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description

The Texas Instruments (TI™) TMS320AV120 is a low-cost, stand-alone MPEG audio decoder. It implements the
ISO-MPEG audio decompression algorithm for layers 1 and 2. MPEG-compliant audio data streams at any of
the valid MPEG data and sampling rates are accepted, producing decompressed PCM audio output. Mono,
dual, stereo, and joint-stereo modes are supported. The serial-output data stream is suitable for direct input to
most commercially available one-bit D/A converters.

The design intent is to produce a simple, plug-and-play audio decoder that does not require a host
microprocessor for initialization and/or operation. The input is in MPEG audio-frame format with provisions for
audio/video synchronization. It is a single-chip solution with no provision or need for external buffer memory.
The input-data rate should match the actual compressed-audio-bit rate, although the ’AV120 has an input buffer
10 absorb short-term input bit-rate variations. Ancillary data in the bit stream is recovered and output serially.
When the compressed-audio data is at the actual bit rate, a pulse-width-modulated error signal is generated
if the PCM output clock is not at the required frequency.

The decoded-sampling rate, stereo mode, error status, and de-emphasis information is available in the serial

status register synchronously with the beginning of the associated PCM data frame. The complete MPEG frame
header can also be read from the chip.

In systems where audio/video synchronization is required, the TMS320AV120 accepts the system clock

reference (SCR) and the audio presentation time stamp (PTS) information and synchronizes the audio output
to these time stamps.

Please be aware that an important notice concerning availability, standard warranty, and use in critical applications of
Texas Instruments semiconductor products and disclaimers thereto appears at the end of this data sheet.

EPIC and Tl are trademarks of Texas Instruments Incorporated.
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logic symbolt

)
TMS320AV120
MPEG AUDIO
DECODER
RESET |—<—— TRST
RESET —————C] RESET CLOCK <|—<4— TCK
TAP | MODE SELECT —<4— TMS
XTAL1 SYSTEM DATAIN —€¢— TDI
XTAL2 CLOCK DATA OUT TDO
BYPASS BYPASS
MUTE MUTE SERIAL DATA REQUEST o———— SREQ
SMODE SMODE
SIN SERIAL DATA SERIAL BIT CLOCK ———— SCLK
ERR_IN ERROR IN LEFT/RIGHT CLOCK | LRCLK
HSYNC HARDWARE SYNC INTERFACE PCM DATA | PCMOUT
OMODE1 OMODEA PCM ERROR PCM_ERR
OMODEQ OMODEO
N
PCMSEL1 PCMSEL1 A:r::?:t::?rvoﬂ:r?ac: :Nggt';
PCMSELO PCMSELO v
STATUS CLOCK STATCLK
STATUS OUTPUT |————— STATOUT
BEGINNING OF FRAME [o——— BOF

t This symbol is in accordance with ANSHIEEE Std 91-1994.
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Terminal Functions

