neans for synchronL2|ng includes..
apparatus responsive to said A/'V synchroni zation errg sigﬁa]mfor skdpplng
or repeating ones of said predetermned intervals of S-ai- -deceﬂﬁfesseﬂ
audi o si gnal s. 13. The apparatus set forth i ¢Ia| 2 Qhara tbrlzed
in that said deconpression apparatus for providing de onpa] essed “audj o
signal includes a source of a processing clock S|gnalnfor operatingi spid
deconpr essi on apparatus and sai d neans f2y5synchronh2|ng i ncl udes further
appar at us responsive to said AV synchronization ernor..si.gaal - f or-varyi ng
the frequency of said processing clock signal.
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sai d

whi ch audi o and

repr oduced audi o and vi deo
vi deo signals include respective tinme stanps PTSaud and PTSvid det erm ned

at predetermned intervals and related to an encoder system cl ock,
appar at us conprising respective deconpression apparatus for..dec

sai d conpressed audi o and vi deo si grt?)g and

signals fromrecovered conpressed audi o and vi deo si gnal

14. Apparatus for providing synchronized,

npr essi ng
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- producing said tine stanps PTSaud and PTSvid; and neans responsive to the
occurrence of said tinme stanps PTSaud and PTSvid for neasuring.the tine

bet ween an occurrence of a PTSaud and t he next occurring PTSvid and

adj usting the deconpression rate of %[5 east one of said deconpression
apparatus such that the tinme between occurrence of a PTSaud and the next
occurring PTSvid substantial hggequal s the difference in values of said
PTSaud and t he next ~=4g PTSvi d.

NO
404
READ PTS aud | 403 READ PTSvid
CAPTURE LAS CAPTURE LVS
|
405
CALCULATE ERRprg

407 408
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FIG. 4
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7 SEARCH REPORT Application No. 96U023u8-U

EXT OF THE ABSTRACT

AUDIO/VIDEO SYNCHRONIZATION IN A DIGITAL
TRANSMISSION SYSTEM

A receiver for decoding associated compressed video and audio information components
transmitted in mutually exclusive “frames* of data with respective time stamps PTS,;q and
PTSauq respectively, includes a controller (216) which is responsive to the reSpective received
time stamps to provide coarse synchronization by delaying or skipping respective frames of
one or the other of the components to approximately time align the two components. Fine
synchronization is provided by adjusting the processing or clock frequency (215) of the audio
~ signal processor (212) independent of the video processor (214). The control for the frequency
® adjustment is related to the difference between audio and video time stamps.

Fig. 2
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