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Abstract

The purpose of this American National Standard is to standardize the protocol for packetized
speech, the Packetized Voice Protocol (PVP). PVP defines formats and procedures for the
transport of voice information and channel-associated signaling over a packet network. This is to
allow vendors to provide compatible equipment for the U.S. marketplace and to permit both
exchange and interexchange carriers to operate compatibly.
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formats and procedures for the transport of voice information and channel-
associated signaling over a packet network. This allows vendors to provide
compatible equipment for the US marketplace and both exchange and
interexchange carriers to operate compatibly. It is expected that both
equipment manufacturers and carriers will utilize this standard.

This standard contains two annexes, both of which are informative and are
not part of this standard.

Suggestions for improvement of this standard are welcome. They should be
sent to the Exchange Carriers Standards Association, 5430 Grosvenor
Lane, Bethesda, MD 20814.

This standard was processed and approved for submittal to ANSI by
Accredited Standards Committee on Telecommunications, T1. Committee
approval of the standard does not necessarily imply that all members voted
for its approval. At the time it approved this standard, the T1 Committee had
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T1.312-1991 (R2006)AMERICAN NATIONAL STANDARD

American National Standard
for Telecommunications –

Voice Packetization –
Packetized Voice Protocol

1   Scope, purpose, and application

1.1   Scope

This standard defines a Packet Voice Protocol
(PVP) for speech packetization in permanent
virtual circuit applications. The packetized voice
protocol can be used, for example, at bit rates
above 64 kbit/s and less than 150 Mbit/s and in
fractional DS1 applications.

The protocol defines formats and procedures
for the transport of voice information and chan-
nel-associated signaling over a wideband
packet network.

The standard accommodates additional future
types, including optional internetworking ca-
pabilities with the digital cellular radio net-
working application under development in the
TIA standards forums (TR45.3).

The extension of this standard for baseband
facsimile traffic is currently under study.

This standard does not address performance
issues.

This standard does not address methods for
coding speech samples, although particular
coding standards are specified in the protocol
(e.g., the algorithms in ANSI T1.303-1989). In
particular, the standard allows dynamic band-
width allocation and graceful congestion con-
trol when the speech samples are coded with
embedded algorithms such as those specified
in ANSI T1.310-1991.

This standard does not address the following
issues:

– services based on the interface;

– implementation techniques;

– performance guidelines relative to the use
of packetized speech;

– equipment aspects;

– trunk-signaling, link-establishment, and
call-establishment procedures for switched
virtual circuits;

– data-only issues, combined data/voice is-
sues, and frame relay issues;

– speech packetization in Asynchronous
Transfer Mode (ATM) (B-ISDN) systems.

NOTE – The user’s attention is called to the
possibility that compliance with this standard
may require use of an invention covered by patent
rights.

By publication of this standard, no position is
taken with respect to the validity of this claim or
of any patent rights in conjunction therewith. The
patent holder has, however, filed a statement of
willingness to grant a license under these rights
on reasonable and nondiscriminatory terms and
conditions to applicants desiring to obtain such a
license. Details may be obtained from the pub-
lisher.

1.2   Purpose and application

This standard can be applied for packetization
of speech and in fractional DS1 applications.

2   Normative references and definitions

2.1   Normative references

The following standards contain provisions
which, through reference in this text, constitute
provisions of this American National Standard.
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At the time of publication, the editions indi-
cated were valid. All standards are subject to
revision, and parties to agreements based on
this American National Standard are encour-
aged to investigate the possibility of applying
the most recent editions of the standards indi-
cated below.

ANSI T1.303-1989, Telecommunications – Digi-
tal processing of voice-band signals – Algo-
rithms for 24-, 32-, and 40-kbit/s adaptive dif-
ferential pulse-code modulation (ADPCM) 1)

ANSI T1.306-1990, Telecommunications – Digi-
tal processing of audio signals – Algorithm and
line format for transmission of 7-kHz audio
signals at 64/56 kbit/s 1)

ANSI T1.310-1991, Telecommunciations – Digi-
tal processing of voice-band signals – Algo-
rithms for 5-, 4-, 3-, and 2-bits/sample embed-
ded adaptive differential pulse-code modula-
tion (ADPCM) 1)

CCITT Recommendation G.703, Physical/elec-
trical characteristics of hierarchical digital in-
terfaces 1), 2)

CCITT Recommendation G.704, Synchronous
frame structures used at primary and second-
ary hierarchical levels 1), 2)

CCITT Recommendation G.711, Pulse-Code
Modulation (PCM) of voice frequencies 1), 2)

CCITT Recommendation G.722, 7-kHz audio-
coding within 64 kbit/s 1), 2)

CCITT Recommendation G.726, 40-, 32-, 24-,
16-kbit/s adaptive differential pulse-code modu-
lation (ADPCM) 1), 2)

CCITT Recommendation G.727, 5-, 4-, 3-, and
2-bit/sample embedded adaptive differential
pulse-code modulation 1), 2)

CCITT Recommendation H.221, Frame struc-
ture for a 64 to 1920 kbit/s channel in audiovi-
sual teleservices 1), 2)

CCITT Recommendation I.431, Primary rate user-
network interface – Layer 1 specification 1), 2)

CCITT Recommendation Q.921/I.441, ISDN
user-network interface – Data link layer speci-
fication 1), 2)

ISO 3309:1984, Information processing sys-
tems – Data communications – High-level data
link control procedures – Frame structure 1)

2.2   Definitions

This standard includes the following defini-
tions:

2.2.1 Adaptive Differential Pulse-Code
Modulation (ADPCM):  ADPCM algorithms
are predictive, variable quantization coding
schemes that code the difference between
successive speech samples to reduce the bit
rate and increase transmission capacity.

2.2.2 ALARM state: The state of a PVP
node that has detected a facility alarm, has
stopped receiving signaling packets, or has
received a signaling packet with the N/A bit set
to 1.

2.2.3 block-dropping indicator (BDI):   Used
by a PVP node to track the status of block-
dropp ing  w i th in  a  vo ice  packet  ( i .e ,
the number of blocks that have been dropped
and the maximum number that can be drop-
ped).

2.2.4 blocks: A specific group of octets
within a voice frame packet that is derived from
the speech samples from the channelized side
of a permanent voice circuit defined at a PVP
node. A block is made up of bits of the same
significance collected from the coded speech
samples that are to be packetized. It contains
128 bits assembled in order of receipt of the
128 samples that make up the voice format
packet. The number of bits in a sample is
dependent on the CT used.

2.2.5 build-out delay: The maximum vari-
able transmission and processing delay that is
permitted in a wideband network. Each PVP
node records the delay that it adds and up-
dates accordingly the TS value in the packet
header. When the terminating endpoint of a
PVP node receives a voice packet, the provi-
sioned build-out and the time stamp value are
compared. If the TS value is larger than the
build-out, the PVP node drops the packet. If
the delay is less than the provisioned build-
out, the packet is delayed by the difference
between the two values.

1) Available from American National Standards Institute, Inc., 11 West 42nd Street, New York, NY 10038.
2) All CCITT Recommendations referenced in this standard were published in the 1988 Blue Book.
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2.2.6 bursts:   Periods of speech activity or
high-energy content signals present in the ac-
cess channel of a wideband network.

2.2.7 check sequence (CS):  A 16-bit se-
quence in the last two octets of a frame (ex-
cluding flags) that offers a cyclic redundancy
check (CRC). The CRC is derived over either
the header in UIH format frames or over the
entire packet frame for UI frames (excluding
flags). The algorithm used is described in ISO
3309.

2.2.8 coding type (CT) field:   The CT field of
a voice packet indicates the method of coding
speech samples used at the originating end-
point before packetization.

2.2.9 command/response (C/R) bit: Used
in LAPD (CCITT Recommendation Q.921/I.441)
to distinguish between packets that initiate
communication (C/R = 0) and packets that are
responses to initiated communication (C/R =
1). In PVP, the C/R bit is always set to 0.

2.2.10 congestion level indicator (CLI):  A
local variable of a PVP node that indicates the
number of blocks to be dropped from packets
containing droppable blocks (0, 1, 2, or 3 blocks
may be specified).

2.2.11 data link connection identifier (DLCI):
A 13-bit field that defines the destination ad-
dress of a packet. The address is local on a
link-by-link basis.

2.2.12 embedded Adaptive Differential
Pulse-Code Modulation (ADPCM): Similar to
non-embedded ADPCM with the following ad-
vantage. In a congested voice network, they
allow an intermediate node to reduce the bit
allocation for particular incoming channels with-
out having to exchange control messages be-
tween the various nodes in the path of the
connection.

2.2.13 extension bit:  The first bit of each
octet of the address field of a packet. The first
octet is identified by the extension bit set to 0,
and the second octet is identified by the exten-
sion bit set to 1.

2.2.14 frame abort:   Occurs when a link layer
entity ignores a frame that is currently receiv-
ing. It is initiated by receipt of a frame with an
invalid flag, or receipt of seven or more con-
tiguous 1 bits.

2.2.15 frame check sequence (FCS):   A 16-
bit CRC CS that is derived over an entire
packet frame (excluding flags) of a UI format
packet. The CRC algorithm is described in ISO
3309.

2.2.16 gaps:   Periods of no speech activity or
low-energy content signals present in the ac-
cess channel of a wideband packet network.

2.2.17 header check sequence (HCS):    A
16- bit CRC CS that is derived from the first 8
octets (excluding flags) of a UIH format packet.
The CRC algorithm is described in ISO 3309.

2.2.18 keep-alive alarm:  An alarm gener-
ated by a terminating endpoint that experi-
ences loss of keep-alive packets as deter-
mined by the expiration of the TSIG_KA timer.
This indicates that a failure has occurred within
the packet portion of the connection and that
normal signaling transport has been inter-
rupted.

2.2.19 more (M) bit:   Set to 1 for all packets
except for the last packet of a burst, which is
set to 0. It is used to indicate that more packets
in sequence are to be expected by the termi-
nating endpoint. This allows the terminating
endpoint to recover from packet loss.

2.2.20 NORM state:   Exists on a permanent
virtual circuit connection when there are no
alarm conditions on either the originating or
terminating endpoints. The absence of alarms
must be satisfied on both the channelized side
and the packetized side. During the NORM
state, signaling packets have their N/A bit set
to 0.

2.2.21 noise field: Indicates the level of back-
ground noise that the terminating endpoint may
play out in the absence of packets.