TERMINAL
Vo DESCRIPTION
NAME NO.
ANCCLK 36 o Ancillary data output clock. The rising edge of ANCCLK signals that new valid data is available on
ANCOUT and can be used to latch the new data.
ANCOUT a7 o Ancnll?rydata output. Ancillary data from the audio frames is output serially on this terminal (sese ANCCLK
description).
BOF 22 o Beginning of frame output, active low. Transitions low when the data on PCMOUT is the first bit of a new
frame. BOF is synchronous with SCLK.
Audio-bypass select. When high, audio data is passed unchanged from SIN to PCMOUT. Changing to or
BYPASS 14 |
from bypass mode requires a reset.
ERR IN a0 | Serial-data input error. A high level at ERR_IN indicates that the incoming data may not be correct. The
- frame containing the invalid data will be muted if necessary. If ERR_IN is not used, it should be tied low.
2,13
GND 24,35 Ground
HSYNC 43 I Hardware synchronization. When HSYNC transitions high, the next 12 bits are assumed to be an
audio-frame synchronization word. Use of HSYNC is optional; if not used, it should be tied low.
Serial-data inputclock. PCM data atinput SIN is set up to and loaded into the 'AV120 on the rising edge of
ICLK a1 | ICLK.
PCM left /right channel select. When high, the left channel is being output at PCMOUT. When low, the
LRCLK 25 O right channel is being output. LRCLK oscillates at the audio-sampling rate. LRCLK is derived from
PCMCLK and the PCMSEL terminals.
MUTE 44 | Mute select, active low. Forces muted-audio output.
NC 17é91 8:’35 8, No connect. These terminals must be left floating.
OMODEH1 16 | Output-mode select. Determines whether one or both channels of an independent dual-channel stream
OMODEQ 15 are output (see Table 1).
PCMCLK error signal. PCM_ERR is used for synchronization of tha input and output clocks, ICLK and
PCM_ERR 38 (] PCMCLK, when operating at a constant bit rate (see the section on PCMCLK error signal for the detailed
functionality of this output).
PCMclock. PCMCLK is used to generate SCLK and LRCLK. The PCMCLK frequency is selected based
PCMCLK 21 | on the sampling frequency and the oversampling ratio using the PCMSEL terminals (see Table 2 and
Table 3).
PCMOUT 26 o PCM serial-data output. Decompressed PCM data is output most significant bit first. PCM data is latched
on the rising edge of SCLK. The PCM word size is 24 for 18-bit PCM data with the first six bits being zeros.
PCMSEL1 20 | PCM select. PCMSEL1 and PCMSELO select the ratio of PCMCLK to SCLK (oversampling ratio) and the
PCMSELO 19 number of bits per PCM word (see Table 2).
RESET 6 | Reset, active low. The ’AV120 begins a reset sequence when RESET is low.
Serial PCM data output bit clock. SCLK oscillates at 32 times the sampling frequency for 16-bit PCM data
SCLK 27 O and 48 times the sampling frequency for 18-bit PCM data. SCLK is derived from PCMCLK and the
PCMSEL terminals.
SIN 40 | Serial-data input for compressed-audio data, PTS, and SCR (see SMODE description).
Audio-data/timing-information select. SMODE low indicates that the data being input on SIN is
SMODE 42 | compressed audio. SMODE high indicates that the data being input at SIN is either a PTS (bit 33 low) or an
SCR (bit 33 high).
Serial-data request, active low. Data can be input at SIN when SREQ is low. After SREQ goes high, one
SREQ 39 O additional bit of data is accepted. Subsequent data is ignored. SREQ goes high if RESET goes active (low)
or the input buffer is full. SREQ does not go high as long as the input data rate does not exceed 448 kbit/s.
Status-register clock. The rising edge of STATCLK signals that new valid data is available on STATOUT
STATCLK 31 (o] and can be used to latch the new data. The first falling edge of STATCLK in each frame coincides with the
falling edge of BOF. STATCLK is synchronous with SCLK.
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Terminal Functions (Continued)

TERMINAL
Vo DESCRIPTION
NAME NO.
STATOUT a2 o Status-register output. Data from the status register is output serially on STATOUT, starting with the most
significant bit (see the STATCLK description and Table 4).
TCK 7 | Test access port (TAP) clock. Must be tied low for normal operations.
TDI 9 | TAP data input. TDI has an internal pullup. TDI can be tied high or left floating.
TDO 10 (o} TAP data output
T™MS 8 I TAP mode select. TMS has an internal pullup. TMS can be tied high or left floating.
TRST 1 | TAP reset, active low. TRST should be tied low for normal operation or connected to RESET.
1,5,12,
Vee 23,34 5-V supply voltage
XTAL1 3 I Crystal or oscillator input. One side of the connection to a crystal or an external clock input provides the
system clock to the 'AV120.
XTAL2 4 I Crystal input, low side. Second connection (low side) to a crystal should be left unconnected when an
external clock is connected to XTAL1.
%3 1
EXAS
INSTRUMENTS
4

POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265

: B a9bL1724 0102210 1TO WA

Power ed by | Cniner.com El ectronic-Library Service CopyRi ght 2003



architecture

TMS320AV120

MPEG AUDIO DECODER

SCSS014A - MARCH 1994 — REVISED JANUARY 1996

The functional block diagram of the TMS320AV120 is shown in Figure 1. The 'AV120 is a combination of a
hardwired, dedicated, high-speed arithmetic unit and a micro-coded input processor. The interfaces are
discussed in the following sections.

