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Abstract One characteristic that distinguishes speaker
recognition (identification, verification, classification, track-
ing, etc.) from other biometrics is that it is designed to op-
erate with devices and over channels that were created for
other technologies and functions. That characteristic sup-
ports broad, inexpensive, and speedy deployments. The ex-
plosion of mobile devices has exacerbated the mismatch
problem and the challenges for interoperability. This paper
presents a detailed proposal for interoperability that sup-
ports all types of audio interchange operations while, at
the same time, limiting the audio formats to a small set of
widely-used, open standards. We call this proposal Standard
Audio Format Encapsulation (SAFE). The SAFE proposal
has been incorporated into speaker-recognition data inter-
change draft standards by the M1 (biometrics) committee of
ANSI/INCITS and ISO/IEC JTC1/SC37 project 19794-13
(Voice data).

Keywords Speaker biometrics · Speaker verification ·
Speaker identification · Speaker recognition · Audio
interchange · Audio encapsulation

1 Introduction

Unlike most other biometric modalities, speaker recognition
(identification, verification, classification, tracking, etc.) is
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designed to operate over devices created for other technolo-
gies and functions. The ability to utilize the existing in-
frastructure supports deployment of broad, inexpensive and
in an expeditious fashion. Such widespread deployment is
counterbalanced by the variabilities produced by device and
channel mismatch—issues that other biometrics are only be-
ginning to face.

Interoperability is one of the principal benefits of, and
rationales for, having standards. In research, lack of interop-
erability impedes the integration and use of data from dis-
parate sources forcing researchers to devote precious time
to achieving some kind of interoperability or to abandon
valuable data. In private industry lack of interoperability
is an impediment to system consolidation following merg-
ers and acquisitions. Multi-factor authentication is begin-
ning to dominate the security landscape but interoperabil-
ity is a roadblock for organizations seeking to minimize
errors through the use of speaker-recognition technology
from multiple vendors. CentreLink, an Australian govern-
ment agency providing unemployment benefits, designed
such a system and found one of the most difficult and in-
tractable problems to be audio data transfer among the en-
gines [16]. Another source of interoperability problems is
upgrades. The absence of interoperability impedes the use
of data created by and for discontinued legacy systems. This
problem gained heightened visibility when a leading ven-
dor of speaker-verification technology released a new ver-
sion of its engine that was not backward compatible. Use
of a data-interchange standard that contains the proposal de-
scribed herein (e.g., ANSI/INCITS draft standard INCITS
456 [1]) would ensure that the data already collected from
user enrollment sessions for these and other kinds of systems
could be reused.

Interoperability has become a challenge due to the ex-
plosion of mobile devices. Audio is a central modality of
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many of the new devices, in part because most of these de-
vices can function as telephones but also because they are
being asked to support the expanding use of speech recogni-
tion [13], speaker recognition [3], speech and voice search,
audio indexing and multi-modal applications [18]. This ris-
ing dominance of mobile devices, the number of different
codecs in those devices, the variety of audio formats in-
volved, and the growth of speaker recognition applications
have all exacerbated the device mismatched issue and have
transformed the need for interoperability into a pressing se-
curity issue.

Despite the importance of interoperability for speaker-
biometrics operations, there is remarkably little work on
standardizing audio formats—even within the standards that
govern the use of speaker recognition in those operations.
The plethora of audio formats, the popularity of some pro-
prietary formats, and the heterogeneity of the uses to which
audio formats are being applied all give rise to the question
of whether audio formats can be standardized.

The authors believe that standardization of audio formats
is not only necessary but can be achieved by using the ap-
proach described in this paper. We call this proposal the
Standard Audio Format Encapsulation (SAFE). It supports
all types of audio-interchange operations while, at the same
time, limiting the audio formats to a small set of widely-
used, open standards.

2 Motivation

The initial idea of this proposal was to be able to use exist-
ing audio formats by bringing them under one cover so that
different needs of the Speaker Biometrics community could
be met without having to resort to using proprietary formats.
Speaker recognition is not alone in this. Speech recognition,
speech/voice search applications, and other audio process-
ing systems all lack a comprehensive interoperability mech-
anism both within and across their specific domains. Inter-
operability in heterogeneous environments also constitutes
a significant challenge for intelligent speech systems of all
types.

