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Abstract. In this paper, a smart error protection (SEP) scheme is proposed to 
improve speech quality of a portable digital speech streaming (PDSS) system 
via a lossy transmission channel. To this end, the proposed SEP scheme 
estimates the perceived speech quality (PSQ) for received speech data, and then 
transmits redundant speech data (RSD) in order to assist speech decoder to 
reconstruct lost speech signals for high packet loss rates. According to the 
estimated PSQ, the proposed SEP scheme controls the RSD transmission, and 
then optimizes a bitrate of speech coding to encode the current speech data 
(CSD) against the amount of RSD without increasing transmission bandwidth. 
The effectiveness of the proposed SEP scheme is finally demonstrated using 
adaptive multirate-narrowband (AMR-NB) and ITU-T Recommendation P.563 
as a scalable speech codec and a PSQ estimator, respectively. It is shown from 
experiments that a PDSS system employing the proposed SEP scheme 
significantly improves speech quality under packet loss conditions. 

Keywords: Portable digital speech streaming systems, packet loss, error 
protection, perceived speech quality, redundant speech transmission. 

1   Introduction 

Due to the rapid development of Internet protocol (IP) networks over the past few 
decades, audio and video streaming services are increasingly available via the 
Internet. Moreover, as these services are extended to wireless networks, the quality of 
service (QoS) of audio and video streaming is becoming even more critical. 
Specifically, portable digital speech streaming (PDSS) systems require a minimum 
level of speech communication quality, where the speech quality is largely related to 
the network conditions such as packet losses or end-to-end packet delays [1]. When 
the speech streaming is performed via user datagram protocol/IP (UDP/IP) networks, 
however, packets may be lost or arrive too late for playback due to inevitable delays. 
In this case, a typical PDSS system can only tolerate a few packet losses for real-time 
services, where these packet losses frequently occur in wireless networks due to 
bandwidth fluctuations [2]. 
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Several packet loss recovery methods, implemented via the Internet and wireless 
networks, have been proposed for the speech streaming systems. For instance, the 
techniques proposed in [3] and [4] were sender-based packet loss recovery methods 
using forward error correction (FEC). In regards to wireless networks, the techniques 
proposed in [5] and [6] were based on unequal error protection (UEP) methods. In 
addition, the modified discrete cosine transform (MDCT) coefficients of audio signals 
were used as the redundant data in order to assist an MP3 audio decoder to reconstruct 
lost audio signals [7]. However, these methods did not take into account time-varying 
network conditions, i.e., packet loss rate (PLR). That is, in order to recover the lost 
packets based on the conventional FEC methods, the redundant data should be 
designed to be transmitted constantly even if the network conditions are declared as 
no packet losses.  

Therefore, a smart error protection (SEP) scheme is needed that recovers packet 
losses efficiently according to the time-varying characteristic of PLR. Towards this 
goal, this paper proposes an SEP scheme that transmits redundant speech data (RSD) 
adaptively according to the estimation of perceived speech quality (PSQ). To this end, 
the PSQ estimation is performed in real-time for received speech data by using a 
single-ended speech quality assessment. Simultaneously, the PLR is estimated by a 
moving average method. In addition, a real-time transport protocol (RTP) payload 
format is newly suggested as a means of supporting the proposed SEP scheme. In 
other words, a speech packet combines the bitstreams of the current speech data 
(CSD) and the RSD when the PLR is assumed to be high by the estimated PSQ and 
PLR. Thus, even if a speech packet is lost, the speech decoder can reconstruct the lost 
speech signal by using the RSD bitstreams from the previous packet. On the other 
hand, when the PLR is assumed to be low by the estimated PSQ and PLR, a speech 
packet is organized using the CSD bitstreams alone that are encoded by a higher 
bitrate. The effectiveness of the proposed SEP scheme is finally demonstrated by 
using the adaptive multirate-narrowband (AMR-NB) speech codec [8] and ITU-T 
Recommendation P.563 [9] as a scalable speech codec and a single-ended speech 
quality assessment, respectively. 

The remainder of this paper is organized as follows. Following this introduction, 
Section 2 presents the structure of a PDSS system based on the proposed SEP scheme 
and the RTP payload format for the proposed SEP scheme. Next, Section 3 describes 
the proposed SEP scheme in detail, and the performance of the proposed SEP scheme 
is discussed in Section 4. Finally, Section 5 concludes this paper. 

