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Abstract

This standard specifies the limitations on the maximum number of ITU-T Recommendation G.726 32-kbit/s adaptive differential
pulse-code modulation (ADPCM) encodings allowable in 4-kHz voice grade network connections. This allows for the realization
of the possible economic advantages of ADPCM use while retaining quality transmission performance capability. The
applicable limits are specified as a function of the category of signal transported. Performance impact information and
functional usage guidelines are provided to give guidance on achieving compliance with the limits in the standard, but these
are not a part of the standard.
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Foreword (This foreword is not part of American National Standard T1.501-1994.)

The specification of 32-kbit/s Adaptive Differential Pulse-Code Modulation (ADPCM) tandem encoding limits was initiated
under the auspices of the Accredited Standards Committee on Telecommunications, T1, which is sponsored by the
Alliance for Telecommunications Industry Solutions (ATIS). ADPCM is one of a group of emerging technologies, each of
which provides the capability for more efficient use of digital facility capacity through the use of processing techniques.
There is an industry desire to take advantage of the potential benefits of the introduction of new technology without
negatively affecting performance. This standard examines performance relative to the 32-kbit/s ADPCM algorithm as
specified in ITU-T Recommendation G.726, 40, 32, 24, 16 kbit/s adaptive differential pulse code modulation (ADPCM). It
is intended to provide the orderly management of the introduction of this technology so as to meet the performance
needs of end-users.

Traditional analog transmission parameters do not characterize adequately the effect of ADPCM on performance. As a
result, performance is assured by establishing a limit on the number of tandem encodings for two fundamental categories
of signals that encompass the signal types transported by both public- and private-network connections. The use of this
standard will help ensure that the performance as seen by the end-user will be satisfactory. This standard allows for the
realization of the possible economic advantages of ADPCM use while retaining quality transmission performance
capability.

The specifications in this standard apply only to 32-kbit/s ADPCM algorithms defined in ITU-T Recommendation G.726.
The performance impact of other ADPCM algorithms and other compression methods are currently under study by
Working Group T1A1.7 and will be addressed in a future technical report.

This standard contains three annexes. Annexes A — C are informative and are not considered a part of this standard.

Suggestions for improvement of this standard are welcome. They should be sent to the Alliance for Telecommunications
Industry Solutions (ATIS), Committee T1 Secretariat, 1200 G Street, NW, Suite 500, Washington, DC 20005.

This standard was processed and approved for submittal to ANSI by Accredited Standards Committee on
Telecommunications, T1. Committee approval of this standard does not necessarily imply that all committee members
voted for its approval. At the time it approved this standard, Committee T1 had the following members:

Arthur K. Reilly, Chair
Gerald H. Peterson, Vice-Chair
0. J. Gusella, Jr., Secretary

Barry Lerich, Senior Editor
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Network Performance —

Tandem Encoding Limits for
32-kbit/s Adaptive Differential
Pulse-Code Modulation (ADPCM)

1 Scope, purpose, and application

1.1 Scope

This standard addresses the use of 32-kbit/s Adaptive Differential Pulse-Code Modulation (G.726 32-kbit/s
ADPCM)1) in 4-kHz voiceband network connections and limits the number of G.726 32-kbit/'s ADPCM links
allowed. It relates to the transport of signals processed by the 32-kbit/'s ADPCM algorithm specified in ITU-T
Recommendation G.726. Although G.726 defines other ADPCM algorithms designed for operation at 16, 24, and
40 kbit/s, the performance implications of these algorithms are not addressed in this standard. This standard does
not purport to describe the service offerings of any particular carrier.

1.2 Purpose

This standard stipulates appropriate limits on the use of G.726 32-kbit/s ADPCM while retaining, for all carriers,
the capability to provide quality transmission performance to end-users.

1.3 Application

The standard applies to end-to-end voiceband connections established on either public switched
telecommunications networks (PSTNs) or private networks. The tandem encoding limits of this standard apply to
exchange carriers (ECs), interexchange carriers (ICs) and private network providers.