2.2.22 normal/alarm (N/A) state bit:  Used
in signaling packets to transfer information on
alarm status across a permanent virtual circuit
in the direction of transmission from the
channelized side to the packetized side. The
N/A bit set to 0 indicates normal operation. The
N/A bit set to 1 indicates the existence of an
alarm on the channelized access facility or error
condition on the permanent virtual circuit.

2.2.23 originating endpoint: The originat-
ing  endpo in t  o f  a  PVP node rece ives
channelized traffic at 64 kbit/s and transmits
packets into the wideband packet network.

3
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2.2.24 packet header:  The first 8 octets of
the packet. The header contains the address
field, the control field (UI or UIH), the PD, and TS.

2.2.25 packetization interval:  Defines the
duration of the sampled speech of the access
channel that has been collected, coded, and
packetized. The packetization interval for voice
is 16 ms.

2.2.26 permanent virtual circuit applica-
tions:  Transmission applications in which
nodes receive channelized traffic at the rate of
64 kbit/s and transform the information into
packet format for transmission into a wideband
packet network. The node must also receive
packetized traffic and retransform it into
channelized traffic at the rate of 64 kbit/s.

2.2.27 poll (P) bit:   Bit 5 of a UI or UIH frame
control field.

2.2.28 protocol discriminator (PD) field:
The first octet of the packet header. The PD is
used to distinguish the protocol used in the
packet frame.

2.2.29 refresh packets: Signaling packets
that are transmitted on a periodic basis across
a permanent virtual circuit in the direction of
transmission from the channelized side to the
packetized side. This allows the originating
endpoint to update the knowledge of the termi-
nating endpoint regarding the signaling infor-
mation on the incoming channel and the status
of the permanent virtual circuit status.

2.2.30 remote alarm:  In a PVP node, an
indication that the far-end PVP node is experi-
encing an alarm condition. This occurs be-
cause of either the loss of keep-alive signaling
packets, or the receipt of signaling packets
with the N/A bit set to 1.

2.2.31 scheduled play-out time:  The time
at which a received packet is to be played out.
All packets are to be played out at regular
intervals despite the variability in their arrival
times. Since the provisioned build-out value is
the maximum variable transmission delay,
packets arriving early must be held by the
terminating endpoint until their scheduled play-
out time. Late packets are dropped.

2.2.32 sequence number (SEQ):  The SEQ
of a voice packet is used by the endpoints in
the build-out process to: (a) determine the first
packet of a burst and (b) determine if a packet

has been lost. The SEQ, in conjunction with the
TS, allows the removal of variability in network
delay.

2.2.33 signaling transition:  A signaling tran-
sition is defined for channel-associated signal-
ing as a change in state of the A bit for 2-state
signaling, A and/or B bit in 4-state signaling, or
the A, B, C, and/or D bit for 16-state signaling.

2.2.34 terminating endpoint: The te rmi -
nating endpoint of a PVP node receives
packetized traffic and retransforms it into
channelized traffic at the rate of 64 kbit/s.

2.2.35 time stamp (TS):  Records the cumu-
lative variable queuing delays experienced by
a packet in transversing the network with a
resolution of 1 ms. To prevent wrap-around,
the maximum valid value in the TS field shall
not exceed 199 ms. If, after update, the vari-
able delay exceeds 199 ms, the value is set to
199 ms.

2.2.36 unnumbered in format ion  (UI )
frames: Used to transfer unacknowledged in-
formation between two link layer entities, i.e.,
without affecting data link layer variables. UI
command frames do not carry a sequence
number and, therefore, the UI frame may be
lost without notification.

The control field for the UI command frame is a
single octet in length. The format and encoding
are the same as specified in CCITT Recom-
mendation Q.921/I.441. The CRC is derived
over the entire frame and is inserted in the CS
field.

2.2.37 unnumbered in fo rmat ion  w i th
header check (UIH) frame: The UIH frame is
similar to the UI frame except that the CRC
sequence is derived over the frame and packet
headers (the first 8 octets excluding flags)
rather than over the entire frame. The CS fills
the last two octets of the UIH frame.

The control field of the UIH is a single octet in
length. The format and encoding are the same
as specified in CCITT Recommendation Q.921/
I.441.

2.2.38 voice frame:   A UIH frame that con-
tains a voice packet in its information field.

2.2.39 voice information field:   The voice
information field of a voice packet contains
blocks arranged according to the significance
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of the bits. The first block contains the most
significant bits (MSBs) of all samples, the sec-
ond contains the second MSBs, and so on.
Within a block, bits are ordered according to
their corresponding sample numbers.

3   Overview

This standard contains the specification of a
protocol for packetized speech. The packetized
voice protocol defines formats and procedures
for the transport of voice information and chan-
nel-associated signaling over a packet net-
work.

Before packetization, the input speech samples
may be coded at the originating endpoint of the
transmitting side by one of the coding methods
indicated in this document. The stream of coded
speech is transformed into packets with the
format specified in this document. The samples
are collected over a period of 16 ms and di-
vided into blocks of 128 bits each. Silent inter-
vals may be removed. The blocks are arranged
to facilitate block-dropping.

Periods of activity and inactivity are respec-
tively called “bursts” and “gaps.” It is not nec-
essary to transmit packets during gaps.

The terminating end at the receiving side re-
constructs a continuous stream of speech from
the incoming packets using the information in
the packet header. The build-out delay proce-
dure described in this document compensates
for the variable delay that packets may experi-
ence within the network. Packets that arrive
before their scheduled play-out time are placed
in the proper sequence in a packet queue.
Packets that arrive after their scheduled play-
out time are discarded. The voice packet header
contains information about the level of noise
that was measured by the originating endpoint.
The terminating endpoint uses this information
to play out a matching noise level.

An additional feature of PVP is the ability to
drop blocks from a packet as a congestion-
control mechanism. The n th block consists of
the nth bit from each sample collected during
the sampling interval. The packet header indi-
cates the number of droppable blocks con-
tained in the packet. Congested nodes may
use this information to drop the least significant
block from packets to abate the congested state.

The signaling associated with each voice con-
nection shall be transported in signaling pack-
ets. Signaling packets shall be sent separately
on a different logical channel. Transport of the
signaling information requires a set of proce-
dures, similar to those for voice transport, which
are described in this document.

4   Formats

4.1   Physical layer

For operations at 1536 kbit/s or 1920 kbit/s, the
electrical characteristics and formats of the
interface are those defined in CCITT Recom-
mendation I.431 (G.703 and G.704) for the
primary rates of 1544 kbit/s and 2048 kbit/s,
respectively. The packetized signal consists of
one digital stream sent over conventional pri-
mary rate facilities. Hybrid situations contain-
ing one or more N × 64 kbit/s packet streams
and M conventional 64 kbit/s channels are also
considered.

4.1.1   Bit inversion

For primary rate applications requiring code
restrictions that maintain ONE’s density, bit
inversion is necessary to enable the combined
result of bit stuffing and bit inversion to prevent
the all 0 octet and to satisfy the ONE’s density
requirements of restricted DS1 facilities.

4.1.2   Order of transmission

Bit 1 is the least significant bit (LSB) and is
transmitted first. Bit 8 is the most significant bit
(MSB) and is transmitted last.

4.2   Link layer

The link layer of PVP uses a similar approach
to CCITT Recommendation Q.921/I.441 with
the additions indicated in this standard. In
particular, PVP uses the unnumbered informa-
tion frame with header check (UIH), described
in 4.2.3.2, that is not currently specified in
CCITT Recommendation Q.921/I.441. Frames
that transport voice and frames that transport
channel-associated signaling are assigned dif-
ferent layer-2 addresses, i.e., they are carried
on two separate logical links. This, together
with the use of a different unnumbered frame
type for each type of traffic, provides an addi-
tional measure of security to protect from the
misrouting of signaling information.
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4.2.1   Address field

The address field is two octets in length, with
the first bit of each defined as an extension bit
and bit 2 of octet 1 defined as the command/
response (C/R) bit. The 13 bits that remain are
concatenated to form a single data link con-
nection identifier (DLCI). Address assignment
starts with 128 and ends with 8063. Layer-2
addresses are already assigned, and the imple-
mentation starts from the DLCI_ ASSIGNED
state.

4.2.2   Command/response bit

The C/R bit (bit 2 of octet 1) is set to 0.

4.2.3   Frame types

The following two frame types are allowed in
PVP.

4.2.3.1   Unnumbered information frames

When a layer-3 or management entity requests
unacknowledged information transfer, the un-
numbered information (UI) command is used
to send information to its peer without affecting
data link layer variables. UI command frames
do not carry a sequence number and, there-
fore, the UI frame may be lost without notifica-
tion.

The control field for the UI command frame is a
single octet in length. The format and encoding
are the same as specified in CCITT Recom-
mendation Q.921/I.441.

The UI frame is used to transport channel-
associated signaling.

4.2.3.2  Unnumbered information with header
check frame

The unnumbered information with header check
(UIH) frame has the same applications as the
UI frame. The difference between the two is
that the cyclic redundancy check (CRC) se-
quence is derived over the frame and packet
headers (the first 8 octets, excluding flags)
rather than over the entire frame. The check
sequence fills the last two octets of the UIH
frame.

The control field of the UIH is a single octet in
length and is shown in figure 1.

The UIH frame is used to transport voice. 3)

4.2.4   Poll bit

The poll (P) bit is bit 5 of the UI/UIH frame
control field. The P bit shall be set to 0.

4.2.5   Check sequence

The check sequence (CS) algorithm is the
same as that described in ISO 3309. The CS
field shall be a 16-bit sequence. It shall be the
ONEs complement of the sum (modulo 2) of:

– The remainder of (x raised to k power) (x15

+ x14 + x13 + x12 + x11 + x10 + x9+ x8 + x7+ x6

+ x5 + x4 + x3 + x2 + x1 + 1) divided (modulo
2) by the generator polynomial x16 + x12+ x5+
1, where k is the number of bits in the frame
existing between, but not including, the final
bit of the opening flag and the first bit of the
first octet of the nondroppable octets for the
header check sequence or the first bit of the
check sequence for the frame check se-
quence, excluding bits inserted for transpar-
ency:

– The remainder of the division (modulo 2)
by the generator polynomial x16 + x12 + x5 +
1 of the product of x16 by the content of the
frame existing between, but not including,
the final bit of the opening flag and the first
bit of the first octet of the nondroppable
octets for the HCS or the first bit of the CS for
the FCS, excluding bits inserted for trans-
parency.