2   A Portable Digital Speech Streaming System 

2.1   Overview 

A PDSS system extends traditional speech communication services over a public 
switched telephone network (PSTN) to wireless networks in order to provide various 
mobile communication services. To this end, the PDSS system samples a continuous 
speech signal to discontinuous speech frames, and it encodes the speech frames to 
bitstreams at a lower bitrate by using a compression algorithm. Then, it transmits the 
bitstreams using a real-time streaming protocol after packetizing. Meanwhile, at the 
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Fig. 1. Packet flow for a PDSS system employing the proposed SEP scheme, where Subsystems 
A and B represent the two communication parties 

opposite PDSS system, the arriving packets are unpacketized to bitstreams, and the 
bitstreams are decoded to the speech frames. Finally, these speech frames are sent to 
an output device.  

Fig. 1 shows a packet flow for the PDSS system implemented in this paper, where 
Subsystems A and B represent both parties of the speech stream communication 
employing the proposed SEP scheme. First, the sender side of Subsystem A performs 
scalable speech encoding for the input speech frame. Next, the sender side generates a 
packet according to an RTP payload format, where the packet includes the CSD 
bitstreams with the decision result whether or not the RSD transmission is needed. 
Note here that the RSD bitstreams should be incorporated in this payload when the 
RSD transmission is requested by Subsystem B. After that, the formatted RTP packet 
is transmitted.  

Meanwhile, as the RTP packet arrives at the receiver side of Subsystem B, the 
receiver side analyzes the received packet according to the RTP payload format, and 
then extracts the CSD bitstreams and the decision result. In the case that the RTP 
payload format includes the RSD bitstreams, the RSD bitstreams are used to recover a 
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lost packet in the future. Next, the extracted CSD bitstreams are decoded using a 
scalable speech decoder and the decoded speech frames are stored in a speech buffer to 
be used for the PSQ estimation. Finally, the decision result regarding the RSD 
transmission is inserted into a RTP packet before a speech frame is sent to Subsystem A. 

2.2   RTP Payload Format 

As mentioned in Section 2.1, a PDSS system employing the proposed SEP scheme 
can have an indicator for a scalable bitrate of speech coding. Moreover, in order to 
deliver the feedback information from Subsystem A to Subsystem B, and vice versa, 
there should be any fields reserved in the format to accommodate the transmission of 
RSD bitstreams and feedback information. Thus, we first select the RTP payload 
format defined in IETF RFC 3267 for the AMR-NB speech codec [10], as shown in 
Fig. 2.  

1 2 3 4 byte0

Speech frame 1

QF FTQFCMR FT …

PPPP…

…

Speech frame N

 

Fig. 2. Example of the RTP payload format for AMR-NB speech codec defined in RFC 3267 

In the payload format, an ‘F|FT|Q’ sequence of control fields is used to describe 
each speech frame. Note here that a codec mode request (CMR) field is applied to the 
entire speech frame. In other words, a one-bit F field indicates whether this frame is to 
be followed by another speech frame (F=1) or if it is the final speech frame (F=0). In 
addition, an FT field, comprised of 4 bits, then indicates if this frame is actually coded 
by a speech encoder or if it is just comfort noise. That is, a number in this field is 
assigned from 0 to 7, corresponding to encoding bitrates of 4.75, 5.15, 5.90, 6.70, 
7.40, 7.95, 10.2, and 12.2 kbit/s, respectively. However, if comfort noise is encoded, 
the assigned number ranges from 8 to 11. Note that the number 15 indicates the 
condition that there is no data to be transmitted, and that the numbers 12 to 14 are 
reserved for future use. Next, a Q field, indicating the speech quality with one-bit, is 
set at 0 when the speech frame data is severely damaged; otherwise, it is set at 1. 
Finally, the CMR field, comprised of 4 bits, is used to deliver a mode change signal to 
the speech encoder. For example, it is set to one out of eight encoding modes, 
corresponding to different bitrates of AMR-NB speech codec. At the end of the 
payload, P fields are used to ensure octet alignment. In order to realize the proposed 
SEP scheme in this payload format, two new frame indices for the RSD bitstreams 
and the feedback information are incorporated into the FT field, which are denoted 
using the numbers 12 and 13, respectively.  

The use of the RTP payload format described above has several advantages. First, 
the control ability for a speech encoder, such as the CMR field, is retained by using the 
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RTP payload format for the speech codec employed in the implemented PDSS system. 
Next, the overhead of the control fields for each RSD bitstreams is required to be as 
small as 6 bits in ‘F|FT|Q’. Finally, no additional transport protocol for the RSD 
transmission request is needed since this feedback is conducted using RTP packets that 
are used to deliver the speech bitstreams. Therefore, the transmission overhead for the 
RSD transmission request is significantly reduced, compared to existing transport 
protocols designed for feedback such as the RTP control protocol (RTCP) [11]. 