2 Normative references

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

ITU-T Recommendation G.113, Transmission impairments. Blue Book, Volume Il — Fascicle 1ll.1, Melbourne,
November 19882)

ITU-T Recommendation G.726, 40, 32, 24, 16 kbit/s adaptive differential pulse code modulation (ADPCM).
Geneva, 19902)

ITU-T Recommendation G.727, 5-, 4-, 3- and 2 bits embedded adaptive differential pulse code modulation
(ADPCM). Geneva, 19902)

3 Definitions and acronyms
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3.1 Definitions
The following definitions apply in this standard:

3.1.1 adaptive differential pulse-code modulation (ADPCM): A digital transcoding technique in which the
difference between the actual and estimated value of the sample is encoded and transmitted to the decoder,
where it is reconstructed into a PCM signal. In addition, it employs an adaptive quantizer and an adaptive
predictor to follow changes in signal power and to respond to changes in the short-term spectrum of analog
signals.

3.1.2 ADPCM link: Any transmission system, or part of a transmission system, that performs one unique
PCM-ADPCM transcoding and a corresponding ADPCM-PCM transcoding.

3.1.3 bit error ratio (BER): The ratio of the number of bit errors to the total number of bits transmitted in a
given time interval.

3.1.4 block error ratio (BLER): The ratio of the number of blocks that contain at least one bit in error to the
total number of blocks transmitted in a given time interval.

3.1.5 network interface (NI): The point of demarcation between the carrier’s facilities and the customer
installation, which establishes the technical interface and division of operational responsibility. In this definition, as
it applies in this document, the term “customer” refers to the end-user.

3.1.6 point of termination (POT): The point of demarcation between carriers, which establishes the technical
interface and division of operational responsibility.

3.1.7 speech-to-speech-correlated-noise ratio (Q): The ratio of the speech power to the power of speech-
correlated noise in a digital transmission system.

3.2 Acronyms

ADPCM  adaptive differential pulse-code modulation

ATIS Alliance for Telecommunications Industry Solutions

BER bit error ratio

BLER block error ratio

CCITT International Telegraph and Telephone Consultative Committee

DTMF dual tone multi frequency

EC exchange carrier

EO end office

FSK frequency shift keying

IC interexchange carrier

ITU-T International Telecommunications Union — Telecommunications

Standardization Sector

NI network interface

PCM pulse-code modulation

PSTN public switched telecommunications network
codec coder-decoder

dB decibel

kbit/s kilobit per second

kHz kiloHertz



ms millisecond

qdu quantizing distortion unit

4 Specification of limits

4.1 General

Traditional analog transmission parameters used in characterizing the performance of the various segments of
the end-to-end connections are not adequate to retain quality transmission performance if G.726 32-kbit/s
ADPCM equipment is deployed freely in the various segments. Currently, no standard test procedure is available
to quantify the effect of G.726 32-kbit/s ADPCM links in a connection or part thereof.3) Therefore, the only
method available to control the transmission performance impact of G.726 32-kbit/'s ADPCM is to limit the number
of G.726 32-kbit/s ADPCM links in connections. Information regarding the technical basis for the limits specified in
this standard is included in annex A, ADPCM performance effects.

4.2 Categories of signals

The limitation on G.726 32-kbit/'s ADPCM links in public or private networks depends upon the signal type being
transmitted over network connections. Annex A provides information describing the effects of G.726 32-kbit/s
ADPCM transcoding on several common signal types. The various signal types conveyed by voiceband networks

fit into one of the following two categories:
Category 1: Voiceband (4 kHz) signals that can be transmitted with satisfactory performance over connections
containing G.726 32-kbit/s ADPCM links;
Category 2: Voiceband (4 kHz) signals that cannot be transmitted with satisfactory performance over connections
containing G.726 32-kbit/'s ADPCM links.

