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Introduction
The usefulness of voice store and for-
ward products and services depends on the
compatibility and interoperability of different
systems. This document describes a voice
store and forwarding standard that guarantees
the compatibility of AT&T products. Current
AT&T voice store and forward (VSF) products
share common algorithms, and procedures for
speech coding, silence detection, and channel
compression, based on 16 kilobits per second
(kb/s) sub-band speech coding applications.
The AT&T VSF standard includes the following
components:
1. Voice storage
= Speech coding algorithm
= Recording and playback gain
= Silence detection, coding and noise
insertion
= (Channel encoding
= Speech file format
2. Voice forwarding
= Message transfer architecture
= (Content description
3. User interfaces

Voice Storage

Voice storage refers to all the proc-
esses required to prepare speech input for
storage and to permit its interpretation at its
destination. This includes speech coding,
silence detection, channel encoding, and the
later decoding of the speech. Figure 1 shows

an overview of voice coding.

The AT&T standard is based on the
sub-band coding (SBC) algorithm developed by
R. E. Crochiere, S. A. Webber, and J. L. Flana-
gan.! (See also R. E. Crochiere, R. V. Cox, and
J. D. Johnston.?) The AT&T standard is imple-
mented on the digital signal processing
integrated circuit (DSP-20).

Basic Design of the SBC Coder. Sub-band
coding (SBC) is a speech compression tech-
nique that achieves up to a 4:1 bit-rate
compression of stored speech over that of
p-law Pulse Code Modulation (PCM) generally
used in the telecommunications network. In
this approach, the input speech signal, s(»), is
divided into a set of sub-band signals by a filter
bank analyzer. These sub-band signals are, in
effect, signals that are bandpass-filtered, mod-
ulated to dc, and reduced in sampling rate.
Each of the banks is encoded with independent
APCM (adaptive PCM) encoders and the bits
are multiplexed into a single data stream for
transmission.

Figures 2a and 2b are block diagrams
of the SBC. By carefully selecting the alloca-
tion of bits per sample for each of the sub-
bands, the sub-band encoder can take advan-
tage of properties of production and perception
of speech. In the lower frequency bands,
where pitch and formant structure must be
accurately preserved, a large number of bits
per sample is used. In the upper frequency
bands, where fricative and noise-like sounds
occur in speech, fewer hits per sample are
used. As a result, there is less subjective
noise.

The Filter Bank. The filter bank in the
encoder processes the input signal before it is
passed to the APCM encoders. The filter bank
in the decoder is used to combine the decoded
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Figure 1. Overview of
voice coding.

Table 1. Filter Bank Design

Frequency  Sampling ) )
Range Rate Bit Assignment
Band kHz kHz 16 kb/s 24 kb/s
1 0.0-0.5 1 4 5
2 .5-1.0 1 4 5
3 1.0-2.0 2 2 4
4 2.0-3.0 2 2 3
5 3.0-4.0 2 0 0

sub-band signals from the APCM decoders to
form the output, $(n).

The basic computational structure of
the sub-band encoder is designed around a five-
band, nonuniform quadrature mirror filter bank
(QMF). (See Figures 2a and 2b.) This filter
bank is based on a tree structure of two-band
QMF splits resulting in the choice of bands
shown in Table I. Each two-band QMF allows
its input signal band to be divided into two

equally spaced high-pass and low-pass filtered
sub-bands, which are reduced in sampling rate
by a factor of two.

Each two-band QMF split is done with
a pair of symmetric, finite impulse response
(FIR) high-pass and low-pass filters. Because
of the symmetry and the quadrature mirror
relationship of these two filters, their coeffi-
cients are identical except for the signs of the
odd-numbered coefficients. Thus, the computa-
tion can be shared between the two filters by
separately computing the even taps, &, (n), and
the odd taps k, (n), of the low-pass filter h(n).
The sum of these two partial computations
gives the output for the lower band. The differ-
ence gives the output for the upper band.