For example, an increasing number of fusion-based sys-
tems are utilized to process the same audio clip for different
purposes either to enhance the speaker recognition process
or when speaker recognition is used as a component of a
complex, intelligent system. These processes include lan-
guage/dialect and style recognition (for multi-factor speaker
identification or verification), audio segmentation (for find-
ing structural sections), speech recognition (for content and
context), event classification (for extraneous decisions), and
music processing/search.

There are also cases where multiple speaker-recognition
engines operate on the same audio clip. This approach is

employed to increase accuracy, handle special cases, and
achieve a spectrum of other task-specific objectives. Each
of those engines may provide different kinds of analyses
(e.g., text-dependent vs. text-independent) or they may use
engines of the same type based on different algorithms as a
means of enhancing accuracy. In some cases, those engines
were developed by different vendors.

The number of applications that employ multiple speaker-
recognition engines or multiple tools to process the same au-
dio clip is growing. This trend is evident in both the private
and public sectors.

Despite all of these trends, manufacturers seem to favor
specific, proprietary formats. The reasons for such prefer-
ences vary, but often include a desire to escape the need to
support the continually-expanding population of codecs and
audio formats. Too often, these preferences lead to the estab-
lishment of proprietary technologies as de facto standards
in a given segment of the market. That, in turn, produces a
stranglehold on developers and manufacturers.

SAFE, the proposal in this paper, is designed to coun-
teract the ascendancy of proprietary and IP-laden technolo-
gies. It not only supports multi-engine and multi-factor data
exchanges—it promotes the spread of such applications by
eliminating the need to support a plethora of formats, to con-
tend with data incompatibilities, or to be held hostage by the
owners of proprietary technologies.

In addition to interoperability, each step in the develop-
ment of SAFE was guided by the following concerns:

• Are there any interchange requirements not covered?
• Are there any important features missing in general?
• Will any formats lose important features when converted?
• Any other compelling reasons to add more formats to the

list?

3 Audio encapsulation standardization

Considering the various scenarios for the interchange of
speaker-recognition data, three separate goals are most
prevalent. Table 1 presents these conditions and the pro-
posed audio format(s) for each case. This section describes
the different cases in more detail.

Table 1 Audio interchange scenarios

Quality Format

Lossless Linear PCM (LPCM)

Amplitude Compression μ-law (PCMU) and

A-law (PCMA)

Aggressive variable OGG Vorbis

bit-rate compression

Streaming OGG Media Stream
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3.1 The uncompressed non-streaming case

Linear Pulse Code Modulation (LPCM) is the method of
choice for this kind of audio representation [3]. There is no
compression involved in either the amplitude domain or the
frequency domain. The bare-minimum information needed
in the header for this format is the number of channels, the
sampling rate and the sample size (in bits). Table 2 includes
this header data and some additional information. Microsoft
WAV is not included because it is not a format; it is more
of an encapsulation. WAV supports Linear PCM plus more
than 104 other audio formats, most of which are propri-
etary coder-decoders (codecs) and many of which use some
method of compression. Supporting WAV is tantamount to
is supporting all the codecs which WAV supports. That vi-
olates the fundamental goal of interoperability of the SAFE
proposal.

3.2 Amplitude compression with no streaming

Logarithmic PCM includes two algorithms which were pro-
posed in the G.711 ITU-T (International Telecommuni-

cation Union-Telecommunication Standardization Sector)

Recommendations of 1988 [10] operating at a sampling rate

of 8-kHz with 8-bits per sample (64-kbps) with extensions

to 80-kbps and 96-kbps as prescribed by the wide-band ex-

tension of G.711.1 [15].

In this scenario, the amplitude of the signal goes through

some logarithmic transformation to increase the dynamic

range of the signal. This conserves the number of bits

needed to represent a sample. These two algorithms have

been very effective techniques and have been used in tele-

phony applications for many years. In the G.711 μ-law

(PCMU) and A-law (PCMA) coding algorithms, each sam-

ple is coded to be represented by 8 bits with an 8-kHz sam-

pling rate which amounts to a bit rate of 64 kbps. These two

algorithms are known as PCMU and PCMA, respectively.

Most telephony products use either PCMU or PCMA for

capturing or recording audio. Supporting these algorithms

should cover a wide variety of speaker-recognition applica-

tions.

Table 2 Audio format header
Type Variable Description

U16 ByteOrder The value is 0xFF00 and it is set by the

audio file producer.