These two categories apply to both PSTN and private-network connections. Criteria for satisfactory performance
are application-dependent and ultimately determined by the end-user. In deriving the G.726 32-kbit/'s ADPCM
tandem encoding limits set forth in this standard, the following criteria were used:

Voice: The criterion is based on a measure called Q that captures the effect of quantizing noise on quality
(see J. R. Cavanaugh in the bibliography). The criterion of Q = 20 dB was used,;

Voiceband data: Two criteria were used. Block error ratio (BLER) < 102 (with a block size of 103 bits) and
bit error ratio (BER) < 10—°. Whether BLER or BER is more meaningful depends upon the application. For
transfers of large amounts of data with retransmittal protocols, BLER is appropriate. For facsimile applications
and asynchronous character transfer, BER is more meaningful. The BER is usually the more stringent criterion;

Dual-tone multi frequnecy (DTMF) signals: The criterion of digit error ratio < 103 was used.
4.3 Tandem connecting arrangements

Two ADPCM links in tandem are said to be synchronously connected if the connecting transmission system is the
equivalent of a 64-kbit/s PCM bit stream. Likewise, two ADPCM links are said to be asynchronously connected if
they are connected by any other type of transmission system; in general, one which converts the signal-to-analog
format at some point. The performance of two or more synchronously connected G.726 32-kbit/'s ADPCM links is
equivalent (except for delay) to one link if (1) the transmission of the G.726 32-kbit/'s ADPCM links and the
intermediate 64-kbit/'s PCM links is error free#) and (2) the G.726 32-kbit/s ADPCM and intermediate 64-kbit/s
PCM bit streams are not disturbed by digital signal processing. Any tandem connecting arrangement that employs
PCM-modifying digital signal processing on the connecting link(s), such as that performed by digital echo
cancelers or digital loss pads, will not satisfy the above constraints. If two G.726 32-kbit/'s ADPCM links are
connected by a 64-kbit/s transmission system that does not preserve bit integrity (i.e., it uses digital signal
processing or bit-robbing, etc.) the net effect on performance will be bounded by the performance of one G.726
32-kbit/'s ADPCM link and the performance of two asynchronously connected G.726 32-kbit/'s ADPCM links. This
effect, however, has not been well quantified; it is a subject for further study. Therefore, for purposes of this
standard, this arrangement should be counted as equivalent to two asynchronously connected G.726 32-kbit/s
ADPCM links.



4.4 Tandem encoding limits

The total number of G.726 32-kbit/s ADPCM links in connections shall be limited in order to provide the capability
of quality transmission performance between end-users. These limits apply to PSTNs, private networks, and
combinations thereof. The total number of asynchronously connected G.726 32-kbit/s ADPCM links in these
network connections shall be limited as follows:

Category 1 signals: The limit is three asynchronously connected G.726 32-kbit/s ADPCM links;
Category 2 signals: The limit is zero G.726 32-kbit/'s ADPCM links.

In some private network applications, it may be possible to customize the network to meet the end-user’s specific
application needs. In these cases, greater flexibility is possible, in terms of the number of G.726 32-kbit/s ADPCM
links in tandem, while still satisfying the end-user’s needs. An example of guidelines that may be used in such
cases is contained in annex A.

4.5 Allocation of end-to-end limits

The allocation of the end-to-end limits presented in this standard is based on the assumption that G.726 32-kbit/s
ADPCM is not deployed on the end-user's side of the network interface (NI). If G.726 32-kbit/'s ADPCM is
deployed on the end-user’s side of the NI, the overall limits should be observed in order to provide satisfactory
performance.

4.5.1 National connections

When a single carrier provides an end-to-end PSTN or private-network connection, the carrier shall implement
the limits in clause 4.4. For connections with both EC- and IC-provided portions, the Category 1 signal limit of
three is allocated, one each for the EC, IC and EC portions.