As a typical implementation at the transmitter,
the initial content of the register of the device
computing the remainder of the division is pre-
set to all ONEs and is then modified by division
by the generator polynomial (as described
above) of the address, control, and appropri-
ate portion of the information fields; the ONEs
complement of the resulting remainder is trans-
mitted as the 16-bit CS.

As a typical implementation at the receiver, the
initial content of the register of the device

3) The CRC check of the UIH frame protects 8 octets, which contain the address field (to ensure correct
delivery), the control field (to guarantee the validity of the frame type), and the layer-3 header. It does not
protect the voice information because voice traffic is more sensitive to delay due to retransmission than to
bit errors, and because this allows reduction of voice information by block-dropping under congestion without
recalculating the CRC check. As a consequence, the test for invalid frames in 4.2.7 uses the minimum frame
length of 10 octets.
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8   7   6   5   4   3   2   1    Bit number

1   1   1   P   1   1   1   1

Figure 1 – Control field of the UIH frame

computing the remainder is preset to all ONEs.
The final remainder after multiplication by x16

and then division (modulo 2) by the generator
polynomial x16 + x12 + x5 + 1 of the serial
incoming protected bits and the CS, will be
0001110100001111 (x15 through x0, respec-
tively) in the absence of transmission errors.

4.2.6   Frame abort

Receipt of seven or more contiguous 1 bits
shall be interpreted as a frame abort, and the
link layer entity shall ignore the frame currently
being received. A frame following an abort
must begin with an opening flag.

4.2.7   Invalid UI/UIH frames for PVP

For the purposes of PVP, an invalid UI/UIH
frame is a frame that:

 – is not properly bounded by two flags; or

 – has fewer than 10 octets between flags; or

 – has greater than 490 octets between flags;
or

 – does not consist of an integral number of
octets prior to ZERO bit insertion or follow-
ing ZERO bit extractions; or

 – contains an FCS error.

Invalid frames shall be discarded without noti-
fication to the sender. No action is taken as the
result of that frame.

4.3   Packet layer

The packet layer procedures apply to the infor-
mation transfer phase only. Call-control proce-
dures are outside the scope of this standard.

4.3.1   Voice packet format

The format of voice packets is shown in figure
2 within the UIH voice frame.

NOTE – The reserved bits are set to 0 at the
originating endpoint. They shall be ignored at the
terminating endpoint. They shall not be used for
testing or maintenance purposes in anticipation
of possible future uses.

4.3.1.1   Protocol discriminator

The protocol discriminator field is the first octet
of the packet header (octet 4 of the frame in
figure 2). Its value for the PVP is given in figure
3.

4.3.1.2   Block-dropping indicator

The block-dropping indicator tracks the status
of block-dropping within the voice packet. A
block consists of bits of the same significance
collected from all speech samples that are
packetized. The size of the block is 128 bits,
which, for a sampling rate of 8 kHz, corre-
sponds to a packetization interval of 16 ms.
Blocks are arranged in decreasing order of
significance. (See figure 7.)

The format of the BDI is shown in figure 4.

The combination C1 and C2 form the C-sub-
field that indicates the number of blocks that
are still droppable at any intermediate node in
the network, as shown in table 1.

As blocks are dropped from the packet, the
value in the C-subfield is decremented to re-
flect the number of blocks still available for
dropping.

The combination M1 and M2 forms the M-
subfield that indicates the total number of blocks
that can be discarded from the packet as it
traverses the network during periods of net-
work congestion, as shown in table 2. The
value in the M-subfield is not changed from its
initial value.

For fixed-rate coding, both the M-subfield and
the C-subfield are set to 0.

4.3.1.3   Time stamp

The time stamp records the cumulative vari-
able queuing delays experienced by a packet
in traversing the network with a resolution of
1 ms. To prevent wrap-around, the maximum
valid value in the TS field shall not exceed
200 ms. If, after update, the variable delay
exceeds 200 ms, the value is set to 200 ms.

4.3.1.4   Coding type

The coding type field indicates the method of
coding the speech samples at the originating
endpoint before packetization. Table 3 shows
the valid encodings for the field.
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   8 7 6 5 4 3 2 1

Address (upper subfield) 0 0 Octet 1

Address (lower subfield) 1 Octet 2

                     UIH control field

1 1 1 P 1 1 1 1 Octet 3

                 Protocol discriminator

0 1 0 0 0 1 0 0 Octet 4

                 Block-dropping indicator Octet 5

                           Time stamp Octet 6

  M       R        R                Coding type Octet 7

    Sequence number                  Noise Octet 8

                         Nondroppable
                              blocks

                            Optionally
                       droppable blocks

                       Check sequence
                             2 octets

M = More bit
P = Poll bit = 0 (See 4.2.4)
R = Reserved for future use

 Figure 2 – UIH voice frame format

8  7  6  5  4  3  2  1    Bit number

0  1  0  0  0  1  0  0

Figure 3 – Protocol discriminator for the PVP

                   Bit number

8 7 6 5 4 3 2 1

R R M2  M1 R R C2 C1

      R = Reserved for future use

Figure 4 – Block-dropping indicator format
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uses this field to determine the level of the
background noise that may be played in the
absence of packets.

4.3.1.8   Voice information field

The voice information field contains blocks
arranged according to the significance of the
bits. The first block contains the MSBs of all
samples, the second contains the second
MSBs, and so on. Within a block, bits are
ordered according to their corresponding
sample numbers.

Figure 5 shows the bit nomenclature conven-
tion before packetization and the information
field format after packetization. Figure 6 de-
picts the format of the entire voice packet
where the voice is coded using an embedded
(5,2) ADPCM algorithm. Here, up to three blocks
can be dropped. Note the most significant bit
for PCM is the sign bit.

4.3.2   Signaling packet format

The format of the channel-associated signal-
ing packets is shown in figure 7 within a UI
signaling frame format. See 4.3.1 regarding
the setting of the reserved bits.

4.3.2.1   Protocol discriminator

The format and encoding of the PD field are the
same as in the voice packet format (see 4.3.1.1).

4.3.2.2   Block-dropping indicator

The format of the BDI field is the same as in the
voice packet format (see 4.3.1.2). Both the C-
subfield and the M-subfield are set to 0.

4.3.2.3   Time stamp

The format of the TS field is the same as in the
voice packet format (see 4.3.1.3).

4.3.2.4   Normal/alarm state bit

The normal/alarm (N/A) bit is used to transfer
information on alarm status across a virtual
circuit in the direction of transmission from the
full rate access side to the packet side. The
N/A bit set to 0 indicates normal operation. The
N/A bit set to 1 indicates the existence of an
alarm on the full rate access facility or error
condition on the virtual circuit.

4.3.2.5   M-bit

The M-bit shall be set to 0 in all signaling
packets.

           Table 1 – C-subfield codings

C2    C1     Number of droppable blocks

0 0 0 Blocks

0 1 1 Block

1 0 2 Blocks

1 1 3 Blocks

When the coding type for voiceband signals is
Fixed or Embedded Adaptive Differential Pulse
Code Modulation (ADPCM), the polarity of
ADPCM samples shall comply with CCITT Rec-
ommendation G.726. When the coding type for
voiceband signals is 8-bit Pulse-Code Modula-
tion (PCM), the polarity of PCM samples shall
comply with CCITT Recommendation G.711.

4.3.1.5  M-bit

The M-bit is set to 1 for all packets except for
the last packet of a burst where it is set to 0.
The M-bit may be used by the terminating
endpoint to recover from packet loss.

4.3.1.6   Sequence number

The sequence number (SEQ) is used by end-
points in the build-out process to determine the
first packet of a burst and to determine if a
packet has been lost. The SEQ, in conjunction
with the TS, allows the removal of variability in
network delay.

SEQ 0 is placed in the first packet of a voice
burst. Subsequent packets in the same burst
are given numbers 1 to 15, rolling back to 1.

4.3.1.7   Noise field

The noise field indicates a background noise
level as shown in table 4. The receiving end

        Table 2 – M-subfield codings

M2 M1 Number of droppable blocks

0 0 0 Blocks

0 1 1 Block

1 0 2 Blocks

1 1 3 Blocks
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                       Table 3 – Coding type format

          Bit number
                                                         Coding type  1)

5 4 3 2 1

0 0 0 0 0 8 bits/sample 2)

0 0 0 0 1 1 bit/sample 2)

0 0 0 1 0 2 bits/sample 2)

0 0 0 1 1 3 bits/sample 2)

0 0 1 0 0 4 bits/sample 2)

0 0 1 0 1 5 bits/sample 2)

0 0 1 1 0 6 bits/sample 2)

0 0 1 1 1 7 bits/sample 2)

0 1 0 0 0 8 bit A-law PCM 3)

0 1 0 0 1 8 bit µ-law PCM 3)

0 1 0 1 0 2 bits/sample ADPCM 4)

0 1 0 1 1 3 bits/sample ADPCM 4)

0 1 1 0 0 4 bits/sample ADPCM 4)

0 1 1 0 1 5 bits/sample ADPCM 4)

0 1 1 1 0 Reserved for future use
0 1 1 1 1 Reserved for future use

1 0 0 0 0 Reserved for future use
1 0 0 0 1 Reserved for future use
1 0 0 1 0 Reserved for future use
1 0 0 1 1 Reserved for future use
1 0 1 0 0 (4,2) embedded ADPCM 5)

1 0 1 0 1 (5,2) embedded ADPCM 5)

1 0 1 1 0 Reserved for future use
1 0 1 1 1 Reserved for future use

1 1 0 0 0 (8,6) embedded ADPCM 6)

1 1 0 0 1 Reserved for future use

1 1 1 1 1 Reserved for future use

1) Reserved coding types will be assigned as other voice-coding algo-
rithms are standardized. In particular, coding types will be assigned for
8-kbit/s and 4-kbit/s coding algorithms intended for digital cellular radio
applications. The specific voice packet information field format and
length, and the voice transport procedures, will depend on the coding
algorithm. In particular, these matters will depend on whether the coding
algorithm has a natural block length, has variable rates, or has droppable
bits.
2) This is to carry 8×N kbit/s on transparent channels.
3) Interoperability issues are items for further study.
4) ANSI T1.303/CCITT Recommendation G.726.
5) Applications of the (5,4), (5,3), (4,3), (3,3), and (3,2) ADPCM algo-
rithms are left for further study.
6) ANSI T1.306/CCITT Recommendation G.722. The procedure for
going from an H.221 frame structure to ANSI T1.312 is an item for further
study.

