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and motion compensated predictive coding. Due to variations in
coding format frame to frame, and variations in image content,
different frames have widely divergent quantities of compressed
data. As a consequence of different frames being compressed
15 with different quantities -of data etc., frames of data tend to be
transmitted asynchronously.
Audio signals may also be compressed according to an
MPE(_} _protocol. Compressed audio may be associated with video
but transmitted independently. For transmission the compressed
20 aundio is segmented into packets which are then time division:
multiplexed with the compressed video signal in a non
synchronous manner. -
Associated compressed audio and video components
are not only independently asynchronous, but their mutual
25 temporal relationships or synchronism is nonmexistent in
transmission. '
MPEG compressed audio and video component signals
may include presentation time stamps (PTS) to establish a
reference between particular compressed signal segments and a
30 system reference clock signal. The audio and video PTS's are
utilized by receiver apparatus to both resynchronize respective
decompressed components and to restore their temporal
interrelationship.
A particularly annoying feature of reproduced A/V
35 material is a loss of lip-sync which is the loss of synchronization
between lip or mouth movement and the associated spoken word
or audio. One of the objects of this invention is the elimination of
annoyances of loss of lip-sync. ' '




MPEG conpressed audio and video conponent signals may include presentation
tinme stanps (PTS) to establish a reference between particul ar conpressed
si gnal segnents and a 30 systemreference clock signal. The audio and
video PTS's are utilized by recei ver apparatus to both resynchronize
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10 signal disables audio reproduction when the reproduced audio and
video component signal timing dev1ate from mutual '
synchronization.
BRIEF DESCRIPTION OF THE DRAWINGS
FIGURE 1 is a block diagram of audio/video
15 compression apparatus. '
FIGURE. 2 is a block diagram of a aud10/v1deo
decompressmn apparatus embodying the present invention.
FIGURE 3 s a block diagram of apparatus for' providing
the receiver system clock signal having substantially the same
20 rate as the system clock of the compression apparatus.
FIGURE 4 is a flow chart of the operation of the
FIGURE 2 apparatus. _
FIGURES 35 is a block diagram of alternative muting
circuitry which may be implemented in the FIGURE 2 apparatus.
25 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
signal from a source 10 is applied to a video signal compression
element 11 which may include a motion compensated predictive
30 encoder utilizing discrete cosine transforms. Compressed video
signal from the element 11 is coupled to a formatter 12, The
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
35 Standardization (Organization Internationale De Normalisation).
The standardized signal is applied to a transport processor 13,
which divides the signal into packets of data and adds certain
overhead to provide some noise immunity for the transmission



.10 blgnal di sabl es audi o reproduction when the reproduced audio and video
corrponefnt signal timng deviate from nutual synchronization. BRIEF
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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

two latches 24 and 25. The latch 24 is conditioned by the video

15 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

“provide lip-synchronization of associated audio and ‘video

20 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
auxiliary data within respective auxiliary transport packets. -

25 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
video frames) to control a latch 19. Responsive to the sampling
pulses, the latch 19 captures count values provided by the counter

30 23. These latched values correspond to audio presentation time
stamps PTSaud. The PTSaud are incorporated in the compressed
audio signal provided by the compressor 18. The compressed
audio signal is coupled to a transport processor 17 which divides
the signal into packets of data and adds certain overhead to

35 provide some noise immunity for transmission purposes. The
audio transport packets provided by the processor 17 are coupled
to a multiplexor 16 which time division multiplexes the audio and
video transport packets.: In the figure, separate transport

U_'



35 Standardization (Organization Internationale De Normalisation). The
standardi zed signal is applied to a transport processor 13, which: divides
the signal into packets of data and adds certain overhead to provide sone
.noise inmmunity for the transmission -3- purposes. The transport
packets, which normally occur at a noh-“uniformrate are applied to a rate
buffer 14 \Ahpmtepsm\sl des mdwwtmddtcﬁ audie amed atidee! srigﬂahgpmbssmige
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1 long as proper handshaking is provxded etween processmg

elements. However, the two comprgssors both derive PTS values
from the same reference counter 23, thus a precise timing
relationship between the two compressed signals is prov1ded in
the compressed output signal.

15 ' 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 buffer 206
performs, in effect, the inverse function of the rate buffer 14. An
inverse transport processor 202, divides respective transport

20 packets by service and allocates the respective packet payloads
differing memory blocks in the rate buffer 206. In so doing the
respective transport packet signal payloads are separated from
the auxiliary data, with the auxiliary data applied to the system
controller 210. In an alternative arrangement a separate

25 transport processor may be included in each processing channel
and arranged to recognize and process only data associated with
the respective channels.

Compressed video data from the rate buffer 206, is
passed to the video decompressor 214. The rate buffer 206

30 accepts compressed video 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 for display or for storage
etc., in appropriate display or storage devices (not shown).

35 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
audio decompressdr 212. The decompressor, 212, responsive to



st rea by the formatter 12, and are used by the receiver to provide

‘I'i p-synchroni zati on of associated audi o and video 20 information. The

l at'ch 25 is conditioned by the' transport processor 13 (or the system
.controll-er 21) to latch count val ues acgsording.to a predetermn ned schedul e.
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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'

15 separates transport header data from the respective transport
packet payloads. Responsive to the transport header data, the
processor 202" demultiplexes payloads of the desired associated
audio and video program components and payloads of associated
auxiliary data. The audio video and auxiliary payloads are

20 written to separate memory blocks of the rate buffer 208. The
respective memory blocks are each operated as first-in-first out
memories or FIFO's, writing data when it is available from the
modem and reading data when it is demanded by the
corresponding component signal processor (not shown). SCR's

25 present in particular auxiliary packets are routed and stored in a
memory element, 34.