U16 HeaderSize Size of this header in bytes.

Boolean Streaming This will 0 for non-streaming and 1 for

streaming. This boolean variable is

redundant since the AF_FORMAT for

streaming audio is greater than 0x0FFF.

However, it is used for convenience.

U16 Compression Standard Data Compression Scheme.

U64 FileLengthInBytes In Bytes not including the header.

U64 FileLengthInSamples In Number of samples.

U16 AudioFormat See AF_FORMAT macros.

U16 NumberOfChannels Number of channels.

N.B., Channel data alternates.

U32 SamplingRate Sampling rate in samples per second. This is

the audio sampling rate and not necessarily

the sampling rate of the carrier which may

be variable.

U64 AudioFullSecondsOf It is the truncated number of seconds of audio.

U32 AudioRemainderSamples This is the number of samples of audio in the

remainder which was truncated by the above

variable.

U16 BitsPerSample Number of bits per sample, may be 0 for

formats which use variable bits.
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3.3 Variable bit-rate

These days, the first format that may come to mind is
MP3. Unfortunately, MP3 is a proprietary format with many
patents attached to it. In contrast, OGG Vorbis is an open-
source, variable bit-rate format which, in most cases, per-
forms as well as or better than MP3. Vorbis is the codec and
OGG [8, 12] is the encapsulating mean for delivering the
Vorbis codec [17]. There are also many open-source tools
available including a library called LibAO which is avail-
able from the XIPH Open-Source Community for free [19].

3.4 The streaming case

The OGG media stream [8, 12], capable of streaming au-
dio (and video) is included to cover the streaming case. It is
completely open-source and can be used with many codecs
including MP3. For the streaming case, though, it is recom-
mended that only OGG Vorbis be used in conjunction with
the OGG media stream.

3.5 Lossless compression

In most cases, speaker recognition applications may hesi-
tate to utilize any amplitude or otherwise variable bit-rate
lossy compression for fear of losing some features of the au-
dio signal. For these cases, the linear PCM (LPCM) would
be most suitable. However, the LPCM coding of the signal
may produce very large audio files. To make this encapsu-
lation standard more practical, several lossless compression
schemes were considered. Again, the same considerations
about using only open-source techniques led us to narrow-
ing down the options down to three possible techniques.
GnuZip of gzip, based on the Lempel-Ziv compression al-
gorithm [20], has been known and widely used for general
purpose compression for many years. Although this tech-
nique shows great performance, both in terms of size reduc-
tion and speed, it does have a flaw in its implementation and
that is the lack of error-recovery. This means that if a sin-
gle bit is displaced in a compressed file, the whole data is
unusable. For this reason, although we have used gzip as a
reference benchmark in Table 3, we do not recommend it for
inclusion in this standard.

As an alternative, the bzip2 compression based on
Burrows-Wheeler block sorting [4] and Huffman coding [9]
is considered as an acceptable compression technique. Ta-
ble 3 shows the performance of this technique with the de-
fault level 7 setting used in the compression and decom-
pression of a 44-kHz audio file. The results of Table 3 have
been reported in a normalized scale, where the size of the
uncompressed audio file is considered to be 1.0, the cod-
ing time for the file using gzip is 1.0 and the decoding time

Table 3 Lossless compression [14] performance for a single channel
44-kHz LPCM file—The uncompressed file size is used as the refer-
ence unit (1.0) and the speeds of coding and decoding using gzip have
been used as the reference units (1.0)

Compression Factor Size Coding Decoding

method time time

gzip 1.4 0.7 1.0 1.0

bzip2 2.0 0.5 1.4 3.2

FLAC 2.2 0.46 0.7 1.7

for decompressing the compressed gzip file is also consid-
ered to be 1.0. All other numbers in the table are reported
normalized according to the above reference values.