Each of the EC portions includes all components from the NI to the IC point of termination (POT). The Category 2
signal limit of zero requires that each provider's portion has no G.726 32-kbit/s ADPCM links. See annex B,
Functional usage guidelines, for implementation information.

For both private and public switched connections, if an EC provides a G.726 32-kbit/'s ADPCM-encoded signal at
the EC-IC interface as a service option at the request of the IC, it will be considered as the IC’s G.726 32-kbit/s
ADPCM link.

4.5.2 International connections

Typical international connections would contain a combined EC and IC network in the national extension (NI to
gateway). Based on the implementation of this standard, there would be zero, one, or two asynchronously
connected G.726 32-kbit/s ADPCM links in the national extension. The allocation specified in the provisional
planning rule, as described in ITU-T Recommendation G.113, allows at most one G.726 32-kbit/'s ADPCM link in
the national extension. However, an exception is noted that would allow at most two G.726 32-kbit/s ADPCM links
with a clear indication that this is undesirable. Although the allocation of this standard allows up to a maximum of
two links on the national extension of international connections, the frequency of occurrence of this maximum is
expected to be low.
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ADPCM performance effects

A.1 General

The impact of G.726 32-kbit/s ADPCM on the performance of a voiceband connection depends on the signal types transmitted
(Category 1 or Category 2), the level and distribution of other analog impairments, the specific design of the terminal
equipment and the number of asynchronously connected G.726 32-kbit/'s ADPCM links in the connection. This annex is
provided as an aid to the reader in understanding the limits in the standard. The information in this annex was derived from
evaluations of specific modems and DTMF receivers of several manufacturers and may not describe performance of all
available similar hardware.

A.2 References

The following documents are referenced in this annex:
[11 ANSI T1.508-1992, Telecommunications — Network performance — Loss plan for evolving digital networks

[2] ITU-T Recommendation G.113, Transmission requirements. Blue Book, Volume Ill — Fascicle .1,
Melbourne, 19882)

[3] ITU-T Recommendation G.711, Pulse code modulation (PCM) of voice frequencies. Blue Book, Volume Il —
Fascicle 1114, Melbourne, 19882)

[4] ITU-T Recommendation G.721, 32 kbit/s adaptive differential pulse code modulation (ADPCM). Red Book,
Volume lIl — Fascicle Ill.3, Malaga-Torremolinos, 19842)

[5] ITU-T Recommendation G.721, 32 kbit/s adaptive differential pulse code modulation (ADPCM) (revised).
Blue Book, Volume Il — Fascicle 11I.3, Melbourne, 19882)

[6] ITU-T Recommendation V.17, A 2-wire modem for facsimile applications with rates up to 14400 bits per
second. Geneva, 19912)

[71 ITU-T Recommendation V.29, 9600 bits per second modem standardized for use on point-to-point 4-wire
leased telephone-type circuits. Blue Book, Volume VIII — Fascicle VIII.1, Melbourne, 19882)

[8] ITU-T Recommendation V.32, A family of 2-wire, duplex modems operating at data signalling rates of up to
9600 bit/s for use on the general switched telezphone network and on leased telephone-type circuits. Blue Book,
Volume VIII — Fascicle VIII.1, Melbourne, 19882)

[9] ITU-T Recommendation V.32bis, A duplex modem operating at data signalling rates of up to 14400 bits/s for
use on the general switched telephone network and on leased point-to-point 2-wire telephone type circuits.
Geneva, 19912)

[10] ITU-T Draft Recommendation V.34, A modem operating at data signalling rates of up to 28800 bits/s for use
on the general switched telephone network and on leased point-to-point 2-wire telephone-type circuits. 19942)

[11] Carey, M. B.; Chen, H-T; Descloux, A.; Ingle, J. F.; Park, K.I., 1982/83 end office connection study; analog
voice and voiceband data characterization of the public-switched network. AT&T Bell Laboratories Technical
Journal 63, November 19849)