Because outputs are required at half of
the input sampling rate, the computation of this
structure can be distributed over two time slots
of the DSP. In cycle 0, the odd taps of the fiiter,
h, (n), are computed. In cycle 1, the even taps
of the filter h, (n), are computed. The struc-
ture leads naturally to implementation of the




algorithm as an eight-cycle loop.
In the design of the filter bank, the
first QMF split is performed with a 32-tap fil-
ter h(n). The second stage uses a 16-tap filter
£(n) to divide these two bands into four. Finally
the bottom band is divided once more with a
similar 16-tap filter g(n). In the receiver, the
reverse reconstruction process takes place. A
total reconstruction error of less than 0.25 dB
is observed in the overall filter bank. The over-
all group delay of this system when
implemented in the DSP is less than 18 milli-
seconds (ms).
APCM Quantization. Sub-band signals
processed by the QMF filter bank are coded by
APCM encoders, which then pass the encoded
bits to a multiplexer for bit packing. From here,
the data is sent into storage. Table I shows the
bit allocation (bits/sample) used to encode each
of the sub-band signals to obtain an overall bit
rate of 16 or 24 kb/s.
Figure 3a shows the main elements of
the encoder:
= A b-bit PCM quantizer, where the value of b
can be varied from two to five

= Tables to store the step-size and inverse
step-size

= A step-size adaptation circuit to control the
choice of step-size (i.e., the addresses to
the tables)

= A first-order fixed predictor.

As shown in the figures, the input sub-
band signal e(») is adaptively quantized by first
scaling it down by the inverse step-size V(n)
and then limiting and rounding (PCM encoding)
it to the b-bit integer I(n).

By adding the value 2¢~ ' to I(n), a
positive b-bit codeword, J(»), is obtained. This
can be conveniently multiplexed with code-
words from other sub-bands.

The b-bit integer, I(n), is also used for
obtaining a decoded output and for step-size
control.

The step-size, A(n), and its inverse,
V(n), are determined by the table address,
which is adaptively incremented and decre-
mented by the step-size control. The tables
contain 64 words and span a 60-dB step-size
range. Their address is obtained from the inte-
ger part of the variable, d(n), which is limited
to the range — 32 to + 31.

The value of d(n) is stored in a “leaky”
integrator with a leak factor of 0.98. The adap-
tation leak, v, is set to 0.98. In this way, d(n)
drifts towards zero (the center of the tables)
and mitigates the effects of channel error by
reducing all parameters to a known state.

If an outermost (positive or negative)
quantizer level is used, a positive value,
m(I(n)) = m, is added to d(n). If an iInnermost
(positive or negative) quantizer level is used, a
negative value, m(I(n)) = m,is added to d(n).

In this way, the step-size is dynami-
cally varied to match the range of e (n) to the
range of the PCM quantizer. Values of m(I(n))
are selected for best subjective performance of
the sub-band coder and typically result in an
adaptation response with a fast attack and slow
decay rate of the step-wise amplitude.

Bit Packing and Multiplexing. Computation
of the SBC is determined by the three-stage
framework of the filter bank. Because the sam-
pling rate is reduced by a factor of two at each
stage, computation at different stages must be
performed at different rates. This is done by
distributing the total computation of the
encoder (and decoder) over an eight-cycle
process.

In each cycle, one input sample, s(»),
is received in the encoder, one path of the filter
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Figure 2a. SBC coder.

bank tree is computed and one APCM encoder
is implemented. The cycle numbers #» = 0, 1,
2, ...7 in Figures 2a and 2b show the paths of
computation taken in each cycle.

Stages and encoders in the tree that
have higher sampling rates are computed more
often than those with lower sampling rates.
The tree structure also determines how the
output bits from the APCM encoders are multi-
plexed and framed for transmission.

The total number of bits multiplexed in
an eight-cycle process determines the minimum
frame size of the multiplexing scheme. Based
on the bit assignments shown in Table I, the
frame sizes for 16- and 24-kb/s designs are 16
and 24 bits, respectively. The coder is further
designed so that the 16-kb/s design is embed-
ded in the 24-kb/s design with the appropriate
least significant bits of the 24 kb/s design
packed into one byte. By dropping this byte,

the 24 kb/s regresses to 16 kb/s compatible
with the 16-kb/s design.

For applications involving voice storage
in small (16-bit) computers, the 16-kb/s SBC
design is particularly convenient because the
frame size matches the word size of the com-
puter. It is also convenient in terms of the DSP
which can output words of 16 bits. Thus, the
encoder structure in Figures 2a and 2b can be
realized by taking in eight samples of s(n) and
sending out one 16-bit word in each eight-cycle
loop. Each of the five bands is attached to the
multiplexer via APCMs. Bands 1 and 2 are
attached by one APCM each, producing one
sample each, while bands 3 and 4 are attached
by two APCMs each, producing two samples
each, one after a delay.