SIN
Boundary Scan ¢ Boundary Scan
- 4 »—————
ICLK >
SMODE
Host
HSYNC Interface
ERR_IN
SREQ <+
XTALY ——— +>—|7 l
XTAL2 I input-Buffer > RAM
Control < 512x8
RESET —
BYPASS —— v
MUTE ———
— Audio
Decoder
PCMSELO ——— Control
PCMSEL1 —— and il
OMODE0 — St@tus
OMODE{ — —] Registers AU
Buffer
STATCLK —<4— “— AritSrr‘ri\tetic
STATOUT —4—
ANCCLK —<¢—] < TRST
ANCOUT —<¢— v < TCK
BOF —<¢— TAP < ™S
PCM_ERR —4¢— Bpuifhgr < DI
— TDO
v
PCMCLK S PcCMt;r?tlrltt)?m
—4— > ——— S S —
Boundary Scan + + * Boundary Scan
SCLK LRCLK PCMOUT

Figure 1. Functional Block Diagram
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input interface

The TMS320AV120 accepts MPEG audio streams; MPEG system and packet streams can not be decoded.
Compressed data and synchronization information is input serially on SIN, using ICLK, SREQ, and SMODE.
If SREQ is low, data set up on SIN is latched on the rising edge of ICLK. The device accepts one additional bit
of data after SREQ goes high. Data input thereafter may corrupt the bit received previously. SREQ goes high
if RESET goes active (low) or the input buffer is full. A 512-byte internal buffer is used to buffer the compressed
data to absorb minor input bit-rate variations. SREQ does not go high (inactive) as long as the input data rate
does not exceed 448 kbit/s. Figure 2 and Figure 3 show constant-bit-rate and burst-data input timing.

ERR_IN is an input used to signal to the decoder that the data coming in may not be correct. The frame
containing the data bit(s) that may be invalid (corresponding to ERR_IN high) are muted if the data is from the
beginning of the frame through the scale factors. The 'AV120 is capable of responding to at least one error per
every 512 bytes of compressed data. This prevents errors in the data stream from damaging speakers. If not
used, ERR_IN should be tied low. Figure 2 shows the proper timing for the ERR_IN signal.

The SMODE input signals the presence of timing information. When SMODE is low, the data on the SIN terminal
is interpreted as compressed-audio data. When SMODE transitions high, the next 34 bits of the serial data is
interpreted as either a PTS if bit 33 is a zero or an SCR if bit 33 is a one. Bit 33 should be on SIN during the same
ICLK cycle that SMODE transitions high. SMODE timing is shown in Figure 3.

An additional input, HSYNC, can be used in systems where hardware frame synchronization is available, such
as the proposed Eureka DAB systems. When HSYNC transitions high, the next 12 bits are assumed to be an

audio-frame-synchronization word. If not used, HSYNC should be tied low. HSYNC input timing is shown in
Figure 4.

The 'AV120 has an audio-bypass feature that allows 16-bit PCM data to be loaded into the device and passed
through to the PCMDATA output. To use the audio-bypass feature, BYPASS must be set high. Changing to or
from bypass mode requires a reset.

I‘_‘ Helock —N
icLkt
_
tsu1 _’i I‘— I
SREQ \ | |
= i
| tsuz —P [&—
fsuz —h ¢ I —» [— th1
_'\|\ | /If/_ BN
ERR_IN I ! /| \\
t
su3 —’I - - |
|

TICLK must be at the encoded stream bit rate.