[12] Daumer, W. R.; Sparrell, D., FSK Enhancements for the proposed T1Y1 ADPCM algorithm. Document
T1Y1.2/86-006, January 19866)



[13] Dimolitsas, S; Corcoran, F. L.; Onufry, M.; Suyderhoud, H. G., Evaluation of ADPCM coders for digital
circuit multiplication equipment. COMSAT Technical Review, pp. 323 — 345, Fall 19877)

[14] Kalb, M., ADPCM performance impact on voiceband data. In: |IEEE GLOBECOM 1985 Conference
Record, New York, IEEE, December 1985, pp. 1133-11378)

[18] SG XVIII — Report R26, Source: CCITT Secretariat, Report of the Meeting of Working Party XVIII/8
(Speech Processing). July 19862)

A.3 Definitions

A.3.1 quantizing distortion: The distortion introduced when an analog signal is encoded to digital format,
then decoded to analog format. The quantizing distortion is the difference between the original analog signal and
the analog signal resulting from the decoding process.

A.3.2 quantizing distortion unit (qdu): The distortion that is subjectively equivalent to the quantizing
distortion introduced by an average 8-bit codec pair (A/D and D/A conversion; A-law or u-law) that complies with
ITU-T Recommendation G.711 [3].9)

A.4 End-to-end performance criteria

In determining the tandem encoding limits, it was first necessary to establish a set of criteria for judging the acceptability of
end-to-end performance. The voice criterion is based on a measure called Q. Various standard ITU-T recommendations have
assigned values of Q to different processing techniques, including ADPCM, and have determined laws of addition for tandem
devices and for combining with idle circuit noise. The ITU-T studies are based on the 32-kbit/s ADPCM algorithm defined in the
1984 ITU-T Recommendation G.721 [4] rather than that defined in the 1988 ITU-T Recommendation G.721 [5]. However, it
has been shown that, except for the improved performance with respect to frequency-shift keying modems, the performance of
the 1988 algorithm is essentially identical to that of the 1984 algorithm [12, 15]. The ITU-T, in Recommendation G.113 [2], has
established a provisional end-to-end planning value of 14 quantizing distortion units (qdu), which corresponds to Q = 20 dB. A
level of Q = 20 dB corresponds to the quantizing distortion (not idle-circuit noise) of 14 asynchronously tandemmed PCM (A/D,
D/A) pairs. Studies have shown that in a typical network connection, a Q of 20 dB corresponds to a modest degradation in
voice transmission quality. However, as Q decreases below 20 dB, there is a rapid and marked decrease in quality. On this
basis, Q = 20 dB is a reasonable planning limit and is the voice criterion for this standard.

Delay also has an effect on overall transmission performance. Consider an end-to-end connection with up to
three G.726 32-kbit/'s ADPCM links in tandem. The additional round-trip delay consists of up to six G.726 32-kbit/s
ADPCM encoding—decoding stages. As a general guide, if there are no active echo control devices in the
connection, the additional round-trip delay should be less than 5 ms [1].

For voiceband data, two criteria are used: block error ratio (BLER) < 10—2 (for a block size of 103 bits) and bit
error ratio (BER) < 10—°. Whether BLER or BER is more meaningful depends upon the application. For transfers
of large amounts of data with retransmittal protocols, BLER is appropriate. For facsimile applications and
asynchronous character transfer, BER is more meaningful. The BER is usually the more stringent criterion. Note
that typical switched network performance is an order of magnitude better than the above limiting criteria [11].

A.5 Performance criteria versus asynchronously connected G.726 32-kbit/s ADPCM links

A summary of test results that shows the maximum number of asynchronously connected G.726 32-kbit/s ADPCM links in
tandem that enable the end-to-end performance criteria to be met is given in table A.1. Information regarding this data is
provided in A.5.1 through A.5.4 and further details may be found in the documents cited in annex C, Bibliography.