' An auxiliary packet detector 31, which may be a
matched filter arranged to recognize the code words designating
an auxiliary transport packet containing a SCR, produces a control

30 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 is arranged to count pulses provided by a voltage controlled

35 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




processors are shown in the audio and video signal processing channels. For
systens wherein the data rate is noderate, the functions of the two
transport processors and the nmultiplexor 16 may be subsumed in a single
transport processor. 5 . Theésystem controller 21 is a variable
state machi ne programmed to coordi nate the vari ous processing el enents.
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-~ As indicated previously, negative differences exhibited due to
modulo counter wrap around, may be ignored. The error signal
15 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 sighal by imple_menting. the low pass filter 38 in analog
components. -
The constraints on this system are that the counters at
20 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 provides rather rapid -
25 synchronization but may introduce a long term error. Long term
error LTE is proportional to the difference
LTE = ILCR, - LCRgI-ISCRy, - SCRg!
where SCRo and LCRo are for example the first occurring SCR and
the corresponding latched value of the receiver counter.
30 Nominally the error signals E and LTE will vary in discrete steps.
As such, once the system is "synchronized" the error signal will
dither one unit about the null point. The preferred method of
synchronizatiori is to initiate control of the voltage controlled
oscillator using the error signal E until a one unit dither occurs in
35 the error signal E, and then to switch to the use of the long term
error éignal LTE to control the voltage controlled oscillator.
The system clock signal provided by the VCXO 37 may
be utilized to operate at least the transport processor and rate




and arranged to recogni ze and process only data associated with the
respective channels. Conpressed video data fromthe rate buffer 206, is
passed to the video deconpressor 214. The rate buffer 206 30 accepts
.conpressed video data at a bursty or ingonsistent rate, and provi des data
on demand to the deconpressor 214. The deconpressor, responsive to the
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10 associated with audio to be reproduced at times related to the
respective PTSy4. At the receiver the PTSayd and PTSyj4 may not
be compared directly to provide A/V synchronization because the
respective samples were determined at different instants. The
respective PTS values are éompared to a continuous time base
15 which is the receiver clock provided by the VCXO 37. This is done
by sampling local count values LCR generated by the system clock
208 to capture local time stamps.
When data associated with an associated PTS is
presented, The LCR is sampled. For example, The audio
20 decomptesso_r' 212 issues a PTSaud when a respective audio frame
is output for reproduction. At these times a control signal
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 prdvides a video frame for display, it
25 provides a PTSyiq and a control pulse to condition a latch 222 to
store the current value of the LCR. These LCR values are
designated LVS for local video stamps.
The LAS and . the corresponding PTSauq are coupled to
respective input terminals of a subtracter 218 which develops the
30 signal Ap-prs according to the relation;
AA-PTS = PTSaud - LAS
The LVS and the corresponding PTSvid are coupled to respective
input terminals of the subtracter 217 which develops the signal
Avy_prs according to the relation;
35 o Av-p1s = PTSyid - LVS.
- The signals Ay_-pts and Aa_prs are coupled to respective input
terminals of a further subtracter, 219, which develops an A/V
synchroni.zation error signai- ERRpts according to the relation;



to the recei ver systemcontroller 210 to control the timng of 10

appropriate processing elenents. Figure 3 illustrates details of an
exenpl ary cl ock regenerator 208. Data fromthe receiver nodem 200 is
-coupled to the inverse transport proces8or 202', including an auxiliary

packet detector 31. The inverse transport processor 202" 1 5 separates
transport header data from thERRgggeecAwersr-anspast packet payl oads.
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~ (or muting without consuming data) delays the audio data stream
by fixed intervals relative to the video signal. Skipping and
15 repeating audio frames is audible under many conditions, and
- 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
20 skipping/repeating may result in synchronization errors within
+20 msec., which is within industi'y standards for A/V
synchronizatibn. 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
25 conversion clock frequency are arranged to further refine the A/V
- synchronization. : .

The error signal ERRprs is applied to a filter and
processing element 216. A filter function therein smoothes the
signal ERRptg to minimize aberrant effects that might otherwise

30 ©be generated by signal noise. The processing function in the
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 |
and/or whether an adjustment to the audio processing frequency

35 should be utilized to effect fine synchronization. If a coarse
synchronization adjustment is determined to be necessary, the
processor 216 provides a control signal (S/R) to the audio
decompressor 212 to condition the decompressor to skip or repeat

> )




36 |s'arranged to count pul ses provided by a voltage controlled 3 5
oscillator 37. The counter 36 is arranged to count nodul o M which may be,
but is not necessarily, the sane nunber as its counterpart counter in the
.encoder (count er 23). If Mdiffers --6--from N the difference may be
accommodated in the error equation. The voltage controlled oscillator 37 is
control | ed Itheachorentadecémptessed a8dio rfvamsi gnAlltepnativelyd oy im cl ock
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filter ?8 detecte%g it is read 403 and a local clock reference LAS is captured
and stored. If a PTSaud has not occurred, the system monitors the
video compressor for a PTSyiq 402. If a PTSyid has occurred, the
PTSvid is read and a local clock reference LVS is.captured and
stored. When both a PTSaud and a PTSyid have been read the