Figure 2. Constant-Bit-Rate Input Timing
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input interface (continued)

[ 1fclock M

"
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-
—

SREQ | I {
—» e tey3 ' '
ey
SIN :XData
SMODE
Figure 3. Burst-Data Input Timing
ICLK
> — tsus

I ¢ tha —¥

I

HSYNC _/—-i ‘l

j—tw2 —»

x 1st Bit ><
SIN of Header X

Figure 4. HSYNC Input Timing

reset sequence

The "AV120 must be reset during power up. Reset of the device is initiated by pulling RESET low. The following
actions occur:

SREQ goes high.

Serial input data is ignored.

All data buffers (including the input buffer) are cleared.
The PCM output is forced to mute.

When the reset sequence is finished (after multiple clock cycles), SREQ again goes low signaling that the device
is ready to accept compressed-data input. The first high-to-low transition on BOF signals the availability of valid
decoded audio data. A change in the bit rate, sampling frequency, or layer of the encoded bit stream requires
areset. If a change in one of these parameters is detected without a reset, the 'AV120 forces a reset. Figure 5
shows reset timing.

¢ TEXAS
INSTRUMENTS

POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265 7

. 49b1724 0102213 90T WA

Power ed by | Cniner.com El ectronic-Library Service CopyRi ght 2003



TMS320AV120
MPEG AUDIO DECODER
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reset sequence (continued)
:1— tw3 ——-:
RESET \ /
| 4

SFEG 4 \

Figure 5. Reset Timing

input processor

The input processor decodes the header and prepares the audio data for the arithmetic unit. if synchronization
is lost or an error is found in the header or during the CRC check (if the bit stream is protected), the PCM output
for that frame is muted. The status register is updated to signal a synchronization or CRC error.

PCM output interface

The decoded audio data is output in serial PCM-data format on PCMOQUT. The data is output with the most
significant bit first. PCM data can be latched on the rising edge of the serial PCM output clock (SCLK). The data
output on PCMOUT alternates between the two channels as designated by LRCLK. If the input data stream is
monophonic, the same PCM data is output on both channels. As shown in Table 1, if the input data stream is
dual channel (two independent channels), the channel(s) output depends on the setting of OMODE.

Table 1. OMODE1 and OMODEO Functional Summary

owone1-o | LETCHAMNEL T RGHT crase:
00 Channel 0 Channel 1
01 Channel 0 Channel 0
10 Channel 1 Channel 1
1 invalid Invalid

The PCMSEL terminals select the ratio of PCMCLK to SCLK and the number of bits per PCM word. If the PCM
word size is 24, the first 6 bits are zeros followed by an 18-bit PCM value. Output precision and PCM word length
are selected by the PCMSEL terminals as shown in Table 2.

Table 2. PCMSEL1 and PCMSEL2 Functional Summary

PCMSEL1-0 | PRECISION WORI;’E':NGTH PCMCLK
00 16 bits 16 bits 1 x SCLK LRCLK x 32
(] 16 bits 16 bits 8 x SCLK LRCLK x 256
10 18 bits 24 bits 1x SCLK LRCLK x 48
11 18 bits 24 bits 8 x SCLK LRCLK x 384
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PCM output interface (continued)

The decoder requires a clock input (PCMCLK) that is at the proper multiple of the sampling frequency. The
sampling frequency of the MPEG stream being decoded is indicated by the SF1:0 bits in the status register. The

PCMCLK input frequency depends on the sampling frequency and oversampling ratio as shown in Table 3. PCM
output timing is shown in Figure 6.