A.5.1 Voice

For voice, four asynchronously connected G.726 32-kbit/s ADPCM links in tandem correspond to a value of Q =
20 dB. However, recognizing that there are other sources of distortion in a connection, such as additional PCM
conversions, and to allow some margin for this eventuality, the standard provides a limit of at most three links for



voice applications. The limit of four G.726 32-kbit/s ADPCM links is reasonable if there are no other sources of
significant distortion in the connection, and particularly if the connection contains no echo control devices.

A.5.2 Dual Tone Multi frequency (DTMF)

The range of encodings for DTMF is due to receiver sensitivity. In general, end-to-end network applications
should employ receivers providing satisfactory performance through four asynchronously-connected G.726 32-
kbit/s ADPCM links. Some older receivers embedded in the public network may only perform satisfactorily
through two G.726 32-kbit/'s ADPCM links. However, these receivers should tend to encounter fewer G.726 32-
kbit/s ADPCM links in actual connections. The Category 1 signal allocation of one for the EC, IC and EC portions,
respectively, combined with the typical uses of DTMF, will allow DTMF to be treated typically as a Category 1
signal.

A.5.3 Facsimile

Results for facsimile applications are not shown in table A.1. The criterion in this case is, of necessity, subjective.
Results in Daumer and Sparrell [12] indicate that Groups | and Il facsimile generally can be treated as Category 1
signals. Group Il facsimile generally will be considered to be a Category 2 signal.

A.5.4 Voiceband data

The lower voiceband data encoding limits in table A.1 tend to correspond to the more stringent BER criteria. The
results in table A.1 are based on the characteristics of specific modems as discussed by Daumer and Sparrell,
and Kalb [12, 14]. More stringent requirements may apply to other types of modems, particularly if secondary or
tertiary channels are used. The evaluation by Daumer and Sparrell [12] showed that one 4.8-kbit/s modem failed
the criterion of BLER < 10—2 through four G.726 32-kbit/s ADPCM links (the tested BLER was 1.03 10—2). The
same modem was not evaluated by Kalb [14], but the results in [14] consistently showed that the BER criterion
allowed one fewer encoding than the BLER criterion. Therefore, it was concluded that the same modem, at best,
could meet only marginally the BER criterion through three asynchronously connected G.726 32-kbit/s ADPCM
links. On this basis, some modems for specific applications may tolerate only two G.726 32-kbit/'s ADPCM links at
4.8 kbit/s. The V.32 9.6 kbit/s modems can tolerate two G.726 32-kbit/s ADPCM links using the BLER criterion,
but cannot tolerate any G.726 32-kbit/'s ADPCM links with acceptable BER performance [8]. V.29 9.6 kbit/s
modems, or similar modems, do not meet either the BER or BLER criterion at 9.6 kbit/s through any G.726 32-
kbit/s ADPCM links, even with no analog impairments in the connection [7]. There is evidence that additional
G.726 32-kbit/'s ADPCM links in a connection increase the error ratio experienced [13]. The magnitude of the
increase, which may be appreciable, depends upon the particular modem, the rate of transmission and the
number of G.726 32-kbit/s ADPCM links already in the connection.

Voiceband data signals that function satisfactorily through three or more G.726 32-kbit/'s ADPCM links should be
treated as Category 1 signals. Data in table A.1 indicate that common modems such as those described above,
operating at rates below 4.8 kbit/s, generally may be considered to be in Category 1; common modems operating
at rates higher than 4.8 kbit/s generally may be considered to be in Category 2. Based on the test results and the
BER and BLER criteria, common modems operating at 4.8 kbit/s generally may be considered to be in Category
1. In practice, there will be cases in which these signals will require consideration as being in Category 2, based
on modem type, application and end-user expectations of satisfactory performance.