15 ERRprs is calculated 405 according to the equation;

' o ERRpTS = 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

20 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. _

25 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 zerqQ, the error is checked 412 to determine if it is less than

- the previous error signal. If it is less than the previous error

30 signal, this is an indication that the system is converging toward
synchronization, and the synchronization control parameters are
not changed. The system returns to the start position to wait for
the next PTS's. Conversely, if the -error has increased over the
previous error signal, the audio system processing clock is

35 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



conponent’'s. The constraints on this systemare that the counters at 20 the
two ehds of the system count the sane frequency or even nultiples thereof.
Thi's requires that the noninal frequency of the voltage controlled
oscillator be fairly close to the frequgncy of the systemclock at the
encoder. The foregoi ng approach provides rather rapid 25 synchroni zation

but may intradssear indicatici nethat rehe. systemgid Qfdﬂﬂv@f%mrg lkdweard proportional
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- 7- via skipping or repeating audio frames until the A/V

10 synchronization error is reduced to less than one half an ‘audio
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

15 threshold, indicative that the audio-video timing error is less than
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 processmg (decompression) clock. Alternatively, if
the error signal is greater than the threshold, the error signal may

20. be divided by the audio frame interval to determine the number
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

25 signal will determine whether audio frames should be skipped or .
repeated. Nominally the compressed data is arranged in a buffer
memory prior to being decoded, hence skipping or repeating audio
frames is a simple matter of controllably enabling the memory
read/write commands. | | | :

30 - The fractional portion of the quotient is coupled to the
audio time base circuit 215, where it is 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
processing speed of the audio decompressor. The processing

35 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



buffers. Since it is synchronized at |east-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 FI GQURE 2
for an expl anation of audio/ 5 video_synchronization. Recall that a
presentation time stanp [err] is incl uded in the conpressed vi deo signal
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' muting the audio signal. :
Typically a compressed audio signal will mclude a

15 plurality of components such as a left signal, a right signal, etc.

' FIGURE 2 shows only one audio output for simplicity, however
each audio channel will include a muting-circuit controlled by a
common muting control signal.

Muting the audio signal may be performed for various

20 reasons, not the least of which is loss of lip-sync. The current
apparatus is unique in that it mutes audio based on lip-sync error.

A human viewer can notice lip-sync errors of -20 ms
or +40 ms. In the illustrated exemplary system, audio is muted if
the lip-sync error exceeds approximately 13 ms. The 13 ms

25 threshold was chosen to be less than 20 ms but greater than

| one-half an MPEG1, layer II audio frame (which is 24 ms). The
threshold was selected to be slightly greater than one half the
audio frame because with A/V synchronizing frame skips and

- repeats, an initial synchronizing state at a half frame (12 ms) is

30 possible, “and a threshold of approximately 12 ms or less could
result in synchronized, but muted audio. In addition, a threshold
equivalent to one half frame produces intermittent muting due to
minor. fluctuation in -calculated lip-sync errors due to clock and
PTS strobe sampling uncertainties.

35 The muting control signal is generated by the
threshold detector 225, which monitors the A/V synchronization
error signal available from the subtracter 219. When the error
signal exceeds a value corresponding to 13 ms, a muting control



store the current value of the LCR These LCR val ues are ‘designated LVS for
| ocal video stanps. The LAS and the corresponding [err] are coupled to
respective input terminals of a subtracter 218 which devel ops the 3 0
.signal [err] according to the relatioen;1derr] The LVS and the correspondi ng
PTSvid are coupled to respecti-ve input term nals of the subtracter 217

whi ch devel opaluehis Hemeaidtefder rTo aprecluderondise t e othemtinpulsides

Th 'gmt- | i ¥E term nal
E)fe r 21] fur te hzlr Su lfi roglg'[ {e‘llrmﬁg%&sq%% gﬁﬂ%ea\?/%lﬁgfogd%lgﬁ; @ﬁ‘g‘?‘% Ihsr g‘rllélllggt{ Flgnereinr g? )
si gnal [err]edeEcHgnaly tfeomhihe ssubtragter 219 gmayebe] leynpasorfiltetedon of the

audi o and vigeforé eapplieatibiato tike Ahrésholdhdeiciat ixps.error be driven to
Zero. Thgs, when t he di?ffﬁr&nce in the values,of the corres 022$n @udi 0
5 i efer efRE,

and vi de PTS s eq h&TPWSe emanating Sfrom (the (dgtegto
bet ween t he tecminatingeonf thehdAQ 22 and nhe PARlio, debempurdssora@d2vi deo

signal will gl Re>UNEMANS Wbty PRIBAIRA! S For Bkaiiplds ofhe! tnthy™t the
control signal may be designed for disabling the output of the DAC
227 or the output of the decompressor 212. In either instance the

10 disabling function should be arranged to condition the respective
processing element te output a signal amplitude value midway
between the output signal dynamic range. The FIGURE 2
arrangement also indicates that video muting (or blanking) may
be implemented via control of the video DAC 224,

15 : FIGURE 35 illustrates an alternative muting
arrangement. In this embodimeilt the skip/repeat (S/R) signal
generated by the filter 216 is used as the primary muting control.
This signal is coupled to the muting circuitry via an OR gate 230.
If in a particular system the fine control used to adjust the audio

20 time base spans a range encompassing at least one half an audio

- frame, a threshold" detector, 231, may be included to monitor the
audio time base fine confrol signal and generate a secondary
muting control signal. This secondary control signal is also
coupled to the muting circuitry via the OR gate 230.