Table 3. PCMCLK Frequency Selection Summary

16-BIT PCM WORD LENGTH 24-BIT PCM WORD LENGTH
LRCLK PCMSEL1:0 (00) | PCMSEL1:0 (01) | PCMSEL1:0 (10) | PCMSEL1:0 (11)
SAMPLING PCMCLK = PCMCLK = PCMCLK = PCMCLK =
FREQUENCY 1 xSCLK = 8 x SCLK = 1xSCLK = 8xSCLK =
(kHz) 32 x LRCLK 256 x LRCLK 48 x LRCLK 384 x LRCLK
(MHz) (MHz) (MHz) (MH2)
32 1.024 8.192 1.536 12.288
441 1.4112 11.2896 2.1168 16.9344
48 1.536 12.288 2.304 18.432
SCLK | | I
i ) |
—»  l— g1 | —» [ 141
I ; —45 |
LtrReLk | ) | \
| | I
— e tg2 |
J | —
PCMOUT Left Bit 151'X Left Bit 14 Left Bit0 Right Bit 15X1ight Bit 14
| T i
N e a3 | |
l | ¢t («
| 1)
BOF _\_/
!
=
PCMSEL1 \
-5

1 First bit of frame as indicated by BOF
Figure 6. PCM Output Timing
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ancillary-data-output interface

Ancillary data from each frame is output serially on ANCOUT. The rising edge of ANCCLK signals new valid data
is available on ANCOUT and can be used to latch it. When ANCCLK is switching, its frequency is equal to
one-half of the system clock at the XTAL1 input. If ancillary data is not needed for a specific application, these
terminals can be ignored. Figure 7 shows ancillary-data-output timing.

e P 2/(te1ock XTALT)

ANCCLK

meorr X X X XXX

Figure 7. Ancillary-Data-Output Timing

status-register-output interface

The status register contains information from the header of each frame and on the status of the device. The
register can be read serially on STATOUT starting with the most significant bit (see Figure 8). Data is valid on
the rising edge of STATCLK. When STATCLK is switching, its frequency is equal to SCLK. The status register
is updated on the high-to-low transition of BOF. Table 4 shows the status-register-output order. Stereo mode,
sampling frequency, and de-emphasis information is output at the begining of the status-register stream for

convenience in addition to the MPEG header. The status register is not output in audio-bypass mode,
BYPASS =1.
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status-register-output interface (continued)

Table 4. Status-Register-Output Order

LOCBAIIION DESCRIPTION FUNCTION
82 Stereo mode (1) ; gtljee::agfl;?:t‘?lstereo, single-channel
00 =44.1 kHz
31:30 Sampling frequency % : gg ::E;
11 = Reserved
00 = None
29:28 De-emphasis mode ?(1) - ‘;%/;:r‘tl: ’
11 = CCITT J.17
27 SYNC status (1) : (L::;)( ; in SYNC-recovery mode
1 = CRC error found
26 CRC status 0 = No error or CRC enabled in the
encoded bit stream
25 POM underfiow | o= ﬁﬁr“fnaﬂ“é‘;‘é‘ré‘ﬁff r(fr:%vt:ndedlow)
24 1D
23:22 Layer
21 Protection bit
20:17 Bitrate index
16:15 Sampling frequency
14 MPEG-frame header | Padding bit
13 without sync word Private bit
12:11 Mode
10:9 Mode extension
8 Copyright
7 Original/home
6:5 Emphasis
4:1 Version number 'AV120 device revision ID
1= - N -
0 PTS185 |7 No PTS assodated i thie hame

MR 39L1724 0102217 555 N

‘Q@ TEXAS
INSTRUMENTS

POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265

"

Power ed by | Cniner.com El ectronic-Library Service CopyRi ght 2003



TMS320AV120
MPEG AUDIO DECODER
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status-register-output interface (continued)

— —{—
SCLK
| |
STATCLK
—»l k—- tds |

]
STATOUT Status Bit 32XStatus Bit 31X Xitatus B:OM
T =55

Figure 8. Status-Register-Output Timing
audio/video synchronization

In systems where audio/video synchronization is required, the TMS320AV120 has the capability of interpreting
and comparing the system clock reference (SCR) and the audio presentation time stamp (PTS). Since both the
SCR and the PTS are present only at the pack and packet level of the MPEG bit stream, and not in the audio
frames, they have to be supplied to the TMS320AV120 from the system controller.