In general, the voiceband data results are based on an evaluation of several documents cited as normative
references in the standard, and as informative references in clause A.2 and in annex C, Bibliography. All of this
information leads to a consistent conclusion if both the BER and BLER criteria are used. The studies presented
by Daumer and Sparrell, and Kalb [12,14] are of particular interest since they are based on a clearly defined
reference connection derived from a characterization of a PSTN. The level of analog impairments in the total
reference connection was derived from the 1982/83 End Office Connection Study (EOCS) [11]. An 85-percent
impairment level was assumed for each analog parameter. This implies that some percentage of connections
(less than 15 percent) would have poorer analog impairment levels and thus provide poorer end-to-end
performance. This is consistent with predivestiture Bell System use of the BER and BLER criteria in that the error
limits for 4.8 kbit/s maximum were supported on 85 percent of the completed connections with modems and
circuit facilities provided by the Bell System.
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(informative)

Functional usage guidelines

B.1 General

This annex is provided as an aid in managing the use of G.726 32-kbit/s ADPCM technology to achieve the tandem encoding
limits specified in the standard for either Category 1 or Category 2 signals.

Both PSTN and private-network applications are addressed. It is assumed that the only G.726 32-kbit/'s ADPCM
links in the connection occur in the EC and IC networks, and no allocation is made for the use of G.726 32-kbit/s
ADPCM on the end-user’s side of the network interface (NI). If G.726 32-kbit/'s ADPCM is used on the end-user’s
side of the NI, the overall limits should be observed in order to achieve satisfactory performance.

B.2 Private-network connections

Figure B.1 illustrates the component portions of a typical private-network connection. For Category 1 signals, each of the three
portions (the first EC portion, the IC portion and the second EC portion) should contain at most one G.726 32-kbit/s ADPCM
link. Each EC portion extends from the NI to the IC’s point of termination (POT) and, in general, the two EC portions may be
provided by different ECs. In each EC portion, the EC responsible for providing service should limit the number of G.726 32-
kbit/'s ADPCM links to one. It is the IC’s responsibility to ensure that the total IC portion contains no more than one G.726 32-
kbit/'s ADPCM link. When more than one IC is providing the IC portion, the overall IC service provider has the responsibility for
meeting the overall IC portion G.726 32-kbit/s ADPCM tandem encoding limit. In summary:

1) For Category 1 signals, ECs should provide voice grade special access services that include no more than
one 32-kbit/s ADPCM link;

2) For services supporting signals in Category 2, each of the three portions must have zero 32-kbit/'s ADPCM
links;

3) Special voice grade access services that could support signals in Category 2 should have no 32-kbit/s
ADPCM links. ECs and ICs should cooperate in identifying service offerings that support signals in Category 2.

B.3 Public switched telecommunications network (PSTN) connections

The application of the G.726 32-kbit/'s ADPCM tandem encoding limits to PSTN arrangements is similar to that for private
networks. The guidelines given in B.2 for Category 1 and Category 2 signal cases are applicable to the IC’'s PSTN portion, but
there are additional considerations for the EC portions.

Figure B.2 illustrates a typical PSTN connection. Each EC portion has two separate components:

1) The end-user’s service connecting to the end office (EQ). This frequently is basic residential or business
exchange service, but could be any service providing PSTN connections at an EO;

2) The trunk-terminated switched-access arrangement from the EO to the POT.
The following guidelines apply to the EC portions of the connection:

1) For Category 1 signals, the EC portion, from NI to POT, should contain at most one G.726 32-kbit/s
ADPCM link;

2) If services supporting signals in Category 2 are to contain zero G.726 32-kbit/s ADPCM links in the EC
portion, both the end-user’s service to the EO and the trunk-terminated switched-access arrangement must
contain zero G.726 32-kbit/s ADPCM links. ECs should provide connections with zero G.726 32-kbit/'s ADPCM
links from the IC POT to each EO requested by the IC. In addition, ECs should cooperate with end-users and



their agents in identifying the service options available to obtain a path with zero G.726 32-kbit/s ADPCM links
between the NI and the EO. Many end-user services may be accommodated by providing a type of data option
on the end-user’s service.
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