25 The apparatus of FIGURE 5 illustrates a further
possible muting circuit, consisting of an AND gate, 226, to
selectiirely couple the decompressed audio signal from the
decompressor 212 to the DAC 227. Nominally audio signals are
bipolar (AC) and swing about zero value. The AND gate when in

30 the decoupled state, desirably outputs zero value which is the
middle of the signal dynamic range.

Currently, compressed A/V direct broadcast satellite
systems are evolving in which a plurality of packeted programs
are time division multiplexed and conveyed via a single

35 transponder. A particular program niay include only an audio
signal, obviating lip-sync problems. However, undesirable audio
may be reproduced if the system clock has not synchronized.
Therefore, a further threshold detector, 232, may be included to



synchroni zati on based upon the error signal [err]; skips and 10 repeats of
data sections and conversion clock deviation. Skipping fixed intervals or
"franes" of audio advances the audio data stream by a fixed interval
relative to the video signal. Repeati ng, ?or muting wi thout consum ng data)
del ays the audi o data stream by fixed intervals relative to the video

| k f d
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be utilized é4 A theagg#g?a?;/nchr oni zation of the audio and video signals



and/ o'r‘ whet her t he audi o processing frequency 35 shoul d
be utilized to @u “ Wﬁi Eihroni zation. If a coar se synchroni zat I on
adj ustment is ecessary, the progesses

control signal (S R) to the audi o decoengressor 213 TIGSCSHEETT‘LHABWBE@@

deconpressor to skip or repeat -9 - the curren decomﬁme!&mi aud|
frame. Altek3aAIMSIy, or in addition to the coar
adjustnment is determ ned to be necessary, the processor 216 prOV| des a

control signal to.the audio time base 215 to adjust t freque of the 5
audi o processing drock < dﬁ‘é‘l’wcrl'hg’ pPMWﬁgcﬁpﬁ?ﬁ?ﬁﬁai“élﬂ&laned in the
flow chart oﬁi@W%mrwﬁ esompiiting:i zati on 400 of the system which is
oceurrence of a [ & ?‘?t&ﬁéf O BRbifiy Shig' OupleRBq” AROIRV IR sigBaliq .

| ocal cl ock refer@ncaudics decompresser; asponsiveedo baida dompiessed not

occurredg t hﬁuai’o%fd‘écﬂ‘)ﬂFﬁﬂr Sfcirh‘i;r&gﬂﬂ%gﬂéﬁtfrﬁ@ﬁfysefi 8id esrlghafloz i a

[err] has occurred IS rea refefence LVS
i s.captured and s?or"’é@leo n!ib"teﬁs%F-[EerSPPnﬂlYG so[ said) cﬁ’%%‘é%d\ read the 1

5 ERRprS is aadiv/vides sighakicfor Providifig t decafipréssed: vided signal;
detection means for generating an error signal which is a
measure of non-synchronization of -associated decompressed audio
10 and decompressed video signals; and :
muting means for muting said decompressed audlo signal
when said error signal exceeds a predetermined threshold.

2. The apparatus set forth in claim 1 wherein said inuting
means 'comprisesi
a threshold detector, responsive to said error signal, for
generating- a control signal having first and second states when
5 said error signal is greater and lesser than said predetermined
- threshold respectively; and |
~ signal clamping means, responsive to said control s1gnal for
passing said decompressed audio signal when said control signal
exhibits said second - state and providing a substitute value. for
10 said decompressed audio signal when said control signal exhibits
said first state. '

3. The apparatus set forth in claim 2 wherein said clamping
means comprises a digital to analog converter coupled to receive
said decompressed audio signal.

4. The apparatus set forth in claim 2 wherein said clamping
means comprises an AND gate coupled to receive said
decompressed audio signal and having an enable input coupled to
said threshold detector.
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urther predetermined threshold respectively; and
ORing circuitry for combining said control signals from said
threshold and further threshold detectors. -

6. The apparatus set forth in claim 1 wherein said detection
‘'means for generating an error signal, is a lip-sync detector.