Adaptive level silence compression. The
silence compression algorithm consists of
silence detection and encoding in the transmit-
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Figure 2b. SBC
decoder.

ter, and silence decoding and reconstruction in
the receiver. Silence compression occurs in real
time and causes no delay in the transmitter or
receiver.

In the transmitter, silence detection
uses speech and noise metrics generated by a
set of production rules (Figure 4). These rules
represent basic assumptions about speech and
noise waveforms and are continuously updated
by the input waveform.

The speech and silence metrics thus
generated are passed to the silence decision
logic, which determines the current state of
the transmitter. The silence decision logic
compares the speech and noise metrics using
hysteresis and adaptive thresholds to control
the switching speed. Depending on the silence
decision, either sub-band coded speech or
compressed silence is then output from the
transmitter. Compressed silence information

consists of a three-word packet containing a
key-word, the silence level, and the silence
duration.

Silence reconstruction is performed at
the receiver using the level and duration infor-
mation encoded by the transmitter. During
silent intervals, noise fill is accomplished using
a pseudo-random noise generator that is ampli-
tude and duration modulated as defined by the
compressed silence information. The pseudo-
random noise is generated in the receiver by an
18th order polynomial® giving a 32-second rep-
etition rate at 8 kHz. It is frequency shaped to
match the average coloration of acoustical
background noise.*

If an unknown packet header is
encountered, the DSP will output silence and
discard data until a meaningful packet header is
encountered. In addition, the DSP will output
silence for the duration of the time needed to



Figure 3. Block dia-
gram of (a) the APCM
encoding algorithm
and (b) the APCM
decoding algorithm.
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Figure 4. Silence
detection.

process the data block.

Channel encoding. All subsequent
encoding uses a common control header for
silence packets, synchronization, and applica-
tion-specific information. The same format is
used for each of these purposes.

The distinguishing feature of each is
an identification (ID) number in the third byte
of the header that describes the data to follow.
These headers should occur only on word
boundaries, but are parsed on byte boundaries
for purposes of safety. Subsequent processing
of the sound input depends on whether or not

silence is present in a given sample.

If it is determined that speech is pres-
ent, a speech header is used to indicate the
onset of speech and the sample is channel

coded.

A data stream is produced as output

for as long as the noise measure-notse decision
process indicates that speech is being decoded.
At the 16 kb/s rate, 2 bytes/ms are written. At
the 24 kb/s rate, 3 bytes are written. A speech
header is inserted at regular intervals to ailow
resynchronization if speech data are lost or
corrupted.
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The AT&T standard requires a speech
header to occur at least once every 256 ms of
speech. In voice store and forward, the com-
mon header format used for speech and
resynchronization is distinguished from other
uses of the header by its ID number.

If the noise decision process has
determined that silence is present in a given
sample, silence is encoded.

VSF products may need to include
application-specific data within the speech data
stream. The ability to include such information
is generally useful, and will provide needed
flexibility for future applications of this
standard.

File Format. Although byte ordering
within a file differs among products, the AT&T
standard defines a common byte order to
assure that voice mail can be sent between sys-
tems without knowledge of various native
formats. All products consider voice files as a
stream of bytes, using least significant-most sig-
nificant byte ordering. All transmissions
between systems use this byte ordering. Sys-
tems locally storing files in the reverse order
are required to swap bytes before sending
speech files to another system and after receiv-
ing speech data from another system.

Voice Forwarding

The preceding sections define the sub-
band encoding portion of the AT&T VSF stan-
dard. Another major requirement for services
compatibility is a provision for common inter-
connection between different services and
equipment. Such capability at the application
layer is provided by the message transfer archi-
tecture (MTA).

AT&T Messaging Architecture. AT&T is
committed to supporting the CCITT (Interna-

tional Telegraph and Telephone Consultative
Committee) message handling systems (MHS),
the international standard for exchanging store-
and-forward messages. MHS integrates hetero-
geneous mail services by defining standard
protocols and service definitions for exchanging
messages.

The AT&T messaging protocol, MTA,
is the initial phase of AT&T’s support for MHS.
The MTA protocol supports both the architec-
tural model and the message service elements
of MHS.

MTA allows any type of object, includ-
ing voice mail, electronic mail, voice
attachments, and voice-annotated text to be
sent with ease among mail systems. Most sig-
nificantly, it provides a way for systems that
may not have speech capabilities to receive a
voice object and either translate it into an intel-
ligible format or forward it to a voice server or
some other device. With MTA, each receiving
service determines the appropriate action
(e.g., edit, translate, read only, forward) for a
particular content type.