The SCR and PTS information is transmitted to the TMS320AV120 over SIN, MSB first, multiplexed with the
compressed-audio data. SMODE signals the presence of timing information. When SMODE is low, the data on
SIN is interpreted as compressed-audio data. When SMODE transitions high, the next 34 bits of the serial data
is interpreted as either a PTS if bit 33 is a zero or an SCR if bit 33 is a one.

The system is expected to transmit all PTS stamps to the TMS320AV120 as found in the system stream. SCR
information (updated at the 90-kHz rate) should be transmitted to the audio decoder about once a ms.

The TMS320AV120 compares the PTS associated with the frame being output with the latest SCR. When the
delta reaches the duration of one frame, the 'AV120 either delays or attempts to catch up until the times match.
While the chip can always delay, it can only catch up if the compressed-data input is at a rate higher than the
actual bit rate. During each delay operation, one muted frame is inserted. During each catch-up operation, one
frame is skipped. If synchronization is required, the data should be available to the TMS320AV120 when
requested by the SREQ control signal. For designs that do not need synchronization, SMODE is tied low.

“«'f TEXAS
INSTRUMENTS

12 POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265

. mm #9b1L724 0102218 491 HA

Power ed by | Cniner.com El ectronic-Library Service CopyRi ght 2003



TMS320AV120
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PCMCLK error signal

In order to facilitate synchronization of the PCMCLK frequency to the input-data rate, the TMS320AV120
generates an error signal that is proportional to the average difference between the ICLK and the PCMCLK
frequencies. The error signal is a pulse-width-modulated pulse train at a frequency equal to twice the sampling
frequency. A 50% duty cycle indicates no error (see Figure 9). A VXO control voltage is derived from the PWM
signal by low-pass filtering and any required level shifting. Duty-cycle adjustments are + 0.2%, with an
integration time of approximately 2 seconds giving a very stable, low-loop-gain system.

PCM_ERR is only valid when the compressed-data input is at the bit rate of the compressed data. In general,
SREQ must be low at all times for the error signal to be valid. This is the exact opposite of the input-data rate
required for audio/video synchronization; the two modes can not be used at the same time.

¢ ta7 >

PCM_ERR

— tgg —P&— tgg —M

(a) PCMCLK and ICLK Synchronized

< ta7

PCM_ERR

tds ’IQ—P

tds
{b) PCMCLK Slow

157 ————|

PCM_ERR

‘t—d:‘—_ tgg —————»

{c) PCMCLK Fast

Figure 9. PCM_ERR-Output Timing
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TMS320AV120
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system clock

The system clock (XTAL1) can be totally asynchronous with respect to the other *AV120 clocks and to the
input-data rate. XTAL1 may be driven from an oscillator as a clock input or a crystal may be used to generate
this clock. If a crystal is used, it should be a fundamental mode, parallel resonant, 15-pF typical crystal connected
to XTAL1 and XTAL2. The crystal needs two 30-pF capacitors to ground as shown in Figure 10.

XTAL2
J_ 30 pF I

C— Crystal
L T 30 pF

Figure 10. Crystal Circuit

XTAL1

audio bypass

The ’AV120 has an audio-bypass feature that allows 16-bit PCM data to be loaded into the device and passed
through to PCMOUT. To use the audio-bypass feature, BYPASS must be set high and then the *AV120 must
be reset. Once SREQ goes low, PCM data can be loaded into the device directly. The data is loaded exactly
the same as compressed data, using SIN, ICLK, and SREQ. The data can be burst in up to the maximum burst
rate. Blocks of 32 stereo samples (32 16-bit words left, 32 16-bit words right) must be loaded with the data
ordered as follows: 2 bytes left, 2 bytes right, 2 bytes left, etc. For each two bytes (left or right), the most
significant byte is loaded first. If an incomplete block is loaded at the end, the entire block is not output. PCM
data starts to output after four blocks (512 bytes) have been loaded. The 18-bit PCM data is not supported for
audio bypass. To switch back to compressed-data input, BYPASS must be set low and then 'AV120 must be
reset. The PCM underflow-status bit is used to detect when all of the bypass data has been output.
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TMS320AV120
MPEG AUDIO DECODER