.  .  .

.  .  .
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5.2   Endpoint procedures

These procedures apply for UI and UIH frames.

5.2.1   Transmitting UI frames

Information received by the link layer entity
f rom layer 3 by means of  a DL_UNIT_
DATA_REQUEST shall be transmitted as un-
numbered information with an FCS. The P bit
shall be set to 0. The list of all primitives used
in the procedures is given in clause 10.

5.2.2  Transmitting UIH frames

Information received by the link layer entity
f rom layer 3 by means of  a DL_UNIT_
H_DATA_REQUEST shall be transmitted as
unnumbered information with an HCS. The P
bit shall be set to 0.

5.2.3   Receiving UI frames

When a link layer entity is not in a receiver busy
condition and receives a valid UI frame, the
link layer entity shall pass the information field
of this frame to layer 3 using the primitive
DL_UNIT_DATA_INDICATION.

5.2.4   Receiving UIH frames

When a link layer entity is not in a receiver busy
condition and receives a valid UIH frame, the
link layer entity shall pass the information field
of this frame to layer 3 using the primitive
DL_UNIT_H_DATA_INDICATION.

5.3   Intermediate node procedures

5.3.1   Transmitting a frame

Whenever a frame is received from the link
layer entity receive procedure, the frame shall
be transmitted with the same frame type, in-
cluding the P bit value, and the C/R bit value as
in the received frame.

5.3.2   Receiving a frame

Detected invalid frames (e.g., failed FCS or
HCS, unassigned DLCI) shall be discarded
with no indication passed to layer 3. The con-
trol field of the frame shall be examined. Upon
recogn i t ion  o f  UI  o r  UIH f rame types ,
the frame is passed to layer 3 with the
DL_PVP_DATA_INDICATION primitive for UI
frames and DL_PVP_ H_DATA_INDICATION
primitive for UIH frames.

The Address and CS are the only fields modi-
fied during the link layer procedure.

4.3.2.6   Sequence number

The SEQ for signaling packets is always set
to 0.

4.3.2.7   ABCD signaling bits

The originating endpoint uses the ABCD sig-
naling bits to indicate to the terminating end-
point on the far side the current signaling state
of the full rate access channel in the direction
of transmission. The value of the A-bit alone is
meaningful in two-state signaling systems. The
values of the A and B bits alone are meaningful
in four-state signaling systems. The values of
all ABCD bits are meaningful in 16-state sig-
naling systems. The values of the ABCD bits
have no significance when there is no channel-
associated signaling.

The number of signaling states must be the
same for both the originating and terminating
endpoints on a virtual circuit basis. The values
coded in this field depend on the framing type
and the number of signaling states.

5   Link layer procedures

5.1   Addressing

Voice and signaling transport packets are trans-
mitted on different layer-2 addresses.

           Table 4 – Noise field format

          Bit number   Noise level
                4321     (dBrnc0)

0000 Idle Code
0001 16.6
0010 19.7
0011 22.6
0100 24.9
0101 26.9
0110 29.0
0111 31.0
1000 32.8
1001 34.6
1010 36.2
1011 37.9
1100 39.7
1101 41.6
1110 43.8
1111 46.6
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Sample
number

S1 MSB/S1 (MSB1 – 1)/S1 … LSB/S1

S2 MSB/S2 (MSB – 1)/S2 … LSB/S2

…

…

…

S128 MSB/S128  (MSB – 1)/S128 … LSB/S128

(a) Pre-packetization bit format

Bit 8 7 1

MSB MSB/S8 MSB/S7 … MSB/S1

 Block

MSB/S128 MSB/S127 … MSB/S121

MSB – 1 (MSB-1)/S8 (MSB-1)/S7 … (MSB-1)/S1

Block

(MSB-1)/S128 (MSB-1)/S127 … (MSB-1)/S121

…                               …

…                               …

…                               …

LSB LSB/S8 LSB/S7 … LSB/S1

Block

LSB/S128 LSB/S127 … LSB/S121

(b) Voice-packet information field

number

Figure 5 – Bit-ordering within voice-packet information fields

…

…

…

…

…

…

…
…

…
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Frame Layer 3 Most significant 2nd most significant Last 128 Second 128 First 128 Frame
header header nondroppable nondroppable droppable droppable droppable trailer

bits bits bits bits bits

Figure 6 – Block arrangement for (5,2) ADPCM coding

Figure 7 – UI signaling frame format

8 7 6 5 4 3 2 1

Address (upper subfield) 0 0 Octet 1

Address (lower subfield) 1 Octet 2

                        UI control field

0 0 0 P 0 0 1 1 Octet 3

      Protocol discriminator

0 1 0 0 0 1 0 0 Octet 4

     Block-dropping indicator

R R 0 0 R R 0 0 Octet 5

                            Time stamp Octet 6

0 R R R R R R N/A Octet 7
M

     Sequence number A B C D Octet 8

                        Check sequence
                              2 octets

M = More bit
P = Poll bit = 0 (See 4.2.4)
R = Reserved for future use
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6   Voice transport procedures

Voice transport procedures are divided into
originating, intermediate, and terminating node
(endpoint) procedures. Originating endpoints
are nodes where user data is formatted into
PVP packets for transport. Intermediate nodes
are nodes that do not alter the packet format,
but simply receive and transport PVP packets.
Terminating endpoints are the destination
nodes for PVP packets. The list of all primitives
used in the procedures is given in clause 10. It
is assumed that the processing of primitives
requires a fixed amount of time. Any time vari-
ance in the processing of primitives shall be
accounted for in the value of the t imer
TVDELAY_V.

Figure 8 illustrates a functional viewpoint of an
endpoint node, which shows that it consists of
an originating endpoint and a terminating end-
point.

6.1   Originating endpoint procedures

The originating endpoint receives segmented
data from a higher layer entity via the primi-

tives PL_START_REQUEST(CODE,NOISE),
PL_ DATA_REQUEST(CODE,NOISE) and PL_
STOP_REQUEST(CODE,NOISE) .  These
primitives include information on the type of
encoding and noise level associated with the
packet.

6.1.1   Receipt of PL_START_REQUEST
primitive

The higher-level entity will send to the layer-3
ent i ty  the PL_START_REQUEST(CODE,
NOISE) primitive after it has collected all the
samples  o f  the  f i rs t  packet .  When
the or ig ina t ing  endpo in t  rece ives  the
PL_START_REQUEST(CODE, NOISE) primi-
tive, the layer-3 entity shall start the timer
TVDELAY_V associated with that first packet
and shall form a voice packet with M-bit set to
1 and SEQ set to 0. The BDI, CT, and Noise
fields are encoded based on the coding type
and noise level indicated in the primitive
PL_START_REQUEST(CODE, NOISE).

The layer-3 entity sets the send sequence
state variable (SSEQ) to 1 and checks its own
congestion level indicator (CLI) to determine
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whether blocks should be dropped from the
packet and the number of blocks to be dropped.
If the CLI is greater than 0, then the block-
dropping procedures of 6.4 shall be followed. If
the CLI is 0, then the block-dropping proce-
dures are omitted. The CLI is a local parameter
of the node.

The layer-3 entity shall buffer the packet until
notified by the layer-2 entity that layer 1
is  ready  to  t ranspor t  da ta .  In  the  ab-
sence of facil i ty alarms, this notif ication
sha l l  be  conveyed by  the  pr imi t i ve
DL_L1_READY_INDICATION. Upon receipt
of the primitive, the timer TVDELAY_V is
stopped and its value shall be copied to the TS
field. The value of the TS field shall not exceed
200.

The packet is then delivered to the layer-2
ent i ty  w i th  the  pr imi t i ve  DL_UNIT_H_
DATA_REQUEST.

6.1.2   Receipt of the PL_DATA_REQUEST
primitive

After receiving the PL_DATA_REQUEST
(CODE,NOISE) primitive from a higher-layer
entity, the PVP layer-3 entity shall start the
timer TVDELAY_V associated with that packet
and form a voice packet with the M-bit set to 1
and the SEQ set to the value of the SSEQ. The
BDI, CT, and NOISE fields are encoded on the
basis of the corresponding information in the
PL_DATA_REQUEST primitive. The layer-3
entity increments the SSEQ (value from 1 to 15
with a rollover to 1). It shall check the CLI to
determine the need for block-dropping. If the
CLI is greater than 0, then the block-dropping
procedure of 6.4 shall be followed. If the CLI is
0, then the block-dropping procedure shall be
omitted.

The layer-3 entity shall await the arrival of the
DL_L1_READY_INDICATION primitive from
layer-2. Upon receipt of the primitive, the timer
TVDELAY_V is stopped and its value shall be
copied to the TS field. The layer-3 entity shall
pass the voice packet to the layer-2 entity for
transport using the DL_UNIT_H_DATA_ RE-
QUEST primitive.

6.1.3   Receipt of the PL_STOP_REQUEST
primitive

When a higher-layer entity detects a gap in the
speech, it will continue the packetization until

      Coding type       Number of blocks

8 bits/sample 8
1 bit/sample 1
2 bits/sample 2
3 bits/sample 3
4 bits/sample 4
5 bits/sample 5
6 bits/sample 6
7 bits/sample 7
8 bit PCM (A-law or µ-law) 8
2 bits/sample ADPCM 2
3 bits/sample ADPCM 3
4 bits/sample ADPCM 4
5 bits/sample ADPCM 5
(4,2) embedded ADPCM 4
(5,2) embedded ADPCM 5
(8,6) embedded ADPCM 8

Table 5 – Blocks collected during
the packetization interval
for various coding types

all 128 samples have been packetized. It will
then send the PL_STOP_REQUEST primitive
to the layer-3 entity. The layer-3 entity shall
follow the procedures outlined above following
receipt of the PL_DATA_REQUEST, except
that it shall set the M-bit to 0.

6.1.4   Number of blocks and packetization
interval

The packetization interval is 16 ms. The num-
ber of blocks of 128 bits collected during this
interval depends on the coding type, as shown
in table 5.

6.1.5 Coder reset

When the coding type represents that described
in ANSI T1.303, T1.306, or T1.310, a voice
packet at the beginning of a speech burst (i.e.,
with SEQ = 0) must start with a reset coder.

Interoperability issues with PCM coding is an
issue for further study.