7. The apparatus set forth in claim 1 wherein audio and
video components of said audio/video signal include respective
time stamps' PTSauq and PTSyiq determined at predetermined
times and related to an encoder system clock, and said audio and

5 video decompressors provide said time stamps PTSayd and
PTSvid with associated decompressed audio and video signals, and
said detection means for generating said error signal compnses

a source of a local clock signal;

means for determining, in cycles -of said local clock signal,

10 the time T between occurrences of corresponding time stamps
PTSaud and PTSyid;

means for calculating the difference between- values of
corresponding time stamps PTSayq and PTSyig and comparing such
difference with said time T to generate an A/V synchronization

15 control signal; and '

a threshold detector for generating said error signal when
said A/V synchronization control S1gnal exceeds a predetermined
value.
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applied to tmtmﬂdlmeéﬁéorrpressor to condition the audio decorrpressor to
skip or repeat that nunber of audio franmes. The polarity of the error

9. The apparatus set forth in claim 7 further including:
synchronization circuitry, responsive to said compressed
audiofvideo signal, for synchronizing said local clock signal to an
encoder sy'stem‘ clock signal used in generation of said compressed
5  audio/video signal, and including a detector for providing a
further control signal which is a measure of non-synchronization
of said system clock signal;
a further threshold detector, responsive to said further
-control signal, .for generating a further error signal having first
10 and second states when said further control signal is greater and
lesser than a further predetermined threshold respectively; and
ORing circuitry for combining said control signals from said
~ threshold and further threshold detectors.

10. The apparatus set forth in claim 1 wherein audio and
video components of said audio/video signal include respective
time stamps PTSaud and PTSviq determined at predetermined
times and- related to an encoder system clock, and said audio and

5 video decompressors provide said time stamps PTSaud and
PTSvid with associated decompressed audio and video signals, and
said detection means generates said error signal as a function of
the difference between the values of said PTSaud and PTSyig for
associated decompressed audlo and video.

10
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25 si gﬁal wi || determ ne whether audio-frames should be skipped or
repeat’ed. Nom nally the conpressed data is arranged in a buffer nmenory
prior to being decoded, hence skippingigr -repeating audi
sinple matter of control | ably enabling the nenory read/ ms&ﬁﬁhH&%BE%
The fractional portion of the quotient is coupled to the|audi GRAE? B’ase__
circuit 215, where it is utilized to adjust the audio preeéssrng"tlock to
fine tune the A/V synchiBMIING iARPARATUS HOR & RESSESN of audio PTS's is
proportional to the procesdAURFGPERFDS W La it E [féonpr essor. The
processi ng 35 speed of the audio deconpressor is directly proportional to
t he frequency of the clock signal used to operate the audi o deconpressor.
If the clock frequency of the audio deconpressor is independent of the
. clock used to operate the video deconpressor,  and is finely adjustabl e,
then the relative rate of occurrence of the audio and video PTS s can be
adj usted and the A/V finely synchroﬁ} X conpressed audio signal is
coupled to a digital-to- 5 analog converter (DAC) 227. Anal og output signal
fromthe DAC 227 .is coupled to fuyther. angl og pr, cessing circui, (not
shown) via a resistor QO“W@S%MIPZW%E& hRég' a9t Yofg RY; Hroa‘(ﬁé?gto 229
i's coupled BgfVieeonipunemsitithing 2efepentegrsignalspqRO8(2 2,2 14(1220,222)
(PTS's) coincident with rep;oduction' of associated decompressed
5 component signals. Synchronization apparatus generates a _
“function of the difference (217-219) of occurring component audio
and video PTS's. This function, which is indicative of relative
audio and video synchronization, is compared with a
. predetermined threshold value (225), and a mute control signal is
10 generated when the threshold is exceeded. Muting -circuitry
(229), responsive to the control signal disables audio reproduction
.when the reproduced audio and video component signal timing

- deviate from mutual synchronization.

Figure 2
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“control “el ectrode of the transistor is coupled to an output 10 connection
of ;a threshold detector 225. A positive control voltage of greater than one
Vbe will condition the transistor 229 to clanp the audi o output signal from
DAC 227 to ground potential, thereby majssg the audio signal. Typically a
conpressed audio signal wll include a 15 plurality of conponents such as
a left signal, a right signal, etc. FIGQURE 2 shows only one audi o out put
for sinplicity, however each audio channel will include a nmuting-circuit
controlled by a common nuting control signal. Miting the audio signal may
be perfornmed for various 20 reasons, not the | east of which is |oss of

l'i p-sync. The current apparatus is unique in that it mutes audio based on
lip-sync error. A human viewer can notice |ip-sync errors of -20 nms or +40
ms. In the illustrated exenplary syste 2Lidi o Egted if the lip-sync
error exceeds approximately 13 nms. Thequiups ‘ ol d was chosen to be
| ess than 20 ns but greater than one- |, layer Il audio franme
(which is 24 nms). The threshold was s e slightly greater than
one half the audio frame because w th b ﬁhch'o'|2|ng frame skips and
repeats, an initial synchronizing statel§t a half frame (12 ns) is 30
possi bl e, and a threshol d of- approxi mate 12 ms or less could result in
synchroni zed, but nuted audio. | nreshol d equi.val ent to one
hal f frame produces intermttent nutlngxdue to ;&gor fluctuation in
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- PTS strobe sanpling uncertainties. 35 The nuting control

signal is generated by the threshold detector 225, which nonitors the AV
synchroni zation error signal available fromthe subtracter 219. Wen the
error signal exceeds a value correspondyfag to 13 ns, a nuting control - .
12 - value is generated. To preclude noise or other inpulsive conditions
from causing generation of false nmuting signals, the error signals fromthe
subtracter 219 may be | ow pass filtered before application to the threshold
detector 225. 5 Dashed arrows emanating fromthe detector 225
and term nating on the DAC 227 and the audi o deconpressor 212 indicate
alternative nuting possibilities. For exanple, the nuting control signal
may be designed for disabling the output of the DAC 227 or the output of