SCSS014A - MARCH 1994 — REVISED JANUARY 1996
R —

absolute maximum ratings over operating free-air temperature range (unless otherwise noted)t

Supply voltage range, Vg (see Note 1)
Inputvoltage range, V| .. ... i
Output voltage range, VO - .o vvv v e e
Input clamp current, ljk (V| <0 or V| > V)
Output clamp current, gk (Vo <0 or Vg > Vo)
Continuous output current, Ig (Vg = 0 to V)
Operating free-air temperature range, Tp
Storage temperature range, Tgt,
Lead temperature 1,6 mm (1/16 inch) from case for 10 seconds

260°

~-0.5Vto6V
-05VtoVec +05V
-05VtoVgg+05V
+20 mA

+20 mA
0°C to 70°C
—-65°C to 150°C

C

t Stresses beyond those listed under “absolute maximum ratings” may cause permanent damage to the device. These are stress ratings only and
functional operation of the device at these or any other conditions beyond those indicated under “recommended operating conditions” is not

implied. Exposure to absolute-maximum-rated conditions for extended periods may affect device reliability.
NOTE t: All voltage values are with respect to GND.

recommended operating conditions

MIN NOM MAX UNIT

Vee Supply voltage 4.75 5 525 Vv
VIH High-level input voltage 2 Voo +0.5 Vv
ViL Low-level input voltage -0.5 0.8 A\
loH High-level output current Except TDO 8 mA

TDO -2

Except TDO 8
loL Low-level ouput current mA

TDO 2

System clock (XTAL1) 22 27 MHz
fclock Clock frequency POMCLK 20 MH2

ICLK constant bit rate 448 kHz

ICLK burst 10 MHz
dt/dv Input transition (rise or falf) 10 ns/V
TA Operating free-air temperature 70 °C

electrical characteristics over recommended operating free-air temperature range (unless

otherwise noted)

PARAMETER TEST CONDITIONS MIN TYPE MAX| UNIT
Except TDO | Voo =475V, loH=-8mMA 3.7
VoH  High-level output voltage P ce oH A
TDO Voo =475V, IoH=-2mA 3
Except TDO | Voo =475V, loL=8mA 0.5
VoL  Low-level output voltage P ce oL A
TDO Voo =475V, loL=2mA 0.5

| Input current Voo =5.25Y, Vi=Vggor0 +1 uA
loz Off-state output current Vecc =525V, Vo=Vggor0 +5 HA
I o TDI, TMS, TDO, and TRET s L A

t )

O utput current, , S, and T Vo-Voc—15V ~150 200 17
lcc Supply current Vce=5.25V, XTAL1 =24 MHz 80 150 mA
Ci Input capacitance$ f=1 MHz pF
Co Output capacitance$ f=1 MHz pF

% All typical values are at Vo = 5 V, Ta = 25°C.
§ This is the capacitance at an output or I/O terminal.
R
*3 1,
EXAS
INSTRUMENTS
POST OFFICE BOX 655303 ® DALLAS, TEXAS 75265 15