6.2   Intermediate node procedures

Upon receipt of the DL_PVP_H_DATA_ INDI-
CATION primitive, the layer-3 entity will start
timer TVDELAY_V associated with that packet.
The layer-3 entity shall examine the value en-
coded in the PD field. If this value matches that
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6.3.2   Wrong packet length

A voice packet shall be dropped if its length is
not consistent with the BDI and CT fields. The
state variable RSEQ shall not be updated. The
following equation gives the valid packet length
based on the BDI subfield values and the CT:

for PVP, the layer-3 entity shall examine the
CLI that is a system variable. The CLI shall be
set by the management entity to indicate the
number of blocks to be dropped from packets
containing droppable blocks (0, 1, 2, or 3 blocks
may be specified).

If the CLI is greater than 0, then blocks may be
dropped from the packet according to the block-
dropping procedures described below. If the
CLI is 0, then no block-dropping shall occur.

The packet shall then be buffered until the
layer -3  en t i t y  rece ives  the  pr imi t i ve
DL_L1_READY_ INDICATION from layer 2.
Upon receipt of this primitive, the variable de-
lay timer TVDELAY_V shall be stopped and its
value shall be used to update the packet’s time
stamp.The resolution of TVDELAY_V is 1 ms.
The value of the TS field shall not exceed 200
ms.

The layer-3 entity shall then pass the informa-
tion to the layer-2 entity via the DL_PVP_
H_DATA_REQUEST primitive.

6.3   Terminating endpoint procedures

Upon receipt of the DL_UNIT_H_DATA_ INDI-
CATION primitive, the layer-3 entity shall ex-
amine the value encoded in the PD field. If this
value matches that for PVP, the layer-3 entity
will proceed as below.

6.3.1   Illegal BDI/coding type combination

The packet is dropped if the combination of the
CT field and the BDI is illegal. The state vari-
able RSEQ is not updated.

Illegal combinations are those in which the C-
subfield value, the M-subfield value, or both
values of the BDI field exceed the number of
droppable bits specified by the coding type.
Valid combinations are defined in table 6.

    Table 6 – Valid BDI/CT combinations

Coding type M-subfield C-subfield
value value

PCM 0 0
Fixed ADPCM 0 0
(m,n) Embedded
  ADPCM (m–n) ≤(m–n)

where:

l is the packet length in octets;

S is the number of bits per sample (from
coding type);

M is the value of M-subfield (from BDI);

C is the value of C-subfield (from BDI);

R is the sampling rate (8000 samples/s);

T is the sampling period (16 ms).

6.3.3   Play-out procedures

6.3.3.1   Decoder reset

When the coding type describes that of ANSI
T1.303, T1.306, or T1.310, a voice packet at
the beginning of a speech burst (i.e., with SEQ
= 0) must cause the decoder to reset. This is
done by sending to the Management Entity the
primitive MPL_DECODER_RESET_REQUEST.

Interoperability issues with PCM coding is an
issue for further study.

6.3.3.2   Build-out delay procedures

The build-out delay is a system variable that
defines at each end the maximum allowable
variable delay in the transmission path. The
purpose is to mask the variability in the delay
that each packet may experience so that all the
packets are played at regular intervals, thereby
achieving packet voice synchronization. This
value shall be always ≤ 199 ms. Packets that
experience delays beyond the build-out value
are discarded. The policy of packet replace-
ment is left for further study.

Packets that are played out based on the TS
value are:

– packets with SEQ = 0, i.e., the first packet
in a voice burst and all signaling packets;

l = S– M – C( )[ ] × R × T

8
+ 5 ,
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– the voice packet that follows a missing
packet, i.e., SEQ in the received packet is
different from receive sequence state vari-
able (RSEQ).

When the time for playing out a packet is based
on the TS, the duration it is held before play-
out is given by:

(Build-out delay) – (TS value) =

(ms to hold packet before play-out)

The packet shall be played out at the end of
this period.

Packets with non-ZERO sequence numbers
that are received in sequence are played out
without a gap after the preceding packet.

The state variable RSEQ is updated after a
voice packet has been scheduled for play-out.

6.3.3.3   Embedded ADPCM

For embedded ADPCM, the receiving end de-
termines the algorithm to use for decoding the
speech through the BDI and CT fields.

6.3.3.4   Absence of packets

In the absence of packets to be played, the M-
bit of the previous packet can be used to deter-
mine whether an interpolation procedure is
necessary.

The M_LAST system variable stores the value
of the M-bit in the last packet.

If M_LAST = 0, the gap is legitimate and the
terminating endpoint shall play out the back-
ground noise level that corresponds to the
value encoded in the NS field of the last re-
ceived voice packet, as given in table 4. If
M_LAST = 1, then a packet was lost. Recom-
mended interpolation procedures, e.g., noise
fill or last packet replay, are left for further
study.

6.4   Block-dropping procedures

Embedded cod ing a lgor i thms a l low for
droppable and nondroppable bits within the
packet. Dropping the first droppable bit of each
sample corresponds to dropping the last block
in the packet.

When the CLI specifies the dropping of one or
more blocks, the layer-3 entity shall determine
from the C-subfield (in the BDI field) of a packet
the number of droppable blocks available for

dropping. The number of blocks that can be
still dropped is given by:

min(value in C-subfield, value in CLI)

The C-subfield of the BDI shall be updated to
indicate the number of blocks that can be
dropped at the following nodes. This number
can be set to 0 if no blocks can be dropped at
the following nodes.

7   Signaling transport procedures

7.1   General principles

Channel-associated signaling is transported
across the packet network using signaling pack-
ets. To minimize the incorrect delivery of sig-
naling information, channel-associated signal-
ing is transported in a UI frame with a different
logical address than that of the corresponding
UIH frame that transports the voice informa-
tion.

There are two types of signaling packets: sig-
naling transition packets and refresh packets.
Both have the same structure, as shown in
figure 7, and are enclosed in UI frames. The
originating end sends a signaling transition
packet whenever the signaling state changes.
It sends refresh packets on a periodic basis to
indicate that the link is still active.

The endpoints will generate and receive sig-
naling packets for each virtual circuit provi-
sioned for channel-associated signaling. To
account for a variety of signaling schemes, the
endpoints shall provide for the following varia-
tions:

– No signaling packets;

– Signaling refresh packets only;

– Signaling refresh packets and signaling
transition packets for 2-state signaling us-
ing the A-bit. Changes in the A-bit result in
transition packets while other bits are ig-
nored;

– Four-state signaling using the A- and B-
bits so that signaling refresh packets and
signaling transition packets for changes in
the A- and B-bits result in transition packets
while other bits are ignored;
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– Signaling refresh packets and signaling
transition packets for 16-state signaling us-
ing the A-, B-, C-, and D-bits so that transi-
tions in any of the four signaling bits trigger
transition packets.

The number of signaling states must be the
same for both the originating and terminating
endpoints on a virtual circuit basis. The values
coded in this field depend on the framing type
and the number of signaling states.

It is assumed that the processing of primitives
requires a fixed amount of time. Any time vari-
ance in the processing of primitives shall be
accounted for in the value of the t imer
TVDELAY_SIG.

7.2   Originating endpoint procedures

The Management Entity of the originating end-
point shall perform the following procedures
for each virtual circuit provisioned to support
channel-associated signaling:

a) Determine, once per extended super-
frame, the current state of the ABCD bits
and determine whether a transition has oc-
curred in accordance with the number of
signaling states supported.

b)  When a transition occurs, the Manage-
ment Entity shall send the MPL_SIG_PKT_
REQUEST(A,B,C,D,N/A) primitive to the
originating end of the PVP entity. This origi-
nating endpoint must then transmit a transi-
tion signaling packet containing the current
signaling and alarm states.

The originating endpoint starts in the NORM
state. In this state, signaling packets (refresh
packets) with the current signaling and alarm
states as indicated by the N/A bit must be sent
at least every TSIG_REF seconds. The default
value for the refresh timer, TSIG_REF, is 10
seconds.

The N/A bit is set to 0 as long as there are no
facility alarms (out-of-frame, Red or Yellow
alarms) and that the TSIG_KA timer has not
expired. The N/A bit shall be set to 1 if there is
a facility alarm or if the TSIG_KA timer of the
associated terminating end has expired (i.e.,
the terminating end is in state L_ALARM). Upon
the occurrence of a facility alarm, the originat-
ing end of the PVP entity shall move from the
NORM state to the ALARM state and shall stop
transmitting transition packets. It shall con-

tinue to send refresh packets every TSIG_REF
seconds with the N/A bit set to 1.

The signaling state is frozen until the alarm
condition is terminated and the originating end-
point moves back to the NORM state. In the
NORM state, the originating endpoints send
packets with the N/A bit set to 0 after the
associated terminating endpoint has received
a signaling packet.

7.3   Intermediate node signaling proce-
dures

Upon receipt of the DL_PVP_DATA_INDICATION
primitive, the layer-3 entity will start the timer
TVDELAY_SIG associated with that packet.
The layer-3 entity shall examine the value en-
coded in the PD field. If this value matches that
for PVP, the layer-3 entity shall buffer the
packet  un t i l  i t  rece ives  the  pr imi t i ve
DL_L1_READY_ INDICATION from layer 2.
Upon receipt of this primitive, the variable de-
lay timer TVDELAY_SIG shall be stopped and
its value shall be used to update the packet’s
time stamp. The resolution of TVDELAY_SIG
is 1 ms. The value of the TS field shall not
exceed 200 ms.

The layer-3 entity shall then pass the signaling
information to the layer-2 enti ty via the
DL_PVP_DATA_REQUEST primitive.

7.4   Terminating endpoint procedures

The terminating endpoint shall perform the
following procedures for each 64 kbit/s stream
provisioned for channel-associated signaling:

a)  In the NORM state: Upon receipt of a
signaling packet, the terminating endpoint
shall build out the packet according to the
time stamp, and reinsert the ABCD bits into
the PCM bit stream. The build-out procedure
is the same as for voice packets (see 6.3.3.2)
except that at play-out time, the layer-3 en-
tity informs the management entity of the
s igna l ing  packet  w i th  the  pr imi t i ve
MPL_SIG_PKT_INDICATION(A,B,C,D, N/A).
The terminating endpoint shall continue to
use the most recently received signaling bits
until another signaling packet is received.

b)  If no signaling packet is received for a
time TSIG_KA (i.e., TSIG_KA has expired),
the terminating endpoint shall move to the
L_ALARM state and shall initiate trunk con-
ditioning towards the full-rate access side.
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The default value for TSIG_KA is 25 sec-
onds. Upon receipt of a signaling packet
with the N/A bit set to 0, the terminating end
of the PVP entity shall move to the NORM
state and shall terminate the trunk condi-
tioning.

c)  In the NORM state: Upon receipt of a
signaling packet with the N/A bit set to 1, the
terminating end of the PVP entity shall move
to the R_ALARM state and shall initiate trunk
conditioning towards the full-rate access
side. It shall return to the NORM state and
terminate the trunk conditioning when it re-
ceives a signaling packet with the N/A bit set
to 0.

d)  If the TSIG_KA expires in the R_ALARM
state, the terminating end shall move to the
L_ALARM state.

e)  If a signaling packet arrives with N/A =1
in the L_ALARM state, the terminating end
shall move to the R_ALARM state.