3   Proposed Smart Error Protection Scheme 

3.1   Packet Loss Recovery and PSQ Estimation at the Receiver Side 

Fig. 3 presents the procedure of packet loss recovery with the PSQ estimation at the 
receiver side of a PDSS system employing the proposed SEP scheme. First, a packet 
loss occurrence is verified through RTP packet analysis. Then, the received CSD 
bitstreams are decoded if it is decided that there is no packet loss. On the other hand, 
if it is decided that there is a packet loss, the lost speech signals are recovered by 
using the RSD bitstreams or by using the packet loss concealment (PLC) algorithm in 
the speech decoder, depending on the availability of the RSD bitstreams. Finally, the 
speech decoder reconstructs the speech frame data from the CSD bitstreams, and 
estimate PSQ and PLR with speech data once the amount of speech frames is enough 
to estimate a PSQ score. 
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Fig. 3. Procedure of the packet loss recovery with the PSQ estimation at the receiver side 
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Fig. 4. Overlap of speech frames for the PSQ estimation at the receiver side 

For the PSQ estimation, the speech data in a speech buffer are used by 
overlapping, as shown in Fig. 4. In the figure, )(ˆ ms is the m-th speech frame input to 

the speech buffer, N is the total number of frames to be used for the PSQ 
estimation, and P is the number of frames to be overlapped for the next PSQ 
estimation. In other words, the PSQ estimation is conducted when every (N-P) 
frames are newly received from the opposite PDSS system. In addition, the 
estimated PLR, ),(ˆ kL  is obtained by moving average for the previous PLR, ),1( −kL  

with the average PLR, ),1:0( −kL as 
 

)1()1:0()1()(ˆ −+−−= kLkLkL αα                                         (1) 
 

Finally, it is decided whether or not requesting the RSD transmission by comparing 
the estimated PSQ and PLR with each threshold. That is, the request for the RSD 
transmission, ),(kRSD is set to true or false according to the equation of 
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kRSD

,

)(ˆ)(ˆ,
)( 21                          (2) 

 

where )(ˆ kQ  is the estimated PSQ score, and 1Thres  and 2Thres  are threshold for 

)(ˆ kQ  and )(ˆ kL , respectively. 

3.2   Scalable Speech Coding and RSD Transmission at the Sender Side 

Fig. 5 shows the procedure how to transmit scalable speech coding bitstreams and the 
RSD bitstreams at the sender side for the proposed SEP scheme. First, for given 
feedback information transmitted from the opposite PDSS streaming system, the 
sender side verifies the request for the RSD transmission and changes the bitrate of 
scalable speech coding according to the request. In other words, when the RSD 
transmission is not requested, the bitrate is set at the highest bitrate and then the CSD 
bitstreams are encoded alone with no additional RSD bitstreams. On the other hand, 
when the RSD transmission is requested, the bitrate is set at smaller bitrate than the 
current bitrate in order to assign the remaining bitrate for the RSD transmission. Thus, 
both of the CSD and RSD bitstreams are encoded. Finally, after the RTP payload 
format described in Section 2.2 is configured according to such adaptive RSD 
transmission, the RTP packets are transmitted to the opposite PDSS system. 
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Fig. 5. Procedure of the scalable speech coding and the adaptive RSD transmission at the 
sender side 

As described above, we can several advantages of the proposed SEP scheme  
as follows. First, the adaptive operation of the packet loss recovery according to  
the network conditions is effective since burst packet losses generally occur when the 
network is congested due to a sudden increase in the amount of data coming to the 
network [4]. Second, compared to the conventional redundant data transmission 
(RDT) methods that require additional network overhead, the proposed SEP scheme 
generates redundant data without increasing the transmission bandwidth by 
controlling the bitrate of a scalable speech codec. Third, in order to estimate the 
network conditions, the proposed SEP scheme conducts the estimation of PSQ. This 
is motivated by the fact that the PSQ measured as a mean opinion score (MOS) can be 
considered to be a clearer indicator of the speech quality than other parameters in the 
PDSS system.  

4   Performance Evaluation 

In order to demonstrate the effectiveness of the proposed SEP scheme, the PDSS 
system was first implemented by using the AMR-NB speech codec and the ITU-T 
Recommendation P.563 as a scalable speech codec and a PSQ estimator, respectively. 
Here, the speech signals were sampled at 8 kHz, and then encoded using the AMR-
NB speech codec operated at 10.2 kbit/s. Thus, when the RSD transmission was 
needed, the bitrate of the CSD and RSD was set at 4.75 kbit/s, which was almost half 
the bitrate of 10.2 kbit/s. By considering the requirements of the ITU-T 
Recommendation P.563, N in Fig.4 was set to 200 frames for the PSQ estimation, 
which corresponded to 4 seconds. Moreover, P was set to 150 frames, thus the PSQ 
estimation was conducted whenever every new 50 frames were received. For the PLR 
estimation, we carried out performance evaluation of the proposed SEP scheme with 
the different value of α in Eq. (1), and then we set α to 0.4. Similarly, the thresholds 
for the estimated PSQ and PLR in Eq. (2), 1Thres and 2Thres , were set to 4.0 MOS and 