t he deconpressor 212. | &either instance the 10 di sabga gef unction should
be arranged to conditi ol ¢ respective processing ele &guto out put a.
signal anplitude val ue @ bet ween the out put si gnaﬂ; | C range. The
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generated by the filter 216 is used as the primary nmuting control. This
signal is coupled to the muting circuitry via an OR gate 230. If in a
particul ar systemthe fine control used to adjust the audio 20 tine base
spans a range enconpassi ng at | east one %If an audio frane, a threshold
‘detector, 231, may be included to nDnitg the audio time base fine control
signal and generate a secondary nuting control signal. This secondary
control signal is also coupled to the nmuting circuitry via the OR gate 230.
25 The apparatus of FIGURE 5 illustrates a further possible
muting circuit, consisting of an AND gate, 226, to selectively couple the
deconpressed audi o signal fromthe deconpressor 212 to the DAC 227.

Nomi nal |y audio signals are bipolar (AC) and sw ng about zero value. The
AND gat e when iin~ 307 the getonpléd state, desirably outputs zero val ue
which is the niiddl e of th¢ gk dynamic range. Currently, conpressed AV
di rect broadcast satellitég @B are evolving in which a plurality of

packet ed prograng—are NP v . v o2 conveyed via a single
35 transpondet. i ptogram nmay I nc nly an audi o signal,
obviating:lip-syyg oméver, undesi rgpl e qudi o may Qe reproduced
if the system ¢ nchroni zed. Thefpforg ja furt t hreshol d
detector, 232, } ed t O R .
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- 13 -- nonitor the error signal generated by the clock controller 39 shown
in FIGURE 3. The threshold detector, 232, generates a nuting control signal
when the error signal produced by the controller represents a frequency
devidtion fromthe |ocked 5 condition /2 for exanple, 0.2. This muting
control signal is coupled to the OR gate 230 to effect audio nmuting until
the systemclock is s aIIy synchroni zed wth the correspondi ng
encodi ng s detestion—apparat us nmay be coupled to
neasure tHe frequency at1on of the audio time 10 base 215 for
generating a further signal which may be ORed in_the gate 230.
[err] WHAT | S CLAI n a receiver for 3 I~
audi o/ vi dgo si gn
conpresseq audi o/ videQERAME .
conpressed audi o/ vi deo , for providing deconp S )
vi deo decqnpressor, resp ﬁ%ESe to said conpressed aud|0VVE§

59 gnal

eo signal

provi di ng Jdeconpr e [gnal ; detection neans faqg generating ar
error sigfpal whi chj READ PTS aud , READ PTSvid
: CAPTURE LAS CAPTURE LVS
|
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measur.e of non-synchroni zati on associ ated deconpressed audi o and
deconpressed video signals; and nuting neans for muting said deconpressed
audi o signal when said error signal_excg§ a predeterm ned threshold. 2.
The apparatus set forth in claim1l wherei’n" said nuting neans conprises: a
threshol d detector, responsive to said error signal, for generating a
control signal having first and second states when said error signal is
greater and | esser than said predeterm ned threshold respectively; and
signal cl anpi ng nmeans, responsive to said control signal, for passing said
deconpressed audi o signal when said control signal exhibits said second
state and providing a substitute value for said deconpressed audi o signal
when said control sigqal exhibits sabﬁbfirst st ate. 3ﬂ3fﬂsPﬁpnaratus set
forth in clai : 0_sai d cl anpi g neansegbnpri sesor grgeot al to anal og
converter cou id ddcomprgsfed 3 _Sa'mbgﬁ(;d responsi ve

! Ng_sal econpr essed
audi o signal. forth i aijm 2" 'whgrein said cl anpi ng
means conpri ses ed-te-+86gi vessai d_deconpressed [err]

immi:nxt 229
BASE | 215 =
s 230
_ /gﬂiﬂf?====%=’TH8ESHOLD
FROM219  I'fiiferg]  LDEVECTOR
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PRIENPSD <o 7
audi o signal and having an enable I nput coupled to said threshold detector.
5. Inarec conpressed audi o/ vi deo signal, apparatus
conprising: a OV|d|ng said conpressed aud|OIV|deo S|gnal an
audi o decorrpre @&lﬂgm to said conpressed aufffFofwi-dao-signal for
provi ding decorrpres gnal a video decorrprSﬁﬁmA0136&1’4‘:[%}??%.,%,-:Er
sai d conpressed audi o/ video signal, for QAOV|d|ng d onpr ed vi
signal; a first detector, for generating.a first co l Pete i TWI ng

first and second states when said deconpressed audi 0 amnd— esSEY Ni
signal s ar eWIéAﬂIISIGJI;AMEDs]&chrom zed and synchroni zed respect i vel y,
synchroni zation circuitry, responsive to said conpressed audi o/ vi deo
signal, for generating a system clock signal having a predetern ned
relation to an ehcocIar asyegaiver |fot kpricgssingu somhpresspeh andio/vided -signel,
conpr essed d@g@ﬂgﬁ and including a second detector for
provi di ng arferror si |ch i,$.a measure of non-synchroni zation of said
system cl ock si g%a‘llete&t‘?fhrfe% hBrQyiding sad , comppessery audip/videp csigoalisi gnal

for generating carscsofio Mbr@reisanafesib%nsm %! daid 'Gomprebsegcond stat es
espect vel DIRBITART sikial? A8 Bro®ink  BRChmbiofed, BAid BaRaecscd aud o
si gnal "when eit MthﬁeOSaieatotnpmsscundeQmBWecaot said sompressed
aud10/v1deo signal, for: providing decompressed video signal;
detection means for generatmg an error signal which is a
measure of non-synchronization associated decompresséd audio and
decompressed video signals; and
muting means for muting said decompressed audio signal when
said error signal exceeds ‘a predetermined threshold.