Figure 9 shows the transition states for the
signaling termination endpoint.

7.5   Signaling states

7.5.1   Originating-end signaling states

The originating end has two signaling states,
as follows.

7.5.1.1   Normal state

In this state, there are no access facility alarms
on the full-rate access side.

7.5.1.2   Alarm state

This is the state in which there is a facility
alarm on the full-rate access side.

7.5.2   Terminating-end signaling states

The terminating endpoint has three signaling
states:

7.5.2.1   Normal state (NORM)

The terminating endpoint remains in this state
as long as signaling packets arrive with the N/A
bit set to 0 and TSIG_KA has not expired.

7.5.2.2   Loss of keep alive alarm (L_ALARM)

The timer TSIG_KA has expired without the
reception of a signaling packet. This indicates
that a failure has occurred with the packet
portion of the connection and normal signaling
packet transport has been interrupted.

7.5.2.3   Remote alarm (R_ALARM)

Receipt of signaling packet with the N/A bit set
to 1 indicates that the far end is experiencing
an alarm condition.

Figure 9 – Signaling termination endpoint
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8   System variables

8.1   Send sequence state variable

Each transmitting endpoint shall have an as-
sociated SSEQ that stores the value of the
SEQ of the next packet to be transmitted.
SSEQ can take on the value of 0 through 15
and is incremented by 1 after each successful
packet transmission. When SSEQ has the value
15 and another packet of the same voice burst
is transmitted, the value of SSEQ is updated to
1.

8.2   Receive sequence state variable

Each terminating endpoint shall have an asso-
ciated RSEQ that stores the sequence number
of the next in-sequence voice packet expected
to arrive. RSEQ can take on the value of 0
through 15 and is incremented by 1 (with
rollover to 1) after the voice packet is sched-
uled for play-out. RSEQ takes on the value 0
only when the last packet of a voice burst has
been scheduled for play-out.

8.3   M_LAST variable

M_LAST stores the value of the M-bit in the
last packet.

8.4   Congestion level indicator variable

The CLI is set by the management entity to
indicate the number of blocks to be dropped
from packets containing droppable blocks (0,
1, 2, or 3 blocks may be specified).

9   Protocol parameters

9.1   Build-out delay

The value of the build-out delay shall be equal
to the maximum allowable variable delay in the
transmission path of voiceband traffic. This
value shall be ≤ 199 ms. The resolution of the
build-out delay is 1 ms.

9.2   TSIG_REF

This is the interval between successive trans-
missions of refresh signaling packets from the
originating endpoint of the node containing the
PVP entity. It may take the values of 1, 5, 10,
or 20 seconds. The default value is 10 sec-
onds.

9.3   TSIG_KA

This is the maximum time allowed without re-
ceiving a signaling packet at the terminating
end of a node containing the PVP entity before
the terminating equipment must take recovery
actions. TSIG_KA is a multiple of TSIG_REF.
The multiplier may be set to 1.5, 2.5, 3.5, or
4.5. The default value of the multiplier is 2.5.

9.4   TVDELAY_V

This timer is used to measure the variable
queuing delay in a node that a voice packet
encounters. It is used to update the TS field of
a voiceband packet.

9.5   TVDELAY_SIG

This timer is used to measure the variable
queuing delay in a node that a signaling packet
encounters. It is used to update the TS field of
a signaling packet.

10   Summary of primitives

10.1   Primitives for the interface with layer 2

The layer-2 primitives used for PVP are de-
scribed in 10.1.1 – 10.1.9.

10.1.1   DL_L1_READY_INDICATION

This primitive is used to indicate to layer 3 that
layer 1 is ready for transmission.

10.1.2   DL_UNIT_DATA_REQUEST

The DL_UNIT_DATA_REQUEST primitive is
used to request layer-3 messages that are to
be transmitted by the data link layer in UI
frames using the unacknowledged information
transfer service.

10.1.3   DL_UNIT_DATA_INDICATION

The DL_UNIT_DATA_INDICATION primitive is
used to indicate receipt by the data link layer of
PVP at the terminating endpoint of layer-3
messages that are enclosed UI frames.

10.1.4  DL_UNIT_H_DATA_REQUEST

The DL_UNIT_H_DATA_REQUEST primitive
is used to request layer-3 messages that are to
be transmitted by the data link layer in UIH
frames using the unacknowledged information
transfer service.
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10.1.5   DL_UNIT_H_DATA_INDICATION

The DL_UNIT_H_DATA_INDICATION primitive
is used to indicate receipt by the data link layer
of PVP at the terminating endpoint of layer-3
messages that are enclosed in UIH frames.

10.1.6  DL_PVP_H_DATA_INDICATION

The DL_PVP_H_DATA_INDICATION primitive
is used to indicate receipt by the data link layer
of PVP at intermediate nodes of layer-3 mes-
sages in UIH frames.

10.1.7   DL_PVP_DATA_INDICATION

The DL_PVP_DATA_INDICATION primitive is
used by the data link layer of PVP intermediate
nodes to indicate receipt of layer-3 messages
in UI frames.

10.1.8   DL_PVP_H_DATA_REQUEST

The DL_PVP_H_DATA_REQUEST primitive is
used by the layer-3 entity of an intermediate
node to indicate to the data link layer a layer-
3 message to be transported in a UIH frame.

10.1.9   DL_PVP_DATA_REQUEST

The DL_PVP_DATA_REQUEST primitive is
used by the layer-3 entity of an intermediate
node to indicate to the data link layer a layer-
3 message to be transported in a UI frame.

10.2   Primitives for the interface with upper
layers

10.2.1   PL_START_REQUEST(CODE,NOISE)

The PL_START_REQUEST_(CODE,NOISE)
primitive is used by the higher layer of the
originating endpoint to request that the layer-3
entity begin formatting voice packets with the
CT = CODE and the Noise = NOISE.

10.2.2   PL_DATA_REQUEST_(CODE,NOISE)

The PL_DATA_REQUEST_(CODE,NOISE)
primitive is used by the higher layer of the
originating endpoint to continue the formatting
voice packets with the CT = CODE and the
Noise = NOISE.

10.2.3   PL_STOP_REQUEST

The PL_STOP_REQUEST primitive is used by
upper layers to indicate the end of a speech
burst.

10.3   Primitives for the interface with the
management entity

10.3.1 MPL_DECODER_RESET_REQUEST

The MPL_DECODER_RESET_REQUEST
primitive is used by layer 3 of the PVP termi-
nating endpoint to request resetting of the
decoder by the management entity.

10.3.2 MPL_SIG_PKT_REQUEST(A,B,C,D,N/
A)

This primitive is used by the management en-
tity to request transmission of a transition sig-
naling packet by the PVP layer 3.

10.3.3
M P L _ S I G _ P K T _ I N D I C A T I O N ( A , B , C , D ,
N/A)

This primitive is used by the layer-3 entity to
inform of the management entity of the play-
out of a signaling packet by the PVP layer 3.

11   Issues for further study

The following issues are left for further study:

– applications of the (5,4), (5,3), (4,3), (3,3),
and, (3,2) ADPCM algorithms;

– the policy of packet replacement and/or
actions upon detection of lost packets;

– the making of PVP packets for primary
interfaces (described in CCITT Recommen-
dation G.704) carrying PCM frame struc-
tures (described in CCITT Recommendation
H.221);

– interoperability of equipment using clear
channels;

– internetworking with the cellular speech
packetization network;

– interoperability issues for PCM coding.
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Annex A
(informative)

Formal description of the voice packetization protocol

This annex consists of an introduction to the Augmented Protocol Specification Language
(APSL) used to formally describe the protocol, the APSL description of ANSI T1.312-1991, and
state transition diagrams for ANSI T1.312-1991.

A.1   The Augmented Protocol Specification Language (APSL)

The Augmented Protocol Specification Language (APSL) is an extension of the Protocol Speci-
fication Language (PSL) developed by Sabnani and Lapone to specify protocols formally using
communicating Finite State Machines (FSMs). Formal verification deals with the behavior of
these FSMs with respect to the external world and does not consider the internal events of the
protocol. Therefore, PSL does not include a succinct syntax to specify internal operations (e.g.,
the update of internal counters and setting of flags). A concise way of specifying these low-
level details is necessary in the design and implementation of hardware protocol controllers.
Therefore, PSL was extended to the APSL, whose syntax and semantics are described in the
next clause.

A.2   The syntax APSL

In APSL, a protocol is described as a collection of communicating FSMs, each specified as an
APSL process with its own input and output message sets. External inputs and outputs are
designated as belonging to external processes. Each communicating FSM is specified as an
APSL process in the following form:

EXTERNAL  ext_proc1, ... , ext_procn ;

PROCESS  process_name ;

CONTEXT  variable_name ;

STATES  n0-n1, n2-n3, n4, ... ,nk-nl ;

REND   src1?msg1,src1?msg2, ...src1!msga,src1!msgb ;

INITIAL STATE   N0 ;

TRANSITIONS

transition_1,

transition_2,

...

transition_k.

The order of the statements is to be followed strictly. The following subclauses explain the
meanings of the various declaration statements.

A.2.1   EXTERNAL statement

The EXTERNAL statement is optional. Its purpose is to allow the independent checking of the
specifications of individual processes and to model external inputs and outputs in a consistent
manner.



24

T1.312-1991 (R2006)

A.2.2   PROCESS statement

The PROCESS statement names the process. Acceptable names are alphanumeric strings that
start with an alphabetic character.

A.2.3   CONTEXT statement

The CONTEXT statement lists the context variables of the process. Acceptable variable names are
alphanumeric strings that start with an alphabetic character. Context variable may be entered in
any particular order.

A.2.4   STATES statement

The STATES statement lists the states of the process. State names may be entered in any
particular order but are currently restricted to numbers. The compiler ignores unused states and
renumbers all states sequentially in the internal representation of the processes. A range n0-n1
indicates all the numbers from n0 to n1, both inclusive.