MTA contains two subarchitectures:
the message service architecture (MSA) and
the content description architecture (CDA).

Message Service Architecture. The mes-
sage service architecture (MSA) provides the
structure and functions required for exchanging
information among messaging applications. It
contains two hierarchically structured compo-
nents: the universal message transport header
and its associated universal message report
header, and subsequent message service
protocols.

The transport header serves as an
envelope, specifying the information relevant to
the transmission of a message.

The universal message report header



Figure 5. AT&T univer-
sal message retrieval
template.
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is at the same architectural level as the univer-
sal message transport header. It returns
transmission-related status information about
messages sent via the universal message trans-
port header.

Each application that uses MSA has
one or more message service protocols that
perform the functions associated with that ser-
vice. For example, the mail service uses a
message protocol for interpersonal messaging
and another for status information. The notifi-
cation service requires one protocol for

ATA&T Mail Talk
Commands

Key Command
1 — FIRST

2 — BACKUP

3 — DELETE/
RESTORE

4 — HELP
5 — LISTEN
AGAIN

6 — SAVE

7 — STOPISTART

8 — SPEED

9 — LAST

0—EXIT

# — NEXT/
TERM

Login
Key in Login ID,
then press # key

Key in Password
1D, then press
# key

message waiting indicators and another for for-
warding from an agent-based service to a
subscriber’s mailbox.

Content Description Architecture. The con-
tent description architecture (CDA) is designed
to allow the intelligent handling of exchanged
information. In this context, “intelligent”
means that a receiving user (either a human or
an application process) has enough information
about an object to adequately determine what
can be done to that object (e.g., open, edit,
forward, store).
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To handle objects intelligently, two
conditions must be met. First, objects must be
described and identified in a standardized form
when being transmitted. Secondly, objects
must be described in specific detail.

In architectural structure, CDA paral-
lels MSA. It consists of the universal content
description header, content description service
protocols, and the described contents.

The universal content description
header contains a minimal set of fields describ-
ing the content’s type, encoding and
encryption characteristics, and its length. It is
used by all content-carrying messaging
services.

The content description services’ pro-
tocols provide functions to interpret those
contents that require further elaboration. Each
set of functions is referred to as a content pro-
tocol and the specific protocol is shown in the
content-type field of the universal content
description header.

Currently, the CDA provides three lev-
els of support for describing objects. The first
level allows objects that are accepted as stan-
dards across AT&T products to be described in
the universal content description header by a
registered name. For example, a voice file that
conforms to the AT&T voice encoding standard
may be classified as Content-Type: AT&T Voice
16. An object that achieves the status of an
AT&T standard is assumed to conform to a
structure and format that is well-known and
recognizable across AT&T products.

Secondly, objects that are not standard
can be transmitted with enough descriptive
information about their attributes for receiving
systems to determine the appropriate handling
mechanisms.

Finally, application-specific objects can

be described with registered protocols that are
tailored to the requirements of particular
services.

User Interfaces

AT&T has several services currently
on the market, in development, or in planning
that allow touch-tone control by the user. For
example, several mail/messaging services are
integrated under unified messaging. Each ser-
vice allows touch-tone user control, and each
can be accessed via other services’ mailboxes.

For purposes of compatibility, it is nec-
essary to assure: (a) that customers can easily
move among products and services, (b) that
familiarity with one product or service does not
interfere with use of another, and (c) that simi-
lar services work in ways the customer
perceives as similar.

Core commands for all products and
services provide such compatibility. Services
provide their own optimal user interfaces,
while assuring the user that a core set of com-
mands will work the same way in all products
and services.

For example, the AT&T standard com-
mands for touch-tone information retrieval
include:
= “*¥]” which locates the initial item in the

current working list and
= “*D (*3),” which DELETES the current
item from the list.

Figure 5 is the AT&T universal mes-
sage retrieval template based on these
commands. All single-stroke commands (0-9)
are intended as product-specific dial codes.

Command Syntax. Similar combining
rules apply to all AT&T products and services
that use touch-tone signaling for service con-
trol or information retrieval. For example,



“* 7 functions as a command introducer in all
places. All services do not support all of the
core commands. However, the standard com-
mands are reserved for the functions shown in
Figure 5.

AT&T products and services currently
use these core commands or have agreed to
support them in the future. The AT&T Archi-
tecture Area has issued these core commands
as a common AT&T standard.
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