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Abstract. In this paper, a packet loss robust speech streaming technique is proposed to improve the perceived speech quality (PSQ) of a speech streaming
system. To this end, the proposed technique estimates PSQ for the received
speech data, and then determines a proper redundant speech transmission
mode in terms of the amount and bit-rate of the redundant speech. According
to this decision, the proposed technique conducts rate control using a scalable
speech coder to transmit primary and redundant speech data within the
equivalent transmission bandwidth. To guarantee seamless PSQ, despite the
speech bandwidth changing from narrowband to wideband due to the rate
control, a bandwidth extension technique is incorporated. The effectiveness of
the proposed technique is then demonstrated using ITU-T Recommendation
G.729.1 as a scalable speech coder. It is shown from the experimental results
that the proposed technique significantly improves PSQ under various packet
loss conditions.
Keywords: Redundant speech transmission, Speech quality estimation, Bandwidth extension, ITU-T Recommendation G.729.1

1 Introduction
As audio and video streaming services are increasingly being extended to wireless
networks, the quality of service becomes even more critical. In particular, speech
streaming services such as e-learning require a minimum level of speech quality.
However, when speech streaming is performed over wireless networks, packets may be
lost due to variable network constraints [1]. Thus, this paper proposes a packet loss
robust speech streaming (LR-SS) technique that conducts adaptive redundant speech
transmission (ARST) based on the estimation of the perceived speech quality (PSQ). In
addition, bandwidth extension of speech from narrowband to wideband is incorporated
in the proposed LR-SS technique to overcome the degradation of seamless PSQ when
the speech bandwidth varies due to rate control conducted for ARST.
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Fig. 1. Packet flow of a speech streaming system employing the proposed packet loss robust speech
streaming technique.

2 Proposed Packet Loss Robust Speech Streaming
Fig. 1 shows a packet flow of a speech streaming system that employs the proposed
LR-SS technique. The sender side generates bitstreams of primary and redundant
speech data, PSD(n) and RSD(n), using a scalable speech encoder according to
the redundant speech transmission (RST) mode. The RST mode is determined by the
estimated PSQ delivered from the receiver side as feedback information. After combining PSD(n) and RSD(n) in the payload, the RTP packet, PKT(n), is sent to
the receiver side. At the receiver side, PSD(n), is extracted from the payload of the
received RTP packet. If RSD(n) exists in the payload, then this bitstream is stored
for use during future packet loss recovery. PSD(n) is then decoded using a scalable
speech decoder, and this decoded speech is used to estimate PSQ. The PSQ of the n-th
speech frame, Q(n), is then estimated as a five-point mean opinion score (MOS).
A low-delay non-intrusive method of speech quality assessment, which is a simplified and low-delay version of the ITU-T Recommendation P.563 [2], is proposed in
this paper. The RST mode, M(n), is determined in terms of the number of RSD
frames according to
0,if0(k) OQi 2, if
M(n)= O(k) < 9Q2 1,
otherwise

(1)

where 9Q1 and °Q2 are the predefined thresholds for Q(n).
In addition, bandwidth extension from narrowband to wideband is performed using
two different approaches that are applied to the 4-4.6 kHz and 4.6-7 kHz bands,
respectively. Specifically, the 4-4.6 kHz band is extended through harmonic spectral
band replication and correlation-based replication techniques [3], while the 4.6-7 kHz
band is extended using a spectral folding technique [4].
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Table 1. Speech quality measured in MOS using WPESQ for the different packet loss
recovery techniques under PLRs ranging from 0% to 24%.
PLR (%)

Technique
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Avg.

Decoder-based PLC technique 4.12

3.61 3.36 3.15 2.97 2.82 2.65 2.63 2.50 3.09

RST technique

3.88

3.84 3.86 3.78 3.64 3.51 3.45 3.37 3.21 3.62

Proposed LR-SS technique

4.12

3.81 3.81 3.75 3.67 3.61 3.64 3.63 3.45 3.72

3 Performance Evaluation
In order to demonstrate the effectiveness of the proposed LR-SS technique, a speech
streaming system was implemented using the ITU-T Recommendation G.729.1 [5].
The bit-rate of the PSD bitstream was set at 32 kbit/s if M(n) was 1. If M(n) was
2, bit-rates for both the PSD and RSD bitstreams were all set at 16 kbit/s. If M(n)
was 3, the bit-rate of the PSD bitstream was set at 16 kbit/s and that for the two RSD
frames were set at 8 kbit/s. In addition, 9 and 9Q2 were set at 4.26 and 4.10
MOS, respectively, according to the results of a preliminary experiment.
To compare the speech quality, two conventional packet loss recovery techniques
were implemented: an RST technique [6] and a decoder-based PLC technique [7]. The
RST technique encoded speech signals using the ITU-T Recommendation G.729.1
encoder at a fixed rate of 16 kbit/s with the RSD bitstream of 16 kbit/s, but the decoder-based PLC technique encoded speech signals using the ITU-T Recommendation
G.729.1 encoder at 32 kbit/s with no RSD bitstream. In this experiment, 40 speech
utterances were selected from NTT-AT database [8]; each utterance was about 4 sec
long and was sampled at a rate of 16 kHz. To evaluate speech quality, the wideband
perceptual evaluation of speech quality (WPESQ) defined in the ITU-T Recommendation P.862.2 [9] was used. For the packet loss conditions, packet loss rates (PLRs)
from 0% to 24% at a step of 3% were generated using the Gilbert-Elliott channel
model defined in the ITU-T Recommendation G.191 [10].
Table 1 compares the quality of the speech recovered using the different packet loss
recovery techniques under different PLRs. As shown in the table, the proposed LR-SS
technique yielded an average speech quality of 3.72 MOS, which was higher than that
yielded by the PLC and the RST techniques by as much by as 0.63 and 0.1 MOS,
respectively.

4 Con cl u si on
In this paper, a packet loss robust speech streaming technique was proposed to transmit redundant speech according to the estimated PSQ under the current network condition. The PSQ was estimated for the received speech data in terms of MOS using a
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low-delay non-intrusive method of speech quality assessment. In addition, bandwidth
extension was conducted as a post-processing technique to guarantee seamless PSQ
despite variation in the speech bandwidth from wideband to narrowband generated by
the rate control. It was shown from the experiments that the proposed technique increased average WPESQ scores under different PLRs in comparison to the conventional techniques.
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