A.2.5   REND statement

The REND (from rendez-vous) statement defines all the I/O messages associated with the
process. These are the messages through which the FSMs of the protocol communicate among
themselves and with the external world. Messages are of the form a?mi or b!mj , where a?mi
indicates the reception of message mi from the machine a and b!mj indicates the transmission of
message mj to the machine b . The semantics of this notation are those of the CSP notation
developed by Hoare, the key characteristic being that it requires both a sender and a receiver and
is a synchronizing primitive.

A.2.6   INITIAL STATE statement

The initial state of the machine is specified by the INITIAL STATE statement. The initial state must
be among the states specified in the STATES statement.

A.2.7   TRANSITIONS statement

The general form of a transition in APSL is

i:j WHEN {condition} a?m1 * b!m2 [update-operation]

where the syntactic elements condition and update-operation are extensions to PSL. The condition
is a test involving a conditional expression containing internal (context) variables. Updates of
internal variables are done in the update-operation specification.

Although no major restrictions are placed on the condition and update-operation parts of the
transition specification, hardware architectures may restrict the complexity of the condition that
can be tested in one cycle. A simple condition is an expression of the type

a > b

or

a + b <= c

where a , b , and c are variables or constants. Furthermore, most hardware implementations allow
only one assignment per cycle. Therefore, we define the canonical form of the specification to
include simple conditions only and to have at most one update-operations . The user writes an
initial protocol description and the compiler translates it into the canonical form, generating any
needed intermediate states. For example, the user may input the following description:

i:j WHEN { C1 | (C2 & C3 ) } a?m1 * b!m2 [ A1; A2; ]
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where C1 are conditional statements and A1 are update operations, becomes after translation:

i:t1  WHEN {C1} a?m1 * b!m2 [A1;];

t1:j  WHEN [A2;];

i:t2  WHEN {C2};

t2:i  WHEN { ~C3};

t2:t1 WHEN {C3} a?m1 * b!m2 [A1;].

Here t1 and t2 are intermediate states that the APSL compiler have introduced; they remain
invisible to the external world. The update operations are restricted to increment, decrement, add,
subtract, and assignment operations. For example, if the specification has an input message a?m1
in machine b, the specification of machine a must contain the output message b!m1. The compiler
flags as errors messages those that do not occur in matched pairs. This check is by-passed,
however, for machines that are specified as EXTERNAL.

A.3   Some semantic restrictions

The machines specified in APSL are assumed to be deterministic machines. This requires that, in
any given state, only one outgoing edge be enabled under the given conditions.

Consider the statements

i:j WHEN {C1} a?m1 * b!m2 [update-operation]

i:k WHEN {C2} c?m4 * b!m3 [update-operation]

When the machine is in state i, the conditions are checked in some order and the first condition to
succeed enables the corresponding edge. Thus, if C1 is true, the machine goes from i to j on the
reception of message m1 from machine a. While waiting for this message m1, the value of C2 does
not affect the outcome; the machine is still committed to the transition i to j. Furthermore, the set
of conditions on all the outgoing edges from a state must be mutually exclusive and collectively
exhaustive. In other words, if the conditions are C1, C2, …, Cn, then

C
1
∩ C

2
∩ Cn = ∅...∩

∪ ∪C
1

C
2

Cn =... ∪ 1

This implies that we cannot mix edges with conditions and edges without conditions from the same
state.
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A.4   Processes in APSL description

Table A.1 provides a list of all the processes used in the APSL specification of the packet voice
protocol, with a brief description of each:

                   Table A.1 – Processes of APSL in PVP

  Process name                     Description

xmtr_v Voice-originating end
interm_pt_v_relay Voice-intermediate end
rcv_v Voice-terminating end
playout_v Voice playout

xmtr_sig Signaling-originating end
interm_pt_sig_relay Signaling-intermediate end
rcv_sig Signaling-terminating end
playout_sig Signaling playout

tb_sig Buildout-delay timer for signaling
tb_v Buildout-delay timer for voice
tvdelay_v Voice-variable delay timer
tvdelay_sig Signaling-variable delay timer

tsig_ka Signaling-keep-alive timer TSIG_KA
tsig_ref Signaling-refresh timer TSIG_EF

clock Clock
fifo FIFO queue
facility Detector of alarm conditions on facilities
trunk Controller of trunk conditioning

mgmt Management entity
hi_layer Higher layer entity
layer_2 Layer 2

The following are treated as EXTERNAL processes:

clock, facility, fifo,
hi_layer, layer2, mgmt,
tb_sig,tb_v, trunk, tsig_ka, tsig_ref.
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A.5   Functions in the APSL description of ANSI T1.312

Table A.2 provides a list of the various functions used in the APSL specification of this standard,
arranged alphabetically:

Table A.2 – Functions of APSL

     Function                                                            Description

convert_to_voice( ) Converts the samples from the packets in the playout queue to a voice
signal for playback and sets the value of M_LAST and CT_LAST.

drop_block( ) Drops the next droppable block from the packet.
drop_pkt( ) Drops the received packet because of an error condition.

Adaptive Differential Pulse-Code Modulation (ADPCM) coding.
is_compat( ) Checks if the coding type (CT) field is compatible with the Block-

Dropping Indicator (BDI).
length_ok( ) Checks if the length of the packet is compatible with the BDI and CT

fields.
output_delay( ) Outputs the delay between reception and transmission of a packet at a

node. This delay is measured by the tvdelay_v process for voice
packets and tvdelay_sig process for signaling packets.

playout_last_pkt( ) Plays back the last packet.
playout_noise_pkt( ) Plays back a noise packet as defined in the Noise field.
queue_pkt( ) Queues a received packet, whose play-out time has not arrived yet, in

the proper sequence in a packet queue.
rseq_increment( ) Same as seq_increment, except that it operates on the state variable

RSEQ.
seq_increment( ) Increments the sequence number (SEQ) (1 to 15 with rollover to 1).
ts_update( ) Updates the time stamp by the value of the variable delay measured

by tvdelay_v and tvdelay_sig timers for voice and signaling, respec-
tively.
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A.6   Primitives

Table A.3 provides a description of the various primitives used in the APSL description:

Table A.3 – Primitives of APSL

                       Primitive                              APSL representation

DL_L1_READY_INDICATION dl_l1_ready_indication
DL_PVP_DATA_REQUEST dl_pvp_data_request
DL_PVP_DATA_INDICATION dl_pvp_data_indication
DL_PVP_H_DATA_REQUEST dl_pvp_h_data_request
DL_PVP_H_DATA_INDICATION dl_pvp_h_data_indication
DL_UNIT_DATA_INDICATION dl_unit_data_indication
DL_UNIT_DATA_REQUEST dl_unit_data_request
DL_UNIT_H_DATA_INDICATION dl_unit_h_data_indication
DL_UNIT_H_DATA_REQUEST dl_unit_h_data_request
MPL_DECODER_RESET_REQUEST mpl_decoder_reset_request
PL_DATA_REQUEST(CODE,NOISE) pl_data_request
PL_START_REQUEST(CODE,NOISE) pl_start_request
PL_STOP_REQUEST pl_stop_request
MPL_SIG_PKT_INDICATION(A,B,C,D,N/A) mpl_sig_pkt_indication
MPL_SIG_PKT_REQUEST(A,B,C,D,N/A) mpl_sig_pkt_request
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A.7   Internal variables

Table A.4 lists internal variables used in the APSL description:

Table A.4 – Variables of APSL

   Variable                        Description

compat Set or cleared by the function is_compat( )
cli CLI variable
ct Coding type of the current packet
ct_last CT_LAST set by convert_to_voice( )
delay_value Value of the variable delay timer
have_room = 1 when voice packet can be stored;

= 0 otherwise.
q_empty = 1 when playout queue is empty;

= 0 otherwise.
length_valid Stores the output from length_ok( )
m M-bit value
m_last M_LAST variable set by convert_to_voice( )
pd Protocol discriminator
rseq RSEQ variable
seq SEQ variable
ts Time stamp (updated by the ts_update function)
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A.8   General assumptions

The description assumes that the strategy to replace a lost packet is to replay the last packet. The
current standard has left this point for further study. Also, it is assumed that the buildout delay is
100.

/*
various definitions

                                    */
#define PVP  107
#define BUILDOUT 100
#define C_ADPCM 1
#define C_OTHER 0
#define TRUE   1
#define FALSE  0
/*

compat Set or cleared by the function is_compat( )
cli CLI variable
ct_last Coding type of the previous sample
delay Value of the variable delay timer
have_room = 1 when voice packet can be stored;

= 0 otherwise.
q_empty = 1 when playout queue is empty;

= 0 otherwise.
length_valid Stores the output from length_ok( )
m M-bit value
m_last M_LAST variable
pd Protocol discriminator
rseq RSEQ variable
seq SEQ variable
ts Time stamp (updated by the ts_update function)

                   */
/*

External Processes
                                                 */
EXTERNAL hi_layer, layer2, tb_v, mgmt, fifo, clock, tsig_ref, facility,

tb_sig, trunk, tsig_ka;
/*

VOICE PROCESSES
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*/

/*
Originating End — figure A.1

*/
PROCESS xmtr_v;
CONTEXT m,seq,cli;
STATES            0-7;
REND hi_layer?pl_start_request, hi_layer?pl_stop_request,

hi_layer?dl_pvp_data_request,
tvdelay_v!restart, tvdelay_v!reset,
layer2?dl_l1_ready_indication,
layer2!dl_unit_h_data_request;

INITIAL STATE 0;
TRANSITIONS

0:1 WHEN hi_layer?pl_start_request,
0:2 WHEN hi_layer?dl_pvp_data_request,
0:3 WHEN hi_layer?pl_stop_request,
3:4 WHEN tvdelay_v!restart [m=0;] ,
1:4 WHEN tvdelay_v!restart [m=1; seq=0;],
2:4 WHEN tvdelay_v!restart [m=1;seq_increment( );],
4:5 WHEN { cli > 0 } [ drop_block( );],
4:5 WHEN { cli == 0 } ,
5:6 WHEN layer2?dl_l1_ready_indication * tvdelay_v!reset,
6:7 WHEN [ts_update( );],
7:0 WHEN layer2!dl_unit_h_data_request.
/*