Although bzip2 performs well, there is another compres-
sion technique which was developed by the Xiph group (the
same group which is responsible for the development of
OGG). This library is also freely available for most plat-
forms from Xiph.org and is known as the Free Lossless Au-
dio Codec (FLAC) [6]. This compression technique takes
into account the fact that the compressed file is an audio file,
so its performance exceeds that of the more general purpose
compression libraries, gzip and bzip2. The performance of
compression using FLAC has been reported in Table 3. In
addition, [5] has done a comparison of most major lossless
compression techniques with FLAC and has shown that it
is the fastest lossless codec and its compression is within
3% of even the most complex codecs. It is important to
note that the compression ratios of most practical lossless
codecs is within 4% variability. Therefore, being the fastest
such codec, being simple to implement, and even more im-
portantly, being free convinced us to use it as the standard
lossless compression codec in SAFE. It also seems like we
are not alone in this conclusion [7] lists 30 home stereos, 2
automobile stereos, 23 Personal Digital Assistants (PDAs)
and 5 other types of music players that support FLAC. 66
known artists and labels have adopted FLAC for their dis-
tribution codec and close to 70 audio software tools support
FLAC [7].

4 Header

Table 2 contains the fields of the proposed data header. It
(in conjunction with Tables 4 and 1) constitutes the core of
this proposal. After the proposed header, the data format will
follow, either as a whole or in the form of a stream which
is handled by the OGG header immediately following the
proposed header.

In a typical session there may be different Instances of
audio which may have common information such as the
sampling rate, the sample size, the number of channels, etc.
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Table 4 Macros

Macro Value

AF_FORMAT_UNKNOWN 0x0000

AF_FORMAT_LINEAR_PCM 0x0001

AF_FORMAT_MULAW 0x0002

AF_FORMAT_ALAW 0x0003

AF_FORMAT_OGG_VORBIS 0x0004

AF_FORMAT_OGG_STREAM 0x1000

Table 5 Compression type

Macro Value

AF_COMP_NONE 0x0000

AF_COMP_BZIP2 0x0001

AF_COMP_FLAC 0x0002

This proposal assumes that any such feature will be set once
as a default value and that it may be overridden later on, per
instance, as the local instance information may change from
the overall session information.

ByteOrder is a two-byte, binary code which is written at
the time of the creation of the data. It is written as 0xFF00.
When the data is read, if it is read as 0xFF00, it means that
the machine reading the data has the same byte order as the
machine writing the data. If it is read as 0x00FF, it means
that the machine reading the data has a different byte order
than the machine writing the data and that triggers a byte-
swap which is applied to all subsequent information over
one-byte in length.

Compression is a two-byte macro identifier which desig-
nates the lossless compression applied to the audio data. The
possible values for this entry are given by Table 5.

FileLengthInSamples is a convenience measure for using
LPCM, PCMU and PCMA. For these cases, FileLengthIn-
Samples may be deduced from the FileLengthInBytes, Num-
berOfChannels, SamplingRate and BitsPerSample. It is not,
however, readily computable for formats with a variable bit-
rate compression. In order for it to be independent of the
information which may be embedded in the encapsulated
headers of OGG Vorbis, OGG Media Stream or any other
format which may be added in the future, this value is in-
cluded in the proposed header. Since FileLengthInSamples
is designed for convenience, it may be set to 0.

AudioFullSecondsOf and AudioRemainderSamples de-
fine FileLengthInSamples when the number of samples is
so large that an overflow may occur. AudioFullSecondsOf
is the total number of seconds (in integer form) where the
fractional remainder has been truncated. AudioRemainder-
Samples denotes the number of samples remaining in that

truncated remainder. For example, if the total audio is 16.5
seconds long and if the sampling rate is 8-kHz, then Au-
dioFullSecondsOf will be 16. The truncated remainder will
then be 0.5 seconds which multiplied by 8000-Hz will pro-
duce 4000 samples which means the value of AudioRemain-
derSamples is 4000. This method of handling of the total
number of seconds of audio avoids the use of floating point
numbers which are most problematic in cross-platform in-
terchanges. It also supports very long files where specifying
the total number of samples can lead to an overflow.

5 Current status and future direction

The SAFE methodology was incorporated into the ANSI/
INCITS 456 [1] draft standard which is currently undergo-
ing a public review. ANSI/INCITS 456 is designed to be
encoded in XML. Some of the vendors and integrators of
speaker identification and verification wish to use SAFE in
binary environments.

In order to facilitate this, we are working with Charles
Johnson of the VoiceXML Forum’s Speaker Biometrics
Committee to develop a conversion tool. One version of the
tool has already been created. Mr. Johnson is currently port-
ing it to C++.

This work has also been recommended to the World Wide
Web Consortium’s Voice Browser Working Group (VBWG
of the W3C) to be considered either as a complete stan-
dard or as a minimum requirement in the next version of
its VoiceXML Standard (Version 3.0).

