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摘要 

I 

摘  要 

 随着电视广播的数字化，为了保持数字视频与数字音频的同步，将数字音频

及其他辅助数据按规定的方式嵌在数字视频信号的行消隐期间，使数字视音频成

为统一的整体。数字演播室中，在节目制作时需要对数字音频进行监听，这就需

要利用音频解嵌设备将数字音频从数字视频中提取出来，并经过数模转换设备，

实现声音的播放。 

 监听通常只是关心各声道音频的音量大小，用人耳监听多路音频的传统方法

就显得低效且不方便。为了实现用人眼直观地监看多路音频的功能，本文设计了

一套系统，它除了能够对指定声道的音频进行播放，还能够将嵌入在标清和高清

数字视频中的 16 路声道音频的音量电平大小以图像形式显示。 

 文中首先分析了数字音频在数字视频中的嵌入原理，并解析了高清数字视频

中音频嵌入所遵循的标准，在此基础上得出音频解嵌的原理及基本流程；接着，

结合实际的应用需求，比较分析了系统的两种硬件设计方案，并选取合适的方案

通过仿真指导并实现了系统的各个硬件模块；最后，在该硬件系统的核心模块

FPGA 上实现了数字音频解嵌系统，将 16 路声道的音频数据从数字视音频流中

提取出来，把需要监听的声道的音频数据以 I
2
S 格式送给数模转换电路，同时，

比较了多种音量电平的计量方法，提出并实现了一种针对数字音频的音量计算方

法，将计算得到的 16 路声道的音量电平值予以输出显示，该方法具有响应速度

快、转换精度高以及便于观察等优点；调试结果表明，本文设计的系统实现了对

数字音频的监听监看功能，能够满足实际应用需求。 

 

关键词：数字演播室；音频解嵌；音量电平 
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Abstract 

III 

Abstract 

 As the digitization of television broadcast, in order to keep synchronous between 

digital video and digital audio, digital audio and other ancillary data are embedded 

into horizontal blanking intervals of the digital video signal in a certain manner, 

which combines video and audio into one digital signal. In the production of 

television programs in digital studio, digital audio need to be monitored, so it should 

be demuxed from digital video signal firstly, and then converted to analog audio 

signal for playing. 

 Usually, only the volume of each audio channel is concerned. Traditional method 

in which multiple channels of audio should be monitored by human ears is very 

ineffective and inconvenient. A system is designed in this thesis to monitor multiple 

channels’ audio visually by human eyes. The system can play the audio of selected 

channel, and also it shows volume level in image for 16 channels’ audio embedded in 

standard and high definition digital video. 

 In the thesis, firstly, the audio embedding principle and embedding standard are 

analyzed, and then the basic processes of audio demuxing are obtained based on these 

theories. Secondly, the requirements of application are analyzed, and two designs of 

system hardware are compared, then the appropriate design is simulated and 

implemented. Finally, a digital audio demuxing system is implemented on the FPGA 

module which is the core module of the hardware. It can demux 16 channels’ digital 

audio data from digital video, then pass the audio data of selected channel in I
2
S 

format to digital-analog conversion circuit, meanwhile a volume level calculation 

method for digital audio is proposed and implemented on FPGA after comparing 

many volume level measure methods. The method has the advantages of fast response, 

high accuracy and easy observation. The calculated volume level of 16 channels’ 

audio is then outputted to the display circuit. The experimental results show that the 

system can meet the application requirements. 

 

Keywords: digital studio; audio demuxing; volume level 
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