Intermediate Point — figure A.2
                                                                                   */
PROCESS interm_pt_v_relay;
CONTEXT pd;
STATES              0-5;
REND layer2?dl_pvp_h_data_indication,

layer2!dl_pvp_h_data_request,
layer2?dl_l1_ready_indication,
tvdelay_v!restart, tvdelay_v!reset;

INITIAL STATE 0;
TRANSITIONS

0:1 WHEN layer2?dl_pvp_h_data_indication,
1:0 WHEN {pd != PVP},
1:2 WHEN {pd == PVP} tvdelay_v!restart,
2:3 WHEN {cli > 0 } [drop_block( );],
2:3 WHEN {cli == 0 },
3:4 WHEN layer2?dl_l1_ready_indication * tvdelay_v!reset,
4:5 WHEN [ts_update( );],
5:0 WHEN layer2!dl_pvp_h_data_request.
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/*
Terminating End — figure A.3(a)

                                      */
PROCESS rcv_v;
CONTEXT compat,length_valid,ts,rseq,tb_v_value,ct_last;
STATES   0-14, 50-52;
REND layer2?dl_unit_h_data_indication, tb_v?expired,

tb_v!restart, playout_v!enqueue, playout_v!play,
mgmt!mpl_decoder_reset_request;

INITIAL STATE 0;
TRANSITIONS

0:1 WHEN layer2?dl_unit_h_data_indication,
1:0 WHEN {pd != PVP},
1:2 WHEN {pd == PVP} [is_compat( );],
2:0 WHEN {compat == FALSE},
2:3 WHEN {compat == TRUE} [length_ok( );],
3:0 WHEN {length_valid == FALSE},
3:4 WHEN {length_valid == TRUE},
4:5 WHEN {seq>0},
4:6 WHEN {seq == 0},
5:0 WHEN {ts > BUILDOUT},
5:50 WHEN {ts <= BUILDOUT},
6:8 WHEN {ts <= BUILDOUT},
6:0 WHEN {ts > BUILDOUT},
0:14 WHEN tb_v?expired,

/*
Terminating End — figure A.3(b)

                                    */
8:9 WHEN {ts < BUILDOUT},
9:11 WHEN playout_v!enqueue [rseq_increment( );],
11:0 WHEN tb_v!restart [tb_v_value = BUILDOUT - ts;],
8:10 WHEN {ts == BUILDOUT} playout_v!enqueue [rseq_increment( );],
10:14 WHEN {ct_last == C_ADPCM} mgmt!mpl_decoder_reset_request,
10:14 WHEN {ct_last == C_OTHER},
14:0 WHEN playout_v!play,

/*
Terminating End — figure A.3(c)

                                    */
50:0 WHEN {seq == rseq} playout_v!enqueue [rseq_increment( );],
50:51 WHEN {seq != rseq} [rseq = seq;],
51:52 WHEN playout_v!enqueue [rseq_increment( );],
52:0 WHEN tb_v!restart [tb_v_value = BUILDOUT - ts;].
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/*
Playout — figure A.4

                                     */
PROCESS playout_v;
CONTEXT have_room,q_empty,m_last;
STATES            0-6;
REND rcv_v?enqueue, rcv_v?play,

fifo!dequeue;
INITIAL STATE0;
TRANSITIONS

0:1 WHEN rcv_v?enqueue,
1:0 WHEN {have_room == FALSE} [drop_pkt( );],
1:0 WHEN {have_room == TRUE} [queue_pkt( );],
0:2 WHEN rcv_v?play,
2:3 WHEN {q_empty == FALSE},
2:4 WHEN {q_empty == TRUE},
3:0 WHEN fifo!dequeue [convert_to_voice( );],
4:6 WHEN {m_last == 0},
4:5 WHEN {m_last == 1},
5:0 WHEN [playout_last_pkt( );],
6:0 WHEN [playout_noise_pkt( );].

/*
TVDELAY — figure A.5

                                                 */
PROCESS tvdelay_v;
CONTEXT delay;
STATES 0-1;
REND interm_pt_v_relay?restart, interm_pt_v_relay?reset,

xmtr_v?restart, xmtr_v?reset, clock?tick;
INITIAL STATE 0;
TRANSITIONS

0:1 WHEN interm_pt_v_relay?restart [delay=0;],
0:1 WHEN xmtr_v?restart [delay=0;],
1:1 WHEN clock?tick [delay++;],
1:0 WHEN interm_pt_v_relay?reset[output_delay( );delay=0;],
1:0 WHEN xmtr_v?reset[output_delay( );delay=0;].

/*
SIGNALING PROCESSES
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*/
/*

Originating End — figure A.6
     NORMAL
                      */

PROCESS xmtr_sig;
STATES             0-103;
REND tsig_ref?expired, mgmt?mpl_sig_pkt_request,

tvdelay_sig!reset, facility?recovery, facility?alarm,
tvdelay_sig!restart,
layer2!dl_unit_data_request,
layer2?dl_l1_ready_indication,
tsig_ref!restart;

INITIAL STATE 0;
TRANSITIONS

0:1 WHEN tsig_ref?expired,
0:1 WHEN mgmt?mpl_sig_pkt_request [ts=0;],
1:2 WHEN layer2?dl_l1_ready_indication * tvdelay_sig!reset,
2:3 WHEN [ts_update( );],
3:0 WHEN layer2!dl_unit_data_request * tsig_ref!restart,
0:100 WHEN facility?alarm,

/*
Originating End — figure A.7
    ALARM

                                                              */
100:0 WHEN facility?recovery,
100:101 WHEN tsig_ref?expired,
101:102 WHEN layer2?dl_l1_ready_indication * tvdelay_sig!reset,
102:103 WHEN [ts_update( );],
103:100 WHEN layer2!dl_unit_data_request * tsig_ref!restart.

/*
Intermediate Point — figure A.8

                                                                        */
PROCESS interm_pt_sig_relay;
STATES              0-4;
REND layer2?dl_pvp_data_indication,

layer2!dl_pvp_data_request,
layer2?dl_l1_ready_indication,
tvdelay_sig!restart, tvdelay_sig!reset;

INITIAL STATE 0;
TRANSITIONS

0:1 WHEN layer2?dl_pvp_data_indication,
1:0 WHEN {pd != PVP},
1:2 WHEN {pd == PVP} tvdelay_sig!restart,
2:3 WHEN layer2?dl_l1_ready_indication * tvdelay_sig!reset,
3:4 WHEN [ts_update( );],
4:0 WHEN layer2!dl_pvp_data_request.
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0/*
Terminating End — figures A.9 through A.11

             */
PROCESS rcv_sig;
CONTEXT na,tb_sig_value;
STATES            0-207;
REND layer2?dl_unit_data_indication,

playout_sig!enqueue, tsig_ka!restart,
playout_sig!play, tb_sig!restart, tb_sig?expired,
tsig_ka?expired, trunk!condition, trunk!uncondition;

INITIAL STATE 0;
TRANSITIONS

/*
Terminating End — figure A.9
NORM

*/
0:1 WHEN layer2?dl_unit_data_indication,
1:0 WHEN {pd != PVP},
1:2 WHEN {pd == PVP},
2:0 WHEN {ts > BUILDOUT},
2:3 WHEN {ts <= BUILDOUT} playout_sig!enqueue*tsig_ka!restart,
3:4 WHEN {ts == BUILDOUT},
4:5 WHEN playout_sig!play,
5:0 WHEN {na == 0},
5:200 WHEN {na == 1} trunk!condition,
3:7 WHEN {ts < BUILDOUT},
7:0 WHEN tb_sig!restart [tb_sig_value = BUILDOUT – ts;],
0:4 WHEN tb_sig?expired,
0:100 WHEN tsig_ka?expired * trunk!condition,

/*
Terminating End — figure A.10

L_ALARM
*/

100:101 WHEN layer2?dl_unit_data_indication,
101:100 WHEN {pd != PVP},
101:102 WHEN {pd == PVP},
102:100 WHEN {ts > BUILDOUT},
102:103 WHEN {ts <= BUILDOUT} playout_sig!enqueue*tsig_ka!restart,
103:104 WHEN {ts == BUILDOUT},
104:105 WHEN playout_sig!play,
105:0 WHEN {na == 0} trunk!uncondition,
105:100 WHEN {na == 1},
103:107 WHEN {ts < BUILDOUT},
107:100 WHEN tb_sig!restart [tb_sig_value = BUILDOUT – ts;],
100:104 WHEN tb_sig?expired,



36

T1.312-1991 (R2006)

/*
Terminating End — figure A.11

R_ALARM
                                            */
200:201 WHEN layer2?dl_unit_data_indication,
201:200 WHEN {pd != PVP},
201:202 WHEN {pd == PVP},
202:200 WHEN {ts > BUILDOUT},
202:203 WHEN {ts <= BUILDOUT} playout_sig!enqueue*tsig_ka!restart,
203:204 WHEN {ts == BUILDOUT},
204:205 WHEN playout_sig!play,
205:0 WHEN {na == 0} trunk!uncondition,
205:200 WHEN {na == 1},
203:207 WHEN {ts < BUILDOUT},
207:200 WHEN tb_sig!restart [tb_sig_value = BUILDOUT – ts;],
200:204 WHEN tb_sig?expired,
200:100 WHEN tsig_ka?expired.

/*
PLAYOUT — figure A.12

                                                          */
PROCESS playout_sig;
STATES             0-2;
REND rcv_sig?enqueue, rcv_sig?play,

mgmt!mpl_sig_pkt_indication;
INITIAL STATE 0;
TRANSITIONS

0:1 WHEN rcv_sig?enqueue,
1:0 WHEN {have_room == TRUE} [queue_pkt( );],
1:0 WHEN {have_room == FALSE} [drop_pkt( );],
0:2 WHEN rcv_sig?play,
2:0 WHEN mgmt!mpl_sig_pkt_indication.

/*
TVDELAY — figure A.13
                                     */
PROCESS tvdelay_sig;
STATES             0-1;
REND interm_pt_sig_relay?restart, interm_pt_sig_relay?reset,

xmtr_sig?restart, xmtr_sig?reset, clock?tick;
INITIAL STATE 0;
TRANSITIONS

0:1 WHEN interm_pt_sig_relay?restart [delay=0;],
0:1 WHEN xmtr_sig?restart [delay=0;],
1:1 WHEN clock?tick [delay++;],
1:0 WHEN interm_pt_sig_relay?reset[output_delay( );delay=0;],
1:0 WHEN xmtr_sig?reset[output_delay( );delay=0;].
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Figure A.1  xmtr_v
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Annex B
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