L4

2. The apparatus set forth in claim 1 wherein said muting
means -comprises:

a threshold detector, responsive to said error signal, for
generating a control signal having first and second states when said
error signal is greater and lesser than sald predetermined threshold
respectively; and

signal clamping means, responsive to said control signal, for
passing said decompressed audio signal when said control signal
exhibits said second state and providing a substitute value for said
decompressed audio signal when said control s1gna1 exhibits said first
state. '

3. The apparatus set forth in claim 2 wherein said clamping
means comprises a digital to analog converter coupled to receive said
decompressed audio signal and responsive to said control signal for
converting or not converting said decompressed audio signal.

4. The apparatus set forth in claim 2 wherein said clamping
means comprises an AND gate coupled to receive said decompressed



exhi bit sai t—++st--state. 6. The apparatus set forth in claim1l wherein

sai d detection ating an error signal, is a lip-sync
detector. 7. ”Iﬁmmﬂi HH'MW processi ng conpr essgff AUUT0O7 ,.__:.:_.=__3._} :

wherei n audi o andcVi ents of said conpresseq

I ncl ude ‘respective tinme stanps [err] and [err] [e rJJf ) ngd
at predetermined times and rel ated to-akd encoder syst "‘8I"oc-k-;---a.pp.a.gt,
conprising: a.detector for, providin i d, conpressed audi Q deo—sigrat] an
audi o decorf gs%‘lg,‘mf-e%‘}fgrk‘?th%n's%}%’?ﬁo'rmlésgglpslﬁad%lﬁﬁléegu§ ol | for

provi di ng ditescperssed audi o signal and associated tine stanps [err]; a

vi deo deconpressor, responsive to said conpressed audi o/video signal, for.

provi di ng deconpressed video_signal and associated tine stanps [err]; a

source of a locdl. cl dskastegaiver foraprocessingtcompressed audiojvidee signadi d

l'ocal cl oclppigafds. EomprisiRg! between occurrences of corresponding ti e
ng rence between val ues

3} amps [err. anda [cfertglforn?gr p:];ovidi(ﬁgl %g{da téor}gptt'ehsge IInfl jo/video signal;
an audio decompressor, responsive to said compressed
audio/video signal, for providing decompressed audio signal;

a video- decompressor, responsive to said compressed
audio/video .signal, for providing decompressed video signal;

a first detector, for genmerating a first control signal having first
and second states when said decompressed andio and ‘decompressed
video signals are relatively non synchronized and synchronized
respectively; '

synchronization circuitry, respomsive to said compressed
audiofvideo signal, for generating a system clock signal having a
predetermined relation to an encoder system clock signal used in
generation of said compressed audio/video signal, and including a
second detector for providing an error signal which is a. measure of
non-synchronization of said system clock signal; '

a threshold detector, responsive to said error signal, for
generating a second control signal having said first and second.states
when said error signal is greater and lesser than a predetermined
threshold respectively; and _

_ muting circuitry coupled to mute said ‘decompressed
audio signal when either of said first and second control signals
exhibit said first state. '

6. The apparatus set forth in claim 1 wherein said. detection
means for generating an error signal, is a lip-sync detector.

7. In a receiver for processing compressed audio/video
signal, wherein audio and video components of said compressed
audio/video signal include respective time stamps PTSyag and PTSyid



correspondl ng time—stanps [err] and [err] and conparing._such difference

wth said ti n A/'V synchroni zation cow Tat '

t hreshol d deﬂmmrmuimaui H!FI ng an error signal when sg& L&éé‘ENTSHEET

synchroni zati dn ¢ontro exceeds a predeterm ned vgl‘qe' ting
i i d

circuitry responsive to said error si gnai to nute sai ~audilp
signal. 8. The apparatus set forth in cl al m 7 wherein said audio

niorval o, AeeRd appa?ﬁ?ﬁs FRAET, Qe ARl B U BREMAEE .

AV synchrorﬁ}'zsé@moﬁ logkat Iﬁﬂpﬁa@ﬁapompn&ygbhrom zi ng deconpressed audi o and
video signals, ang détettsd Tor g;%%i dingS shid SGMpE b&gaﬁdfdiﬁ&b‘if gﬂ%!
d edet érmi ned

signal to condition s .d econpr essor to 'S r epeat
interval s of sai ATRH %ﬁﬁme%ﬁﬂf JESPEn§ive Fﬁr s%ﬁ r@@Eﬁe&Sﬁijrt her

]fc:ont rol si Iglrmidmi\txﬂeeaugxml,r dorsppowiding gesvin t&sﬁcﬁﬂm ﬁﬁnﬁr regid si gnal
st forth i feEpgRt @*‘idt Alecipt PIadg: o e apparates

a video decompressor, responsive to said compressed
audio/video signal, for providing decompressed v1deo signal and
associated time stamps PTSyid;

a source of a local clock signal;

‘means for determining, in cycles of said local clock signal, the
time T between occurrences of corresPondmg time - stamps PTS.ud
and PT Sv;d

means for calculating the difference between values of
corresponding time stamps PTSaud and PTSviq and comparing such
difference with said time T to generate an A/V synchronization
control signal;

a threshold detector for generating an error signal when said
A/V synchronization control signal exceeds a predetermined value;
and . _ '

muting circuitry responsive to said error signal, to mute said
decompressed audio signal.