M 3961724 0102221 T&L WM

Power ed by | Cniner.com El ectronic-Library Service CopyRi ght 2003



TMS320AV120
MPEG AUDIO DECODER

SCSS014A - MARCH 1994 — REVISED JANUARY 1996

timing requirements over recommended ranges of supply voltage and operating free-air
temperature range (unless otherwise noted)

pulse durations

FIGURE MIN  MAX | UNIT
tw1 SMODE high 3 100 ns
tw2 HSYNC high 4 100 ns
tw3 RESET low 5 200 ns

setup times
FIGURE MIN  MAX | uUNIT
tsu1 SREQ low before ICLKT 2,3 25 ns
tsu2 ERR_IN before ICLKT 2 25 ns
tsu3 SIN before ICLKT 2,3 25 ns
tsud SMODE high before ICLKT 3 25 ns
tsus HSYNC high before ICLKT 4 25 ns
hold times
FIGURE MIN  MAX | UNIT
tht ERR_IN after ICLKT 2 5 ns
the SIN after ICLKT 2,3 5 ns
tha SMODE after ICLKT 3 5 ns
tha HSYNC after ICLKT 4 5 ns

switching characteristics over recommended ranges of supply voltage and operating free-air
temperature range (unless otherwise noted)

propagation delay times

FIGURE MIN MAX | UNIT
[thd1  ICLKT to SREQ high 3 250| ns
tpdz RESET high to SREQ low 5 500 ns
delay time relationships
FIGURE MIN MAX | UNIT
a1 LRCLK after SCLK{ 6 50 ns
a2 PCMOUT after SCLK{ 6 50 ns
td3 BOF after SCLK{ 6,8 50| ns
tda BOF! to BOF? (pulse) 6,8 400t ns
tds ANCOUT before ANCCLKT 7 25 ns
tae STATOUT after STATCLK. 8 50 ns
t47 PCM_ERR period$ 9 187 | ps
tds PCM_ERR pulse duration, high or low}§ 9 004 187| ps
1BOF pulse is approximately 1 SCLK period in duration.
$PCM_ERR output period = ?& .
clock XTALA1

§ specified by design but not tested
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MECHANICAL DATA

OCTOBER 1994

L n
FN (S-PQCC-J") PLASTIC J-LEADED CHIP CARRIER
20 PIN SHOWN
Seating Plane
—»le— o[ 0.004 (0,10)
b 0.180 (4,57) MAX
0.120 (3,05)
«——— Dt — 0.090 (2,29)
—>»  j&— 0.020 (0,51) MIN
3 1 19
I o I e B s B %
O 0.032 (0,81) / — )*‘
0.026 (0,66) | I
a[ ] 18 ; ——1: D2/E2
O ] i)
E E1 |'_‘ :] T
[ ] _L D2/E2
8[] ] 14
g o
LI T 1T 1 C3 I 0.050 (1,27) N\ 0.021 (0,53)
9 13 0.013 (0,33)
0.008 (0,20) NOM — [¢— [ & 0.007 (0,18) @]
NO. OF D/E D1/E1 D2/E2
PINS
- MIN MAX MIN MAX MIN MAX
20 0.385(9,78) | 0.395(10,03) | 0.350(8,89) | 0.356(9,04) | 0.141(358) | 0.169 (4,29)
28 0.485 (12,32) | 0.495 (12,57) | 0.450 (11,43) | 0.456 (11,58) | 0.191 (4.85) | 0.219 (5,56)
44 0.685 (17,40) | 0.695 (17,65) | 0.650 (16,51) | 0.656 (16,66) | 0.291(7,39) | 0.319 (8,10)
52 0.785(19,94) | 0.795 (20,19) | 0.750 (19,05) | 0.756 (19,20) | 0.341(8,66) | 0.369 (9,37)
68 0.985 (25,02) | 0.995 (25,27) | 0.950 (24,13) | 0.958 (24,33) | 0.441 (11,20) | 0.469 (11,91)
84 1.185(30,10) [ 1.195(30,35) [ 1.150 (20,21) | 1.158 (20,41) | 0.541 (13,74) | 0.569 (14,45)

4040005/B 10/94

NOTES: A. Alllinear dimensions are in inches (millimeters).
B. This drawing is subject to change without notice.
C. Falls within JEDEC MS-018
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