5%, respectively. 
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In the test, 48 speech files from NTT-AT speech database [12] were used, where 
each speech file was about 4 seconds long and sampled at a rate of 16 kHz. These 
speech signals were first filtered using a modified intermediate reference system 
(IRS) filter followed by an automatic level adjustment [13]. Then, the speech signals 
were down-sampled from 16 to 8 kHz. In order to show the effectiveness of the 
proposed SEP scheme under different PLRs including burst loss characteristics, we 
generated five different PLR patterns of 3, 5, 7, 9 and 11% by using the Gilbert-Elliot 
channel model defined in the ITU-T Recommendation G.191 [13]. Here, the 
burstiness of the packet losses was set at 0.5, and the mean and maximum consecutive 
packet losses were measured at 1.5 and 4.0 frames, respectively.  

In order to demonstrate the effectiveness of the proposed SEP scheme, the speech 
quality of the PDSS system with the proposed SEP scheme was compared to that of 
the PDSS system with the regular RDT. The regular RDT was designed to transmit 
the RSD regularly for each speech frame by encoding the CSD and RSD bitstreams at 
a bitrate of 4.75 kbit/s in order to evaluate the performance without increasing 
transmission bandwidth. 

In addition, the speech quality of the PDSS system by the PLC algorithm without 
the proposed SEP scheme or the regular RDT was also evaluated, where the PLC 
algorithm was operated at the highest bitrate of 10.2 kbit/s. Note here that the PLC 
algorithm embedded in the AMR-NB speech decoder was always applied without 
regarding to the RSD transmission. As the evaluation method for the recovered 
speech quality, the perceptual evaluation of speech quality (PESQ) defined in the 
ITU-T Recommendation P.862 [14] was used.  

Table 1. Speech quality measured in MOS using PESQ for the different packet loss recovery 
methods, under PLRs ranging from 3 to 11% 

 MOS Score    PLR (%) 
Average 

 Method  0 3 5 7 9 11 
Without the regular RDT 3.70 3.16 2.97 2.83 2.61 2.52 2.96 
With the regular RDT 3.14 3.07 2.97 2.91 2.80 2.78 2.94 
With the proposed scheme 3.70 3.16 2.93 2.87 2.71 2.72 3.01 

 
Table 1 compares speech quality measured in MOS using PESQ for the different 

packet loss recovery methods, under PLRs ranging from 3 to 11%. As shown in the 
table, the proposed SEP scheme first improved the speech quality for low PLRs as the 
PLC algorithm without using regular RDT did. In addition, the proposed SEP scheme 
provided better performance than without the regular RDT as the regular RDT did for 
high PLRs. Consequently, the proposed SEP scheme yielded the average speech 
quality of 3.01 MOS, which was 0.07 MOS higher than the regular RDT. 

5   Conclusion 

In this paper, we proposed a new smart error protection (SEP) scheme that guaranteed 
the speech quality without increasing transmission bandwidth for a portable digital 
speech streaming system (PDSS). To this end, the proposed SEP scheme was 
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designed to transmit redundant speech data (RSD) according to the estimation results 
for the perceived speech quality (PSQ) and packet loss rate (PLR), where a single-
ended speech quality assessment and a moving average method were used to estimate 
PSQ and PLR, respectively. The proposed SEP scheme was applied to the receiver 
and sender sides of a PDSS system. In other words, the receiver side of the PDSS 
system first decided the RSD transmission based on the estimation of PSQ and PLR, 
and then sent feedback information on the decision result to the opposite PDSS 
system via real-time transport protocol (RTP) packets for speech bitstreams. On the 
other hand, the sender side of the PDSS system controlled the RSD transmission 
according to the received feedback, and subsequently optimized the speech coding 
bitrate in order to maintain the equivalent transmission bandwidth despite of the RSD 
bitstreams. Finally, we evaluated the speech quality recovered by the proposed SEP 
scheme under PLRs and compared it with that of the conventional redundant data 
transmission (RDT) method. From the results, the proposed SEP scheme improved 
the speech quality from 2.94 to 3.01 MOS compared than the conventional method for 
the PLRs ranged from 3% to 11%. Consequently, the proposed SEP scheme could be 
applied to the PDSS streaming systems in order to improve the speech quality 
degraded due to packet losses efficiently.  
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