There are plans to include speaker identification and ver-
ification in that version of VoiceXML which, to date, has
supported speech recognition, text-to-speech synthesis, and
touch tone. We would like to see SAFE included in the
planned speaker-recognition module.

SAFE has also been incorporated into the current work-
ing draft of “Biometric Data Interchange Formats—Part 13:
Voice Data,” designated as ISO/IEC Project 19794-13 [11].

6 Experimental results

In determining the suitability of the chosen codecs for
speaker recognition, one must examine the effect of any
lossy algorithms used in the process of storing and transmit-
ting the audio. SAFE allows a combination of lossless and
lossy codecs. It is apparent that lossless compression, by de-
finition, does not modify the results of a speaker recognition
system. Since the only lossy codec recommended in SAFE
is the OGG Vorbis codec, its effects have been studied here
to determine any degradation it may cause. In [2], an exper-
iment in studying and treating time-lapse effects in speaker
recognition was reported. In this study, the RecoMadeEasy�



H. Beigi, J.A. Markowitz

Table 6 Acronyms and
abbreviations Acronym Description

ANSI American National Standards Institute

FLAC Free Lossless Audio Codec

INCITS InterNational Committee for Information

Technology Standards

ISO International Organization for Standardization

JTC Joint ISO/IEC Technical Committee

SC Subcommittee

SIV Speaker Identification and Verification

VBWG Voice Browser Working Group

WG Workgroup

U8,U16, U32,U64 Unsigned 8, 16, 32 or 64-bit storage

Fig. 1 Identification results using no adaptation, data augmentation
and map adaptation

Speaker Recognition engine of Recognition Technologies,
Inc. was used to report the effects of time-lapse on identifi-
cation and verification results. Each of the 22 speakers in the
report provided 3 recording sessions. The enrollment data
was extracted from the first session. A supplemental amount
of data from the first session was used as the base result and
data from the second and third sessions were used for deter-
mining the effects of time-lapse. Figures 1 and 2 show the
results of identification and verification that were reported
in [2]. Here, to test the lossy effects of the Vorbis encoding,
the same data that was used to produce Figs. 1 and 2 was first
encoded using OGG Vorbis with a nominal bitrate of 128
kbps. Then, the audio was decoded back to Linear PCM and
used to enroll, identify and verify the new audio files in the
same manner as described in [2]. The results were identical.
The same errors were repeated with the encoded/decoded
audio files as with the original run reported in Figs. 1 and 2.
This shows that the losses associated with the Vorbis codec

Fig. 2 Verification results using MAP adaptation

are quite nominal and do not affect the results of speaker
recognition significantly.

7 Conclusion

This paper has addressed the growing need for interop-
erability to support diverse speaker recognition applica-
tions running on heterogeneous devices and platforms and
utilizing multi-vendor and multi-factor designs. We have
demonstrated how a small set of well-established, and
widely-used, open standards can be utilized to accomplish
this goal. We call our implementation of this approach,
SAFE.

The authors recognize that acceptance of SAFE or any
proposal of this type may meet some resistance for reasons
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that are more related to legacy than to technology. For exam-
ple, companies that have made a practice of recording and
storing audio using a variety of codecs supported by some
incarnation of the WAV encapsulation or popular proprietary
formats, such as MP3, may hesitate to accept the idea of con-
verting their files to the standard formats supported by this
proposal. This concern is a common source of resistance to
standards of all types. We contend that our standards-based
approach provides significant benefits, including enhancing
the ability of developers and others to overcome changes in
speaker-recognition technology and vendors.

Through the authors’ efforts, SAFE is being incorporated
into audio-interchange, draft standards for speaker recogni-
tion. It is a component of INCITS 456 [1] of the American
National Standards Institute/International Committee for In-
formation Technology Standards (ANSI/INCITS) which is
in final INCITS management review. It is part of the stan-
dard being developed by the International Standards Or-
ganization/International Electrotechnical Commission Joint
Technical Committee 1 Subcommittee 37 (ISO/IEC
JTC1/SC37) Project 19794-13 (Voice Data) [11]. It has
also been recommended to the Worldwide Web Consortium
(W3C) Voice Browser Working Group for incorporation into
Version 3 of its VoiceXML API standard.
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