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Speech Coding Super-Wideband

VoIP

High-quality Speech Coding
The high-quality speech coding is a super-wideband speech coding technique for
providing high-quality VoIP services in a high-speed wireless communication environment, and was developed in collaboration with DoCoMo Communications Laboratories USA, Inc. This technology encodes and transmits nearly all of the frequency components of the human voice to allow easily-understood communication
with a sense of presence.
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*1 AMR: A mandatory speech coding for ThirdGeneration mobile communication defined by
3GPP. It allows flexible variation of the transmission rate according the type and condition of networks.

*2 Smartphone: A mobile terminal equipped with
the functions of a mobile data terminal.
*3 Super 3G: A high-speed wireless access system
that is an extended Third-Generation mobile communication system. Standardization by 3GPP is in
progress as Long Term Evolution (LTE).

*4 G.711: 64-kbit/s PCM telephone band speech
coding recommended by International Telecommunication Union-Telecommunication Standardization Sector (ITU-T) (See *5).

for VoIP
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Table 1 VoIP codec specifications
G.711

G.729 Annex A

G.722.1

G.722.1 Annex C

AAC-LD

Sampling frequency (kHz)

8

8

16

32

32 to 48

Bit rate (kbit/s)

64

8

24, 32

24, 32, 48

32 to 64

—

10

20

20

10 to 16

works and applications. The values of

0.125

15

40

40

20 to 32

frame length and algorithmic delay in the
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2.2 High-quality Speech Coding
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Table 2 High-quality speech coding specifications
22.05

Sampling frequency (kHz)

32

48 to 64

Bit rate (kbit/s)

11.61

8

23.22
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in VoIP applications as well. Its extended
*11
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Figure 1 Basic structure of the high quality speech coding

*12

version of the AAC [6] codec used in

*5 PCM: A coding algorithm in which the signal
amplitude sampled at the sampling frequency is
expressed as a binary number.
*6 Algorithmic delay: The time required for processing by the coding algorithm regardless of hardware performance of computation and transmission.
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*7 Packet loss concealment: A function for concealing the speech distortion caused by packet loss.
*8 G.729**: The 8-kbit/s narrowband CELP speech
coding recommended by ITU-T (See *10). A
compatible low-complexity version is defined as
Annex A.

®

*9 Hypertalk : Registered trademark of
NTT DoCoMo.
*10 CELP: A speech coding algorithm that compares
the input speech to a signal synthesized by standard patterns and transmits the indices of the pattern generating the closest synthetic signal.
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3. High-quality VoIP
Prototype Software
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2.3 Verification of the Subjective Speech
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Quality of the High-quality Speech Coding
To verify the subjective speech quality
Test method

MUSHRA

ducted subjective evaluation experiments.

Number of subjects

19

The test conditions are shown in Table 3.

Reference speech
(sampling frequency)

Original speech (32 kHz)

In the MUlti Stimulus test with Hidden

Encoded speech
(bit rate/sampling frequency)

High-quality speech coding (48, 64 kbit/s, 22.05 kHz)
AAC-LC (64 kbit/s, 48 kHz)
G.722.1 Annex C (48 kbit/s, 32 kHz)

method, the subjects are presented with a

Band-limited speech

7-kHz bandwidth, 3.5-kHz bandwidth

reference signal (original), the signals to

Listening system

Headphones (both ears)

Reference and Anchor (MUSHRA)[7]

*11 G.722.1**: An audio coding recommended by
ITU-T. A fixed-point implementation of the 7kHz bandwidth and the 14-kHz bandwidth modes
is defined as Annex C.
*12 AAC**: An audio coding specified by International Organization for Standardization/Interna-
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Table 3 Experimental conditions

of the high-quality speech coding, we con-

tional Electrotechnical Commission (ISO/IEC).
AAC-LC is a profile that reduces the computational complexity of the main profile. A low-delay
extension that allows two-way communication is
also specified as AAC-LD.

*13 Auditory property: The property that it is difficult to perceive the noise in a frequency region
near the region in which the input signal power
spectrum has large power.
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