8. The apparatus set forth in claim 7 wherein said audio .
decompression apparatus decompresses audio signal in
predetermined intervals, and said apparatus further includes:

means responsive to said A/V synchronization control
signal for synchronizing decompressed audio and video signals, and
..including apparatus for generating a further control signal to
condition said audio decompressor to skip or repeat predetermined
intervals of said audio signals; and
circuitry for ORing said further control signal thh said error
signal to generate a composite error signal for controlling said muting
circuitry.



synchroni zation circuitry, resp ress-ylaud|OIV|deo
signal, for synchroni zi ng said OIMﬁmjmﬁu”mrpto an[enroder-5ys = E e
cl ock si gnal used in generation of ai & cbnptessed audi HINA '
including a further detector for providing a further cg brol nzl i ch
is a measure of non-synchronization of. s]f'ﬁd system cl oglk e gnal-;
t hreshol d detector, responsive to said further control signal, :
generating a furt her error si gnal when sald further control- signal is
greater than a predet I ged t hresh d,sai d. nutigg.ci cwtr
responsive to said er 'or ﬁ&n&? %‘%ﬁ& H’érd&}’?o? l\c/)“:lﬁ‘bge sai d
deconpressed audynclirgnizativenciscuitey, sespbnsive r amgna:bmpmw& said
pr edet er m rﬁgh o] d sai d
pr edet er m ne ?&h ﬂ Pﬁ%{of&-’ sﬁrﬂgﬁtr‘cgiggﬁf\’gg safdo%éél ggs(g{n corr%?ggshsed
audi o/ vi deccnsasies |sysmgeqaclauagsabnts i dogengrptinanet saidseompressadessed -
S”f" o/ vi dg%ﬁﬁﬂﬂﬂe?n@igm rﬁf@ﬁﬁélddgngl lae?&gnétmsie?&'iaydfan Proeidihg Bk
et erm ne rede ne and rel ate n_encoder "sys cl.oc
appar at us M ?ro? ﬂﬁn@it%&%ﬁ SR A IS Qf&of}(ﬁmﬁg‘{g‘é’é (}5‘8&5 &Vi deo
signal ; an saidi myslennrqiodsmgnal‘esponm ve-to said corrpressed aud| o/'vi deo
signal ,- for prOVédﬂﬂ-Qh&ectﬁP&h%i&eﬂe&‘é%x? fésg%glsn?@q tF&a”pS
[err] a video decaonpressor, responsiVv ssed au |o/v
signal, forSignaki ﬁ@hgﬁ%&%&e&smfd@éf@ §ign aﬁﬂleﬁsé‘? _ dusther; ﬁ@ngloalrrps
[err]; - signal is greater than a predetermined threshold ; and
said muting circuitry is. responsive to said error signal and said

further error signal, to mute said decompressed audio signal when
either said control signal exceeds said predetermined value or said
further control signal is greater than said predetermined threshold.

10. In a receiver for processing compressed audio/video
signal, wherein audio and video components of said compressed
audio/video signal include respective time stamps PTSaud and PTSyig
determined at predetermihcd times and related to an encoder
system clock, apparatus comprising:

a detector for providing said compressed audio/video signal;
an audio decompressor, responsive to said compressed
audio/video signal, for providing decompressed audio signal and

associated time stamps PTSaud;

a video decompressor, responsive to said compressed
audio/video signal, for providing decompressed video sigpal and
associated timé stamps PTSvyig; |

detection means for generating an error signal which is a
function of the difference between the values of said time stamps
PTSaud and PTSyiq for associated decompressed audio and video; and

a muting circuit, responsive to said error signal, to mute said
decompressed audio signal when said difference exceeds a
predetermined threshold.



detection neans for generating an error signal which is a function of the
di fference between the values - of said tine stanps [err] and [err] for

associ at ed deconpressed audi o and vi deo; and a nuting
to said error signal, to mute said deconpressed audio
di fference exceeds a predeterm ned threshol d.

10
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MUTING APPARATUS FOR A COMPRESSED
" AUDIO/VIDEO SIGNAL RECEIVER

ABSTRACT

A compressed audiofvideo, A/V, receiver provides
A/V component timing reference signals ('208,212,214,220,222)
(PTS's) coincident with reproduction of associated decompressed
component signals. Synchronization apparatus generates a

“function of the difference (217-219) of occurring component audio

and. video PTS's. This function, which is indicative of relative
audio’ and video synchronization, is compared with a
predetermined threshold value (225), and a mute control signal is
generated when the threshold is exceeded. Muting circuitry
(229), responsive to the control signal disables audio reproduction

.when the reproduced audio and video component signal timing

deviate from mutual synchronization.

_Figure 2
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